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Preface

WAIM 2004, Dalian (China), 15–17 July, was hosted by Northeastern Univer-
sity, China and Dalian University of Technology, China in cooperation with
the Database Society of CCF. It was the International Conference on Web-Age
Information Management. WAIM 2004 brought together participants from uni-
versities, industry, and government to present, discuss, and address both current
issues and novel approaches in the practice, deployment, theory, and method-
ology of information management in the context of the World Wide Web. The
conference provided an international forum for the sharing of original research
results and practical development experiences among researchers and applica-
tion developers from the many Web-related areas. The previous WAIM confer-
ences were held in Shanghai (WAIM 2000), Xi’an (WAIM 2001), Beijing (WAIM
2002), and Chengdu, China (WAIM 2003). These conferences turned out to be
very successful and each attracted more than 100 participants from all over the
world.

The WAIM 2004 conference included technical sessions organized around
important subtopics such as data stream processing, time series data processing,
mobile computing, cache management, security, XML, Web services, Web search
engines, query evaluation, and data mining, etc. Following careful review of the
291 submissions by members of the international program committee, 57 regular
papers and 23 short/industrial papers were accepted for presentation at the
conference and for publication in this volume. The submissions came from a
total of 22 countries and regions, and the accepted ones were from 13 countries
and regions, including Australia, Canada, Chile, China, Hong Kong SAR, Korea,
Norway, Singapore, Spain, Taiwan, UAE, UK, and USA. The conference also
consisted of a poster and demonstration track, the publication of which was
done in CD-ROM form.

A conference such as this can only succeed as a team effort. We would like
to thank program committee members and reviewers for their efforts, and the
WAIM steering committee members for their invaluable input and advice. We
thank the conference chairs Prof. Wang Shan and Tok Wang Ling whose involve-
ment and support added greatly to the quality of the conference. Our sincere
gratitude goes to all of the authors who submitted papers. We are grateful to our
sponsors for their generous support. Special thanks go to Prof. Yu Ge who served
as both Local Arrangements Co-chair and Finance and Registration Chair, Prof.
Katsumi Tanaka who selected and organized high-quality tutorials, Profs. Zhiy-
ong Peng, Arne Solvberg, and Mengchi Liu for their effective services as Public-
ity Co-chairs, and Drs. Mukesh Mahania and Ji-Rong Wen who organized the
industrial track and the poster and demonstration track, respectively.

On behalf of the Organizing and Program Committees of WAIM 2004, we
trust the attendees found the conference a fruitful experience and that they had
an enjoyable stay in the beautiful city of Dalian, China.

July 2004 Qing Li, Guoren Wang, Ling Feng
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Abstract. Trusted computing has assumed major significance since the advent 
of internet based commerce and peer to peer communications. Trust is the be-
lief that a peer has another peer in a given context. This paper addresses both 
identity trust which establishes the identity of another party and behaviour trust 
which answers the question ‘Do you believe that the entity will behave as you 
expect it to?’ It develops complete definitions of context and time dependant 
trust and reputation and develops trust models, trust relationships of a peer.  

1   Introduction 

Trust has been a focal point in interpersonal relationships in many domains including 
Business, Sociology, and Psychology etc. Recently there has been an upsurge of in-
terest in Trust in the Computer Science [1, 2, 3, 5, 7, 10-18, 26] research community, 
and its applications in the Peer-to-Peer (P2P) domain. One important distinction be-
tween trust in other fields and in computer science is that the first group often in-
volves physical environments whilst the second involves virtual environments. In 
physical environments, one can use various physical or facial cues or documents or 
referral to known such as credit agencies or government to inform the process of trust 
establishment [3]. In virtual environments, there is an absence of physical cues, the 
establishment of centralized authorities such as certification authorities is still evolv-
ing for referral and may not be always applicable. Four factors have created some 
urgency in tackling the issues in trust and these are the advent of (i) peer-to-peer 
communication which could be between anonymous peers, (ii) virtual communities 
with the need to protect the integrity of the community, (iii) e-commerce which in-
volves business transactions on the internet and (iv) lastly cyber-terrorism which aims 
at disrupting services. In this paper we propose a conceptual structure and a trust 
model. 

2   Types of Trust and Security 

Marsh first introduced the notion of trust in Distributed Artificial Intelligence [10]. 
However, Trust became really important with the widespread use of the Internet, 
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particularly with the advent of business transactions on it. If two interacting parties do 
not trust each other, they will be reluctant to carry out business transactions with each 
other [27]. Hence we need to investigate how trust between them can be established. 
Security and trust are two distinct concepts and hence should be considered sepa-
rately. Trust is the belief or faith that a peer has in another peer in a given context 
[27,30], that gives him/her confidence to carry out a transaction with the trusted peer. 
In the virtual world, in order to acquire trust in another entity, security establishing 
mechanisms are used [12, 14]. Security in the virtual world usually refers to the proc-
ess of enabling sheltered communication between two communicating entities. Lack 
of trust between communicating peers, results in the prisoner’s dilemma, in which 
parties could resort to unfair practices that may be difficult to detect until the comple-
tion of the transaction. We need a mechanism for the two communicating parties to 
develop trust in each other, since security can enable only secure communication 
between them. Various methods/infrastructures exist to ensure secure communication 
which we call Security Establishing Mechanisms, and they [6]: 1) Help both the 
communicating parties authenticate themselves; 2) Help a party to prove to it’s coun-
terpart that it is authorized to carry out the activity; and 3) To provide a means by 
which information can be exchanged securely over the internet. Hence these mecha-
nisms can be used by a party to establish the identity of another party. We call this 
type of trust in the identity of another party as Identity Trust. Another type of trust is 
Behaviour Trust, which answers the question; “Do you believe that the entity will 
behave as you expect it to?” Another type of trust that can exist between two peers is 
Hybrid Trust [27], which characterizes both identity trust and behaviour trust.  

The major problem with the existing methods proposed for establishing trust be-
tween two peers is that they either propose a method to only establish identity trust or 
to only establish behaviour trust between two peers. None of them propose a method 
of establishing both identity trust and behaviour trust of a peer, and it is not clear that 
the existing trust models and trust protocols are compatible with each other as each of 
them have their own assumptions which contradict the assumptions of the others. To 
the best of our knowledge, there is no work on trust relationships. We present a defi-
nition of what a trust relationship is and define the different possible types of trust 
relationships between peers in P2P Communication. Another problem with many 
methods for establishing identity trust between two peers is that they assume the 
existence of a central authority that can authenticate the identity of another en-
tity[5,14], but they do not address issues like the fault-tolerance of the central author-
ity, load balancing at the central authority, etc.. This assumption of a central trusted 
authority also makes the system vulnerable against inappropriate behaviour by the 
central trusted authority. Our proposed method is partially decentralized. 

Some trust models have been proposed to establish trust between two communicat-
ing peers.[2,5,7,11,15,16,17,18,26]. However with the exception of [11] all of the 
proposed trust models do not consider the context specific and dynamic nature of 
trust. Additionally [11] only considers the context specific nature of trust, but not the 
dynamic nature of trust. 

Some trust management protocols have been proposed to establish trust between 
two communicating peers. [5,12,13,14]. [12] proposes the use of an anonymous P2P 
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trust management protocol. However, it is vulnerable to attacks like Repudiation 
Attacks, Self-trust  Insertion Attacks. They do not propose any solution for counter-
ing the problem for multiple identities of peers (Clique Attacks). Moreover they pro-
pose the use of a single server for authenticating the identity of a peer and, therefore, 
has the problems referred to above. Additionally they focus on an anonymous proto-
col but they do not provide a non-anonymous and pseudonymous protocol for estab-
lishing trust between two peers. [14] proposes the use of a pseudonymous trust man-
agement protocol for establishing identity trust between two communicating peers. 
This protocol solves the problem of peer authentication when the identities of the 
peers are pseudonymous. However it is vulnerable to Clique Attacks and Self-Trust 
Insertion Attacks. They do not need any single server for the proper functioning of 
their proposed protocol. However they focus on the pseudonymous protocol but they 
do not provide a non-anonymous and anonymous protocol for establishing trust be-
tween two peers. 

Most of the P2P communication, involving final financial transactions, is non-
anonymous. From the above, we note that there is no non-anonymous P2P trust man-
agement infrastructure in the literature. Moreover the anonymous and pseudonymous 
versions of the trust protocol are vulnerable to several attacks. Additionally Security 
approaches, like Cryptography or Stenography can only enable secure communica-
tion between the involved peer but they CANNOT establish trust or belief between 
the communicating peers.  

We also need for a method to help a trusting peer avoid the possibility of interact-
ing with malicious peers. Most of the existing proposed trust models, do not consider 
the RISK factor involved in an interaction before it occurs helping a peer make a 
decision of whether to interact with another peer. In our proposed trust support sys-
tem , we model risk in an interaction with a trusted peer and based on the Expected 
Value of the transaction(which takes in to account the risk involved) we propose a 
trust support system. Apart from risk factor we take into account various other factors 
that need to be addressed. To trust somebody is to take a risk and make themselves 
vulnerable to their actions [9].  

3   Definition of the Conceptual Framework for Trust,   
     Reputation in Peer-to-Peer Communications and Trust Models 

This issue will be addressed in four different steps: 

3.1   Definitions of Trust 

Several definitions for Trust and Reputation have appeared in the literature [28], [10]. 
These existing definitions of trust are vague and incomplete and do not capture all 

the aspects of trust in P2P communications. [18] It is also important to understand the 
characteristics of peer-to-peer communication when developing this definition of 
trust. These characteristics include: anonymity / non-anonymity / pseudonymity of 
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peers, the decentralised nature of communication and the heterogeneous nature of 
individual peers. 

For further discussion we make use of the terms trusted peer and trusting peer. 
Our definition of trust for P2P communications is as follows. 

The belief that the trusting peer has in the willingness and capability of the trusted 
peer, to behave in a given context, and at a given point of time, as expected by trust-
ing peer.[27,30] The notions of ‘belief’, ‘context’, ‘point of time’, ‘willingness and 
capability’ and ‘as expected by another peer’ are very important in the definition of 
trust. We define a trusting peer as a human entity who controls resources and who 
reposes his 1 faith in some other human entity. In other words, an entity who has faith 
or belief in another entity takes up the role of the trusting peer and a trusted peer as a 
human entity who controls resources and in whom faith is reposed by some other 
entity. Consider for example, Alice trusts Bob with his credit card details. The context 
in which Alice reposes faith in Bob is “handing over credit card details”. This is the 
scenario or situation in which Alice trusts Bob. In other scenarios or situations Alice 
may or may not trust Bob. The term context is significant while defining and consid-
ering trust.  

When the trusting peer reposes trust in the trusted peer in a given context, he has a 
certain idea or notion of how the trusted peer will conduct itself in that context in 
which trust is reposed. We term this anticipated behaviour of the trusted peer as the 
“Expected Behaviour” [27].  

The term “a given time period”, in the definition of trust captures the dynamic na-
ture of trust. Our work uses this definition of trust. Classify and identifies the differ-
ent types of Trust in Peer-to-Peer Communication [27]. A classification of different 
types of trust in P2P communication would give us an idea of what types of trust 
should our proposed infrastructure be able to establish between two communicating 
peers.  

3.2   Definition of Reputation 

We present a formal definition of Reputation. Similar to trust, reputation and related 
concepts to reputation have been either loosely or incompletely defined in the exist-
ing literature on reputation in Computer Science. We give a definition of what we 
mean by reputation. Again it is necessary to include the notions of context specific, 
dynamic with time, and the element of historical behaviours in these definitions of 
reputation. Reputation plays a pivotal role in the process of establishing trust between 
communicating peers. If the two peers have previously interacted with each other, 
then they know the trustworthiness of each other. Based on this previous knowledge 
of each others’ trustworthiness the interacting peers can decide whether to interact 
with each other in future or not. 

However usually the two interacting peers may not have interacted with each other 
previously and hence they do not know the trustworthiness of each other. Reputation 
mechanisms help in filling this gap by  
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• Providing the trusted peer an idea of the trustworthiness of the trusting peer 
• Providing the trusting peer an idea of the trustworthiness of the trusted peer 

In this section we present a formal definition of reputation for peer-to-peer com-
munication. Additionally we also discuss some other definitions of reputation in lit-
erature and discuss why these definitions are not appropriate for peer-to-peer com-
munication. 

Before we present a definition of reputation we will define some terms that we 
make use of through out this paper. 

We define Interacting peers, “as peers who are communicating or having a trans-
action  with each in order to  attain certain objectives” 

We define Reputation Querying Peer, “as the peer who is querying about the 
reputation of another peer” 

We define Reputation Queried Peer, “as peer whose reputation is being  queried  
by the  Reputation Querying Peer” 

We define Witness Peer (or) Reputation Responding Peer, “as  a peer who knows 
about the trustworthiness of the  reputation queried peer based on its direct interac-
tion with the reputation queried peer” 

We define a Reputation Query “as a query about the reputation of the reputation 
queried peer posed by the reputation querying peer”. We note the following points 
about Reputation Query 

• It is associated with exactly one reputation querying peer 
• It may be associated with more than one reputation queried peer 
• One or more than one witness peer may reply to the reputation query. 

Not every peer will know about the trustworthiness of the reputation queried peer. 
Usually if a peer does not know about the trustworthiness of the reputation queried  it 
passes the reputation query to peers whom it feels may know the trustworthiness of 
the reputation queried peer. We define Intermediate Peers  “as peers who pass the 
reputation query to other peers”. 

For explanation purposes we take the example of five peers, namely Peer A, Peer 
B, Peer C, Peer D and Peer E  and the trust relationships between them through this 
paper . Let us assume that Peer A had previously interacted with Peer B and Peer E. 
Furthermore let us assume that Peer B has previously interacted with Peer C. We 
define reputation of a peer as “the perceived trustworthiness of the reputation queried 
peer as advised by the witness peers, in a given context and at a given point of time”. 
The phrase “witness peers” signify which peers are eligible to vouch for the reputa-
tion of the reputation queried peer. We feel that only the peers who have had direct 
interaction with the reputation queried peer can vouch for the reputation of the 
reputation queried peer.  

The relationship between trustworthiness and reputation can be summarized as fol-
lows 

Trustworthiness assigned by the trusting peer to the trusted peer, becomes reputa-
tion of the trusted peer, when the trusting peer conveys this to other peers. 

Using reputation of a peer is a chief method of establishing trust with the peer to 
classify and identify the different types of Reputation in Peer-to-Peer Communication 
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in our trust model. The types of reputation that we identify in P2P will enable us to 
identify what types of reputation need to be taken into consideration when making a 
decision of whether to trust another peer.  

3.3   An Ontology Based Approach to Allow Shared Conceptualization   
        of Contexts for Trust 

We model trust in a given scenario independent of trust in other scenarios. To the best 
of our knowledge all the existing trust models do not model trust in a given situation 
in isolation from the trust in the other situations, i.e. they are not context-dependent. 
We will make use of ontology for having a shared understanding of the different 
contexts. In a distributed and decentralized environment like P2P communication, it 
is possible that the same context is referred to in different ways. The only we can 
have a shared understanding of the different contexts is with an ontology. In order to 
enable the comparison of different services or different contexts, we propose the use 
of an ontology. The Ontology provides semantic meaning to a context and helps to 
have a shared understanding of a given context, between different peers, which in a 
distributed decentralized environment is difficult to achieve. 

In a distributed environment like Peer-to-Peer Communication, it possible that the 
different peers may use a different terminology to refer to the same context. In such a 
distributed and diverse environment is not possible to enforce a single terminology 
for a given context. 

As an example, consider a transaction where a logistics company A wants to use 
the warehouse of B located at Detroit, after which it assigned a particular trustworthi-
ness value and the context as ‘Storing the goods’. If another peer asks Peer A about 
the reputation of Peer B in the context of ‘Renting warehouse space’, Peer A may not 
be sure if the reputation querying peer is referring to the same context as ‘Storing the 
goods’. We propose the use of an ontology for mapping the various terminology used 
to refer to a given context as it is not possible otherwise to reach a consensus for 
referring to a given context in a distributed environment like peer-to-peer communi-
cation. It can also help put caveats and constraints on the context. The ontology pro-
vides semantics to a context and a shared understanding of the context. 

4   A Generic Trust Management Protocol   
     for Peer-to-Peer(P2P) Communication 

The second research issue of this project  is to create a framework for managing the 
identity of a peer (Identity Trust).Identity Trust is defined as the trust that the trusting 
peer has in the trusted peer that indicates the extent to which the trusting peer be-
lieves that the identity claimed by the trusted peer, belongs to it. Our proposed trust 
management protocol will enable a peer to ensure that identity of another peer. Our 
proposed framework for establishing Identity Trust will be generic to be able to ap-
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plicable to Anonymous Peer-to-Peer Communication, Pseudonymous Peer-to-Peer 
Communication and Non-Anonymous Peer-to-Peer Communication. 

The most crucial phase it to ensure that the Trust Management Protocol is resilient 
to attacks like Self-Trust Insertion Attacks, Sybil Attack, and Clique Attacks apart 
from nullifying the possibility of Repudiation Attacks, Ensuring Integrity of Message, 
Impersonation Attacks and Replay attacks. 

This protocol should be partially decentralized/completely decentralized. Addi-
tionally it should be portable to most/all P2P applications irrespective of the domain 
of the application. 

When making a trusting decision of whether to trust another peer; various factors 
need to be considered. In this phase we will identify all the factors that a peer needs 
to consider when making a trusting decision. Based on the factors identified, this we 
intend to develop a trust support system with the trust management protocol and the 
trust model as its base , which will enable a peer to make a decision of whether to 
trust another peer or not. Risk involved in interacting with a given trusted peer (say 
A) will be assessed. The outcome of the previous interaction with the trusted peer 
(say A) and the recommendations received from other peers whom the trusting peer 
trusts to give recommendations, will be utilised. 

5  A Generic Framework for Assigning a Trustworthiness Value      
    to a Peer after Interaction 

We will create a generic framework with the help of which the trusting peer can as-
sign a trustworthiness value to the trusted peer. This is an area which has been un-
touched in Literature. We will develop mathematical representations in terms of 
rough set theory to assign a trustworthiness value to a peer. 

This proposed approach will be generic enough to be able to applicable to any in-
teraction in Multi-Agent Systems, Peer-to-Peer Communication, Client-Server Com-
munication, etc. When calculating this value of trustworthiness, it will be important to 
take account of the various factors that influence the decision to trust. 

We intend to develop a methodology for assigning trustworthiness value to a peer. 
We will develop an algorithms which models trust and helps a trusting peer assign a 
certain degree of trustworthiness to another peer, based the on the mathematical 
model of trustworthiness that we develop. Additionally, once the algorithm is devel-
oped, we will use it in our proposed trust model and the prototype implementation in 
order to determine proper functioning and to provide proof of concept. 

6   Peer to Peer Trust Modelling 

Modeling is a method of representing reality. A model is created to produce a simpli-
fied version of a system. Additionally, a model of a system is easier to understand 
than the system itself. 
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Many trust models and trust management protocols have been proposed to assist 
the task of establishing trust between two communicating peers. There has, however, 
been no research on developing a pictorial language to model the trust relationship 
between two peers. We propose a pictorial language for modeling the trust relation-
ship between two peers. We proposed the use of Trust Class Diagrams, Trust Case 
Diagrams and Trust Transition Diagrams to model the various attributes of the trust 
relationships and this work is given in reference [36]. 

In order to model trust between two peers, we introduce the concept of trust tuple. 
We define a trust tuple as: ‘An ordered set of attributes of a trust relationship that 
conveys information about the trust relationship’. We propose a generic form of the 
trust tuple along with the order of the trust attributes, and this is as follows: [Trusting 
Peer, Trusted Peer, Context, Type of Trust, Trustworthiness, Start Time, End Time]. 

Use Case:  We make use of the use case symbol, for depicting the trust tuple asso-
ciated with the trust relationship. We define a trust use case as a use case that is used 
to symbolize the trust tuple of a given trust relationship. Finally, we define a trust 
case diagram as an extension to the existing use case diagram in UML that can model 
the trust relationships. Applying the above modified modeling notations to the above 
example of Napster, we get the following Trust Case for the trust relationship be-
tween the two peers, Alice and Bob. 

 

 

Fig. 1. Trust Case Diagrams for peer-to-peer trust modeling 

We propose the use of use of Trust Class Diagrams to model the attributes of the 
trust relationships between two peers along with the attributes of the peers involved in 
the trust relationship. For modeling trust relationships between two peers we need just 
two notations from the class diagrams in UML, namely class and association relation-
ship. We propose slight modifications to the existing UML semantics of class and the 
association relationships [35]. 

A peer may have a trust relationship with more than one peer. Similarly, a trusting 
peer may have multiple trust relationships with the trusted peer each in a different 
context. In this section, we show how trust relationships with multiple (more than 
one) peers can be modeled using the trust modeling diagrams. Special care needs to 
be taken to model these as shown in ref [35]. 
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7   Factors Influencing Trust and Trust Relationships   
     in Peer-to-Peer (P2P) Systems 

Trust in simple terms can be defined as the confidence that the trusting peer has in the 
trusted peer’s ability and willingness to do something in a way that it wishes it to do. 

As is evident from the above description, this confidence that the trusting peer has 
in the trusted peer, would lead to a bond or link between the two peers. We term this 
link that is created between two peers due to the trust that one has in the other as trust 
relationship. 

We defined a trust relationship as ‘a bond or association between the involved 
peer/s, which signifies the trust between the involved peer/s’. 

In other words trust relationship between two peers is an outcome of the trust that 
one peer has in the other. Hence we feel that all the characteristics of trust like, con-
text dependent nature of trust, dynamic nature of trust, transitive nature of trust, 
asymmetric nature of trust and event based nature of trust would the characteristics of 
trust relationships as well. 

We classify a rating that communicates the intensity of the trust relationship as the 
trustworthiness of the trust relationship. This rating conveys how strong the trust 
relationship between the two peers is. 

In (Hussain, Chang and Dillon,2004) we define trustworthiness as “as a numeric 
value that depicts the level of trust between two peers at a given time period in a 
given context and depends upon the intrinsic type of peers in a trusted relationship”. 

Factors that can communicate trust to the trusting peer in peer-to-peer e-commerce 
can be catalogued into three, namely: 

1. Pre-interaction Factors 
2. Reputation Factors 
3. Personal Interaction Factors 

We define Pre-interaction Factors as ‘those factors which can influence the trust-
ing peer, whether to trust the trusted peer, before any interaction between the trusting 
peer and the trusted peer takes place’. We identify the following three factors in this 
catalogue: 

i. Psychological nature of the trusting peer 
ii. Attitude of the trusting peer towards P2P e-commerce 

iii. Previous interactions with the trusted peer 

As we mentioned previously in P2P communications, there is no central authority 
to enforce trust-inducing mechanisms like in the client-server environment. As a 
result, the trusting peer, in order to decide whether to trust the trusted peer, asks other 
accessible peers about the trustworthiness of the intended peer. These other peers 
communicate an indication of the trustworthiness of the trusted peer. This method of 
asking the other peers in the network about the trustworthiness of the trusted peer can 
help the trusting peer in deciding whether it should trust the trusted peer. We call this 
gathered information on the trustworthiness of the trusted peer its ‘Reputation’. We 
define reputation factors ‘as those factors  pertaining to the reputation of the trusted 
peer and can influence the trusting peer in deciding whether to trust the other peer or 
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not’. We identify four major factors pertaining to the reputation of the trusted peer, 
which can influence the decision of the trusting peer: 

iv. Trusted Reputation 
v. Unknown Reputation 

vi. Positive Reputation 
vii. Negative Reputation 

We define Personal Interaction Factors ‘as those factors which help the trusting 
peer to associate a trustworthiness value to the trusted peer based on its personal  
interaction with the trusted peer’. Based on these personal interaction factors, the 
trusting peer can assigning a specific trust value to the trusted peer and decide 
whether to trust the trusted peer in the future. 

We identify two main factors in this category. They are: 

vi. Expected Behavior 
vii. Correlation 

8   Conclusion 

In this paper we carried out a definition of trust, reputation, and proposed a frame-
work for trust modelling, and a trust protocol. We utilize this to develop a trusted 
environment for virtual collaboration in our future work. 
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Abstract. Networks and flows are everywhere in society, nature and virtual 
world organizing versatile resources and behaviors. Breaking boundaries, this 
keynote establishes a scenario of the future interconnection environment – a 
large-scale, autonomous, live, sustainable and intelligent network environment 
where society, nature, and the environment harmoniously co-exist, coopera-
tively work and evolve. It automatically senses and collects useful information 
from the nature, transforms raw information into resources in the environment, 
and organizes resources in semantic rich normal forms that can be easily under-
stood by both machine and human. Geographically dispersed people and re-
sources can work in cooperation to accomplish tasks and solve problems by ac-
tively participating material flows, energy flows, technology flows, information 
flows, knowledge flows and service flows in the environment through roles and 
machines, improving the environment and the nature. Parameters, characteris-
tics and principles of the environment are proposed from the system methodol-
ogy point of view. A case study on a live semantic link network under a refer-
ence model of the environment is presented. As a practice, the advanced 
architecture and technology used in China Knowledge Grid e-science 
environment IMAGINE-1 is introduced. 

1   Introduction – Dream 

Jim Gray summarized the computing history in his 1999 Turing Award Lecture: the 
dream of Charles Babbage has been largely realized, the dream of Vannevar Bush has 
almost become reality [5], but it is still difficult for computer systems to pass the 
Turing Test – computing systems still do not have human intelligence although sig-
nificant progresses have been made. He extended Babbage’s computational goal to 
include highly secure, highly available, self-programming, self-managing, and self-
replicating characteristics [8]. 
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Scientists have made significant progresses in establishing highly secure and 
highly available systems. But so far, we are still far from the goal of self-program-
ming, self-managing and self-replicating.  

Jim Gray extended Vannevar Bush’s Memex vision to an ideal that automatically 
organizes, indexes, digests, evaluates, and summarizes information (scientists in in-
formation processing area have been pursuing this goal). He proposed three more 
Turing Tests: prosthetic hearing, speech, and vision. 

The Internet interconnects globally distributed computers and enables file trans-
mission. The World Wide Web interconnects human readable Web pages and enables 
an easy utility mode. The Semantic Web is to establish common understandings be-
tween Web resources by establishing ontology and logical mechanisms, and using 
standard markup languages like RDF (Resource Description Framework). The Web 
Intelligence is to improve the current Web by using artificial intelligence technologies 
and information processing technologies such as symbolic reasoning, text mining, 
information extraction and information retrieval. The Web Service aims at providing 
an open platform for the development, deployment, interaction, and management of 
globally distributed e-services based on Web standards. It enables the integration of 
services residing and running in different sites.  

The global Grid (http://www.gridforum.org) aims at sharing, managing, coordinat-
ing, and controlling distributed computing resources, which could be ideally ma-
chines, networks, data, and any types of devices. The ideal of the Grid is that any 
compatible devices could be plugged in anywhere onto the Grid and be guaranteed 
the required services regardless of their locations, just as the power grid. The Grid 
computing almost excludes previous Web technologies. The Semantic Grid 
(http://www.semanticgrid.org) attempts to incorporate the advantages of the Grid, 
Semantic Web and Web Services. The Grid architecture has shifted to the service-
oriented Open Grid Services Architecture (OGSA), where we can see some features 
of Web Services [7]. Incorporating Grid with the Peer-to-Peer (P2P) technology 
through standard mechanisms enables autonomous computing objects to work in a 
scalable network [2]. P2P networks widely exist in one form or another in society. 
Incorporating contents such as semantics and trust into the P2P network bridges the 
existing gap between the P2P network and high-level intelligent applications. 

Our modern society requires future interconnection environments to go far beyond 
the scope of the Turing Test and other automatic machine intelligence problems such 
as self-programming as well as the current Web/Grid technologies, because the com-
puting environment has evolved from personal or centralized computers to distributed 
network, to human-computer environments, and to large-scale human-machine envi-
ronments, where dynamics, evolution, cooperation, fusion, sustainability, and social 
issues in computing have become major concerns. 

2   Principle 

As a large-scale dynamic human-machine system, a future interconnection environ-
ment includes the following five major parameters:  
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1. Space – the carrier of versatile resources as individual or community. Resources 
are sharable objective existence in the environment such as material, information, 
knowledge, services, the space, and even the environment. 

2. Time – the arrow of evolution and degeneration. 
3. Structure – the construction of the environment and resources. 
4. Relation – relationships among parameters and among resources. 
5. Viewpoint of value – the evaluation of state and the evolution trend of resources 

and their relationships.  

Knowledge in nature is the product of society. It evolves and endures throughout 
the life of a race rather than that of an individual [5]. The future interconnection envi-
ronment is a growing environment, where knowledge grows through social activities 
at different levels (from low object layer to high human-machine community layer) 
and in different discipline spaces.  

Human’s social activities generate and develop the semantics of natural languages. 
The semantics in the environment is a kind of human-machine semantics, which es-
tablishes common understanding between human and resources. Services, knowledge 
and regulations exist and work in such semantics to support intelligent activities. 

As a complex system, the future interconnection environment develops with the 
following principles.  

1. Open principle. To avoid equilibrium, the environment should be open. Standards 
are important for open systems. The evolution characteristic of the environment re-
quires the standards to be adaptive. 

2. Incremental development principle. The environment develops with the growth of 
developers and users who develop, use and update – from small-scale at the early 
stage to large-scale and at the exponential growth stage. From the perspective of 
applications, the development of the future interconnection environment should 
make the balance between inheritance and innovation. It should absorb the advan-
tages of the current Web, Semantic Web, distributed systems, Grid and P2P com-
puting [2, 4, 6, 7].  

3. Economy principle. Participants, resources and the environment should benefit 
each other under reasonable anticipation and in fair ways. Economics concerns 
three objects: participants, the market and the economic system. The market is an 
important mechanism for automatically and reasonably adjusting market partici-
pants’ decisions and behaviors. The market participants including producers and 
consumers pursue the satisfied rather than the optimized exchange under agree-
ment constraints. Based on simple principles, the market mechanism realizes adap-
tation by avoiding complex computation. 

4. Ecology principle. Ecology is a study of nature, human society and economy. In 
future, human society will be involved in an organic interconnection environment 
that actively interacts with the nature. The principles of nature ecology implicate 
the formation of the ecology for future interconnection environment [10]. 

5. Competition and cooperation principle. Resources compete for survival, right and 
reputation in the environment. On the other hand, they cooperate with each other 
under some conditions (e.g., interest) and regulations to form integrated functions 
and services. 
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6. Dynamic scalability principle. Participants and resources can join or leave the 
environment without affecting the overall function of the running environment. 
The dynamic scalability needs the support from the network layer, the relation 
(semantic) layer and the organization layer. 

7. Integrity and uniformity principles. The integrity requires us to guarantee the cor-
rectness, and the uniformity requires us to guarantee the simplicity when we de-
velop the future interconnection environment.  

3   Challenge 

The following issues challenge the implementation of the ideal interconnection envi-
ronment: 

1. Normal re-organization. The theory that organizes resources in semantic rich nor-
mal forms and operates resources under integrity constraints. 

2. Semantic interconnection. The approach that enables versatile resources to be in-
terconnected in multiple semantic layers to achieve consistency in supporting intel-
ligent applications. 

3. Intelligent clustering and fusing. The approach enables versatile resources to dy-
namically cluster and fuse to provide intelligent services. The key is to develop a 
unified resource model. Established in 2001, China Knowledge Grid Research 
Group (http://kg.ict.ac.cn) has been pursuing the best solutions to above three key 
issues and has achieved significant progresses (http://www.knowledgegrid.net).  

4. Dynamic inheritance. Inheritance is a common phenomenon in the organism world 
and it is also the key mechanism in the Object-Oriented methodology and systems 
for realizing reuse. How to realize the inheritance mechanism among evolving re-
sources in an evolving environment is a challenging issue.  

5. Degeneration rule of network. Researchers have studied the growth and distribu-
tion of the World Wide Web [1], but they have neglected the degeneration phe-
nomenon. It is common in real world that the development of anything has a limi-
tation. Even for a real-world scale-free network, “the rich gets richer” rule is not 
true forever in its evolution process. What is the evolution mode under the limita-
tion?  Is there any degeneration rule of networks?  Solution to this issue will form 
significant contribution to the theory of the future interconnection environment. 

6. Abstract flow model. This model unveils the common rules and principles of mate-
rial flow, information flow, knowledge flow and service flow, and implements 
flow logistics. It concerns the abstract process model and control mechanism. 

7. Field theory of interconnection environment. Just as in physical world, versatile 
resources in the interconnection environment constitute a special field. Resources 
flow from high power nodes to low power nodes. However, the duplication and 
generation of resources do not cause the loss of any other resources such as energy 
in the physical world, and the loss of power also does not lead to the loss of any 
other materials such as energy. The law of energy conservation does not hold in 
this special field. Unveiling the laws and principles in this field significantly con-
tributes to the theory of the future interconnection environment. 
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8. Abstraction and reasoning in Single Semantic Image. The Single Semantic Image 
(SSeI) establishes common understanding for versatile resources [9]. It is a chal-
lenging issue to automatically capture semantics from versatile resources, to make 
abstraction, and to reason and explain in a uniform semantic space. Semantic con-
straints and related rules for SSeI guarantee the correctness of resource operations 
at the semantic layer. 

9. Interconnection environment ecology. Resources in the interconnection environ-
ment can be classified into different species. A resource can be generated only by 
inheriting from existing species. The evolution of species depends on flows be-
tween species. The methods and principles of natural ecology help us to investi-
gate the interconnection environment ecology. 

10.Methodology. The large-scale, dynamic and intelligent interconnection environ-
ment challenges previous software and system methodology. The new methodol-
ogy includes a multi-disciplinary system methodology and an epistemology for 
guiding the development, operation and maintenance of the future interconnection 
environment and applications. 

Due to the variety and complexity of the environment, any unary theory is limited 
in their ability to support the modeling of the future interconnection environment. 
Breaking the boundaries of disciplines often builds insights to solve these challenging 
issues. 

4   Case Study 

4.1   Reference Architecture 

According to the incremental development principle, we propose the layered refer-
ence architecture as shown in Fig. 1.  

Fig. 1. Reference architecture 

The live P2P object space is the abstraction of versatile resources in the environ-
ment and each object has a life span from birth to death. The net threads realize run-
time applications. Regulations in the regulation space are for the autonomous man-
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agement of resources. The knowledge space and the semantic space form content 
overlays on the live P2P object space, and they support services in the service space. 
Services can actively find requirements advertised by roles and resources. Human and 
roles in the intelligent human-machine communities work, entertain, contribute ser-
vices, and enjoy services in the environment according to regulations and social prin-
ciples. A role can move from one community to another through definite corridors, 
which establish logistics between communities. 

4.2   Explore the Live Semantic Network 

A live semantic link network consists of live resource nodes and semantic links be-
tween nodes. Any node has a life span from birth − adding it to the network − to 
death − removing it from the network. We investigate the evolution rules of such a 
network by considering both the adding and removing behaviors of nodes and links. 
Previous research focuses on the adding behavior. Through establishing and investi-
gating two types of models: a stochastic growth model and a directed evolving graph 
model, we obtain the same scale-free distribution rule.  

We make a comparison between the current hyperlink distribution and the live se-
mantic link distribution. Fig.2 (a) and (b) show the in-degree distribution and the out-
degree distribution. We can clearly see the offset between the current Web model and 
our model. The key reason lies in the link and node delete operations in our model. 
Obviously, the bigger the delete value is, the larger the offset there may be. In addi-
tion, the absolute value of the slope in the curve for our model is always smaller than 
that of the current hyperlink network. 

 

 
Fig. 2. Comparison between previous model and our model 

Nodes’ wealth can be evaluated by the number of links they possess. Richer nodes 
own larger number of links. The preferential attachment mechanism leads to a ‘rich 
get richer’ phenomenon [3]. This means the gap between the rich and the poor will be 
enlarged unlimitedly. Is it true under some constraints?  
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Real cases tell us, the rich will endure more for being richer than the poor. A firm 
limitation leads to average the wealth. Our simulation carries out by setting the fol-
lowing constraint: if the number of in-links in one node reaches a certain amount, 
subsequent links will be no longer attached to it. The simulation result shown in Fig. 
3 tells us the distribution is no longer a power law. Its tail rises a little near the limita-
tion. This observation indicates that wealth has been shared among relatively rich 
nodes. 

 

 
Fig. 3. Power law changes under constraints 

5   Practice in e-Science 

China e-Science Knowledge Grid Environment IMAGINE-1 is our practice to realize 
the ideal of the future interconnection environment. IMAGINE-1 aims at an evolving, 
self-organized, self-managed and large-scale human-machine environment. To build 
such a complex system, we have solved the following issues: 

1. The semantic-based organization model of resources on P2P networks. 
2. Decentralized resource monitoring, scheduling and management that are embed-

ded in applications. 
3. The advanced architecture and application framework supporting the development 

of high-level applications. 

Its architecture has the following three distinguished characteristics: 

1. It is a general and scalable running platform that supports the development of 
domain applications.  

2. It is a virtual experiment environment to simultaneously support research and de-
velopment of the environment and research and development of domain applica-
tions.  

3. It integrates the research and development laboratory with the real application 
running platform so that experimental applications can be tested in a real environ-
ment with users’ participation.  
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IMAGINE-1 implements an embedded resource management platform on a P2P 
network to support self-organization and self-management of applications. Sophisti-
cated applications can be developed to provide scalable services on large-scale net-
works based on IMAGINE-1. 

IMAGINE-1 consists of the following platforms: 

1. IMAGINE-Framework, a basic application development framework that imple-
ments a layered architecture to provide the low-level resource organization of a 
P2P network, the embedded resource management for high-level applications, and 
the distributed architecture implementation for developing high-level applications. 

2. IMAGINE-Run, a running platform that supports the run-time management of the 
underlying P2P network and high-level applications, including network mainte-
nance, application deployment, configuration, and running control. 

3. IMAGINE-Research, a virtual network laboratory that supports the monitoring, 
debugging, configuring, testing and verifying of research for improving the envi-
ronment’s technologies. 

4. IMAGINE-Builder, a platform for efficiently developing distributed domain appli-
cations based on a virtual component technology.  

5. EcoLab, a distributed scientific research laboratory for ecologists. 

Fig. 4 depicts the IMAGINE-1 organism. Its construction process is as follows:   

1. Researchers develop the IMAGINE-Framework to implement the organization and 
management of resources in decentralized and autonomous way on a P2P network. 
It is the core component that implements the environment. 

2. Use the IMAGINE-Framework to support the development of the IMAGINE-Run 
that implements a distributed network environment supporting P2P network man-
agement, application deployment, running management and user management.  

3. Use the IMAGINE-Framework to support the development of the IMAGINE-
Research as a P2P-based virtual laboratory that supports research on the environ-
ment. The IMAGINE-Research enables researchers and users to fully interact with 
each other to form a positive feedback cycle of requirements and technologies that 
pushes the evolution of the environment.  

4. Use the IMAGINE-Framework to support the development of the IMAGINE-
Builder, which consists of building tools for component specification, component 
building, and component-based applications. The IMAGINE-Builder can facilitate 
distributed application development on large-scale networks based on distributed 
services reuse and integration.  

5. Develop the EcoLab on the IMAGINE-1. EcoLab is an e-science Knowledge Grid 
that supports geographically dispersed knowledge sharing, integration and utiliza-
tion, and supports coordinated scientific research on a large-scale P2P network. 

When IMAGINE-Run and IMAGINE-Research are developed and deployed, they 
can be used to improve and upgrade the IMAGINE-Framework on large-scale net-
works. This forms a beneficial technology evolution cycle for the development of 
IMAGINE-1. The IMAGINE-1 builder enhances the development of domain applica-
tions. The EcoLab can in turn feed back users’ requirements and can further help 
improve the whole environment in both the platforms and the domain applications. 
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Fig. 4. IMAGINE-1 organism 

On the other hand, IMAGINE-Framework, IMAGINE-Research and IMAGINE-
Run involve different user communities: the platform researchers, the domain appli-
cation developers and the end-users. They interact and coordinate with each other 
forming harmonious development processes and evolution processes of the platforms 
and the whole environment.  

EcoLab supports ecologists in geographically dispersed academic institutions to ef-
ficiently and effectively publish, share, manage and utilize distributed resources in-
cluding computing power, data, information and knowledge.  

The distinguished characteristics of IMAGINE-1 facilitate various kinds of distrib-
uted applications from the simple data and file sharing to the complex distributed 
problem solving, from the distributed text-based instant communication to the high-
speed multi-media broadcasting, and from the novel decentralized network game to 
the intelligent information and computing services.  

6   Summary 

Nature, human society, the future interconnection environment and its elements are 
autotrophic and harmonious symbiosis organisms. They cooperatively work, evolve 
and develop according to the open, incremental development, economy, ecology, 
competition and cooperation, dynamic scalability, integrity and uniformity principles. 
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The environment pursues a sustainable and harmonious system function of space, 
time, structure, relation, and viewpoint of value.  

China Knowledge Grid Research Group leads a cooperative team working on the 
National Semantic Grid Plan of China, a five-year research plan supported by the 
Ministry of Science and Technology of China. Nine universities in China participate 
in its research. The applications concern e-science, e-culture, weather service and 
public health. 
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Abstract. Obtaining fast and accurate approximations to data distributions is a
problem of central interest to database management. A variety of database appli-
cations including, approximate querying, similarity searching and data mining in
most application domains, rely on such accurate approximations. A very popu-
lar way in database theory and practice to approximate a data distribution is by
means of a histogram.
Histograms approximate a data distribution using a fixed amount of space, and
under certain assumptions strive to minimize the overall error incurred by the
approximation. The problem of histogram construction is of profound impor-
tance and has attracted a lot of research attention. A fundamental requirement
for any good histogram construction algorithm is to approximate the underlying
data distribution in a provably good way and be efficient in terms of running time.
The typical assumption for constructing histograms is that the data set to be ap-
proximated is finite and of known size, or that the size can be easily derived by
performing a single pass over the finite data set. The problem of histogram con-
struction on datasets of known size has received a lot of research attention and the
optimal as well as a lot of heuristic solutions exist. Wavelets synopses is in fact
very simple histograms, and this approach allows us to minimize some objective
fit criterion, than storing the k highest coefficients of a wavelet decomposition.
In all these problems, given a sequence of data values x1, . . . , xn, the task is to
construct a suitable summary of the data which can be stored in small space (e.g.
a small fixed number, say B, of the n coefficients in the Wavelet transform, or a
histogram involving B buckets).
In this talk, we first present optimal and approximate histogram construction al-
gorithms that have been recently proposed. We next discuss the algorithms to ap-
proximate a data stream in an online and incremental way using histograms. We
also describe wavelet synopses algorithms that include deterministic and proba-
bilistic thresholding schemes to select the wavelet coefficients. We finally point
out the drawbacks of such existing schemes and introduce future research direc-
tions.
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Abstract. The data stream systems provide sliding windows to preserve the ar-
rival of recent streaming data in order to support continuous queries in 
real-time. In this paper, we consider the problem of adjusting the buffer size of 
sliding windows dynamically when the rate of streaming data changes or when 
queries start or end. Based on the status of available memory resource and the 
requirement of queries for memory, we propose the corresponding algorithms 
of adjustment with greedy method and dynamic programming method, which 
minimize the total error of queries or achieve low memory overhead. The ana-
lytical and experimental results show that our algorithms can be applied to the 
data stream systems efficiently. 

1  Introduction 

In many recent application systems, data takes the form of continuous data streams, 
rather than finite stored data sets. Examples include stock ticks in financial applica-
tions, performance measurement in network monitoring and traffic management, log 
records or click-streams in Web tracking and personalization, data feeds from sensor 
applications, network packets and messages in firewall-based security, call detail 
records in telecommunications, and so on. These application systems have rapid and 
time-varying streams and require timely online answers, which we call as data stream 
system generally. The data stream can be denoted as an unlimited set with the model 
of <s,t>, where s denotes a tuple and t denotes a timestamp which is determined by 
the time when s enters the data stream system or when the data source produces s 
[10]. Since the memory of the system is limited and streaming data is unlimited, the 
data stream system provide sliding windows for each data stream, which preserve the 
arrival of recent data in order to support queries in real-time. Differing from the tradi-
tional queries, the queries in the data stream systems, named as continuous queries, 
stay in the system with long time. As the streaming data enters the data stream system 
continuously, the continuous queries accept and operate it, then output the query-
ing-results. There may be more than one data stream in the data stream system. In 
general, each data stream corresponds to one sliding window and the same sliding 
window can be accessed by many different continuous queries. Furthermore, one 
continuous query may query the streaming data over several sliding windows.  
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At present, there is some work [1–4] about how to deal with the streaming data in 
the sliding windows. [8] discusses how to analyze whether a query can be supported 
with the limited memory. [5] considers scheduling the operators optimally in order to 
save the buffer size between operators. [4] minimizes the response time and maxi-
mizes the query throughput by scheduling Joins which share the sliding window in 
data stream system. Kang et al. [9] discuss the cost model of Join over the unlimited 
streaming data. All these work is on the assumption that the buffer size of sliding 
windows is static. However, different continuous queries have different query-
ing-range. Furthermore, in data stream systems, the requirement of queries for mem-
ory is dissimilar and the rate of the streaming data changes rapidly. If we fix the 
buffer size of sliding windows, it will cause the problem that some sliding windows’ 
buffer is vacant and other sliding windows’ buffer is too small to support queries. We 
should break out the assumption about fixing the buffer size in previous work, and 
adopt a feasible mechanism for adjusting the buffer size of sliding windows to support 
continuous queries more efficiently. 

In this paper, we propose the algorithms of adjusting the buffer size of sliding 
windows dynamically with greedy method and dynamic programming method, in 
order to support queries more efficiently with the limited available memory, minimize 
the total error of queries or achieve low memory overhead. The problem of adjust-
ment is classified into three cases for discussion. We also give analytical and experi-
mental results of the algorithms, which show that our algorithms can be applied to the 
data stream systems efficiently. 

2  Problem Definition 

2.1  Sliding Window 

Suppose the streaming data enters the sliding window as the order of timestamp, then, 
the data in the sliding window at any time can be formed into a series as:  

<sl,tl>,<sl+1,tl+1>,⋅⋅⋅,<su−1,tu−1>,<su,tu> (2-1) 

where ti≤tj and l≤i<j≤u. Sliding windows can be defined either in terms of time-unit or 
tuple-count [1]. In this paper, the algorithms we proposed are based on time-unit slid-
ing windows, in spite that they can also be applied to tuple-count sliding windows in 
the same way. Assuming W denotes the set of sliding windows and d denotes the 
number of sliding windows in the data stream system, we give Definition 1.  

Definition 1. ∀w∈W, supposing the data in w can be listed as series (2-1), the win-
dow-width of w is defined as tu − tl . 

We let WN(w) denote the window-with of w before adjusting, and let WY(w) denote 
the window-width of w after adjusting. The timestamp over w ranges from Now− 
WN(w) to Now, where Now is the current time (system clock). Let Size(w) denote 
tuple size and let Rate(w) denote the average rate of streaming data over w, then we 
can evaluate the buffer size of w with the window-width of WN(w), which is equal to 
WN(w)·Size(w)·Rate(w). Supposing the total available memory, named as avail-
able-memory, allocated to all sliding windows is M, then both M≥∑w∈WWN(w) · 
Size(w)·Rate(w) and M≥∑w∈WWY(w)·Size(w)·Rate(w) should hold at any time. 
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2.2  Continuous Query 

Following is an example of continuous queries like SQL. 
      SELECT  AVG (temperature) 
      FROM    w1  [RANGE Now − 100, Now − 20] 
      WHERE  predicate 
      ERROR (2%)   EVERY (5)   BEGIN (70)   END (500) 

 
(2-2) 

Let Q denote the set of continuous queries with the similar syntax with the query 
(2-2). Generally, ∀q∈Q, we can extract the metadata from the syntax structure of q. 

The querying-object of the query (2-2) is the sliding window w1. If the sliding win-
dow w is the querying-object of q, let U(w,q)=1. Otherwise, let U(w,q)=0. We call the 
value of Now− (Now−100)=100 as querying-width of query (2-2), denoted by Qt(q). 
Meanwhile, ∀w∈W, we let Max_T(w) denote the maximal querying-width over w, 

i.e. Max_T(w)= max{Qt(q)| q∈Q∧U(w,q)=1}. 

The tolerated error of q can be extract from the ERROR clause, which is either 
relative error or absolute error. In our work, by the mapping function fq, we assume 
that the tolerated error can be mapped into a value of window-width, denoted by 
Qe(q). That is, the window-width must be larger than Qt(q)−Qe(q) so that q can yield 
the querying-result with the tolerated error at any time. However, the constructing of 
fq is a complexity problem, which will not be discussed here and will be our future 
work. Fortunately, [6][7] had given some research result about it and may be used to 
solve the problem. Specifically, if we couldn’t construct fq directly, such as in case of 
MAX/MIIN queries, we can set Qe(q) to zero (that is, the tolerated error of q is zero), 
which doesn’t impact on our work.  

The tolerated delay of yielding the querying-result can be extracted from the 
EVERY clause in q, denoted by Qd(q). For example, the time interval should not 
exceed 5 seconds between any two adjacent instant of yielding the querying-result of 
query (2-2). Finally, we can compute the running duration of q from the BEGIN 
clause and the END clause.  

Definition 2. ∀w∈W, let WY(w)(i) denote the window-width of w at the time i. Sup-
posing ∃q∈Q and U(w,q)=1. ∀i, if WY(w)(i)≥Qt(q) holds, we call that w can A-rank- 
support q; ∀i, if WY(w)(i)≥Qt(q)−Qe(q) holds, we call that w can B-rank-support q; 
There is a time series t1, t2, t3,…, where t1<t2<t3<… and tk+1−tk≤Qd(q) hold for any k. 
∀k, if WY(w)(tk)≥Qt(q)−Qe(q) and WY(w)(tk+1)≥Qt(q)−Qe(q) hold, we call that w can 
C-rank-support q. 

A-rank-supporting means that w can support q to yield the result without any error 
at any time. B-rank-supporting means that w can support q to yield the result with the 
tolerated error at any time. C-rank-supporting means that w can support q to yield the 
result with the tolerated error within the tolerated delay. Obviously, if w can 
A-rank-support q, w can either B-rank-support or C-rank-support q. In a similar way, 
if w can B-rank-support q, w can C-rank-support q. 

Definition 3. ∀w∈W, we define the value of max{Qt-e(q)| q∈Q ∧ U(w,q)=1 ∧ 
Qt-e(q)=Qt(q)−Qe(q)} as min-valid-width of w, denoted by Min_T(w). 

Definition 3 describes that the window-width of the sliding window w must be lar-
ger than Min_T(w) so that every query over w can be B-rank-supported. 



Dynamic Adjustment of Sliding Windows over Data Streams      27 

2.3  Problem Classification 

We focus our attention on adjusting the window-width of sliding windows in 
real-time based on the dynamic environment. According to the comparison between 
the available-memory and the requirement of queries for memory, we classify the 
problem into following three cases for discussion. 

Case (1): When M ≥ ∑w∈WMax_T(w)·Size(w)·Rate(w) holds, the available-memory 
is rich and can A-rank-support all continuous queries. So, the aim of adjusting the 
window-width is to support more future queries by the predictive method according to 
the metadata of registered queries.  

Case (2): When ∑w∈W Min_T(w)·Size(w)·Rate(w) ≤ M < ∑w∈W Max_T(w) Size(w) 
Rate(w) holds. The available-memory can B-rank-support all continuous queries, 
rather than A-rank-support. So, the aim of adjusting the window-width is to minimize 
the total error of the results of all queries.  

Case (3): M < ∑w∈WMin_T(w)·Size(w)·Rate(w) holds. The available-memory is too 
small to B-rank-support all queries. So, the aim of adjusting window-width is to 
C-rank-support all queries.  

3  Algorithms for Adjusting the Buffer Size 

3.1  A-Rank-Adjusting Algorithm 

When the available-memory is rich, we need adjust the window-width of windows in 
advance to support more future queries with the predictive method based on the 
analysis of the metadata of the registered continuous queries, in condition that every 
query can be A-rank-supported. There is an intuitional idea that for any sliding win-
dow u and v, if Max_T(u)>Max_T(v) holds, we maybe know the requirement of que-
ries for window-width over u is more great than that over v. So, for any future query 
q, if Qt(q)>Max_T(u)>Max_T(v) holds, in general, the probability of u being the que-
rying-object of q is larger than that of v being the querying-object of q. Based on this 
idea, the strategy of adjustment is to reallocate total window-vacant-memory to slid-
ing windows in terms of different ratio of maximal querying-width over sliding win-
dows. Due to the limited space, we omit the description of corresponding algorithm. 

3.2  B-Rank-Adjusting Algorithm 

Definition 4. ∀w∈W, the value of ∑q∈QP(w,q)·[Qt(q)−WN(w)] is defined as win-
dow-accumulate-error over w, denoted by E(w), where P(w,q) is set to 1 when 
U(w,q)=1 and WN(w)<Qt(q) hold, otherwise P(w,q)=0. 

We use window-accumulate-error to measure the total error of querying-result over 
each sliding window. 

When ∑w∈WMin_T(w)·Size(w)·Rate(w)≤M<∑w∈W Max_T(w)·Size(w)·Rate(w) holds, 
the limited available-memory can not A-rank-support all queries. Thus, the aim of 
adjusting window-width is: (1) all queries should be B-rank-supported at least. (2) 
minimizing the total window-accumulate-error of all queries, i.e. minimizing ∑w∈W 
E(w). In light of above two aims, the process of adjusting window-width can be di-
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vided into two phases. Firstly, ∀w∈W, we set the window-width of w to 
min-valid-width, i.e. WY(w)=Min_T(w). Secondly, we reallocate the remain vacant 
memory of available-memory to sliding windows gradually, so that we can minimize 
∑w∈WE(w). Obviously, we should focus our optimal work on the second phase. 

Definition 5. ∀w∈W, let sw denote the instantaneous window-width of w, then we call 
the set {sw|w∈W ∧ sw≥0} as windows-snapshot, denoted by S, and the window-width 
of w in S is denoted by W(S)(w). The set {xw | w∈W ∧ xw≥0} is defined as win-
dows-increment, denoted by X, and the increment of window-width of w in X is de-
noted by W(X)(w). 

Definition 6. For any windows-snapshot S, we define the triple (w, W(S)(w), ∆xw) as 
the atom-increment over S, denoted by I, where w∈W, ∆xw>0, and ∆xw is the incre-
ment based on the window-width with W(S)(w) over w. 

Supposing there is a windows-snapshot S, an atom-increment I=(w, W(S)(w), ∆x) 
over S, and a windows-increment X, then S’=S+I is the instantaneous state of win-
dow-width after increasing the window-width of w from W(S)(w) up to W(S)(w)+∆x. 
S’’=S+X={W(S)(w)+W(X)(w)|w∈W} is the instantaneous state of window-width after 
increasing the window-width of each sliding window from W(S)(w) up to W(S)(w) + 
W(X)(w). In addition, let D(S,X) denote the total reduced window-accumulate-error 
after we changes the windows-snapshot S into S+X, where S called as the basis of X. 
The expression X+I means increasing the window-width of w from W(X)(w) up to 
W(X)(w)+∆x. 

Based on above analysis, the problem of adjusting window-width optimally can be 
described as follows. 

Input:  M, W, Q and initial windows-snapshot S1={Min_T(w)| w∈W }. 
Output:  The windows-increment X={∆xw | w∈W }. 
Object function:  max D(S1,X). 
Subject to:  ∑w∈W WY

(X)(w)·Size(w)·Rate(w)≤M. 

 

(3-1) 

Definition 7. For each sliding window w, we define the value of |C(w,y)| / [Size(w) 
Rate(w)] as adjustment-gain of w with the window-width y, denoted by G(w,y), 
where C(w,y)={q | U(w,q)=1 ∧ Qt(q)>y}. 

The value of adjustment-gain of the sliding window w explains the size of reduced 
window-accumulate-error after we allocate one unit of available-memory to w. Since 
the querying-width of all queries is discrete, the adjustment-gain is a subsec-
tion-function. For each sliding window w, let Lw={aw1,…,awi,…,awnw} denote the set 
of serial ordered subsection-point of G(w,y) of w within the region [Min_T(w), 
Max_T(w)], where 1≤i<j≤nw, awi<awj, aw1= Min_T(w) and awnw=Max_T(w). Consid-
ering Definition 7, for each sliding window w, each of subsection-point in Lw is the 
querying-width of one continuous query. Meanwhile, the value of G(w,y) is always 
constant when x is between any two adjacent subsection-points, and we obtain 
G(w,yi)≥G(w,yj) only if yi≤yj. 
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Definition 8. Supposing S is a windows-snapshot. ∃u∈W, if G(u, W(S)(u))=max {G(w, 
W(S)(w))|w∈W} holds, we call u as the best-window over S. If ∃i, awi∈Lu and 
awi≤W(S)(u)< awi+1 hold, we define the atom-increment I=(u, W(S)(u), ∆xu) as best- 
atom-increment over S, where ∆xu=awi+1−W(S)(u) and ∆xu is called as best-increment 
over S.  

We use greedy algorithm to solve the problem (3-1). The main idea is to increase 
the window-width of the best-window by best-increment at any instant of win-
dows-snapshot. Following will give the greedy algorithm of the problem (3-1).  

Input: M, W, Q, ∑
w∈W

Min_T(w)·Size(w)·Rate(w)≤M<∑
w∈W 

Max_T(w)·Size(w)·Rate(w) 
Output: For each sliding window w, output W

Y
(w). 

Error-Based( ) 
(1) For each sliding window w, let W

Y
(w)=Min_T(w); /*queries can be B-rank-supported*/ 

(2) Calculating the remain available-memory M
R
=M−∑

w∈W
 Min_T(w)·Size(w)·Rate(w); 

(3) For each sliding window w, produce the set L
w
 of the serial subsection-point of  

   adjustment-gain function within the region [Min_T(w),Max_T(w)];  
(4) Let the initial windows-snapshot S

1
={X

w 
|w∈W}, let the initial windows-increment 

   X={x
w 
|w∈W ∧ x

w
=0} and i=1; 

(5) while ( M
R
 >0)  

(6)   Finding the best-window u, the best-atom-increment I
i
 and best-increment b

i
 over S

i 
; 

(7)   if ( M
R
≥b

i
·Size(u)·Rate(u) )     X=X+I

i 
: 

(8)   else        W(X)(u)
 
= W(X)(u)

 
+ M

R
 / [Size(u) ·Rate(u)]; 

(9)   M
R
= M

R
 −b

i
·Size(u)·Rate(u);  S

i+1
=S

i
+I

i
;  i=i+1; 

(10) For each w, let W
Y
(w)=W

Y
(w)+W(X)(w) and output the final window-width W

Y
(w); 

The total time complexity of Error-Based algorithm is O(max{d⋅cq, cqlogcq}), 
where cq denotes the number of continuous queries.  

Theorem 1. When ∑w∈W Min_T(w)·Size(w)·Rate(w) ≤ M < ∑w∈W Max_T(w) Size(w) 
Rate(w) holds, Error-Based algorithm can produce the optimal solution of the prob-
lem for adjusting the buffer size of sliding windows.  

3.3  C-Rank-Adjusting Algorithm 

When M<∑w∈WMin_T(w)·Size(w)·Rate(w) holds, the limited available-memory can’t 
B-rank-support all queries. So, we should try to C-rank-support all continuous que-
ries. ∀w∈W, supposing ∃q∈Q, U(w,q)=1 and Qd(q)>0 hold. Observing that there is 
the tolerated delay of q when yielding the querying-result. Therefore, we can adjust 
the window-width cyclically with time slice, in order to shorten the window-width of 
w just after yielding the querying-result and increase the window-width of w up to 
min-valid-width just before yielding the querying-result. Thus, we can free part of 
vacant memory of w just after q yielding the querying-result, so that other sliding 
windows can use this amount of vacant memory. In this way, all continuous queries 
can be as possibly as C-rank-supported with the limited available-memory. 

We realize it is hard to make sure that all queries over the same sliding window can 
yield the querying-result synchronously. However, we can pick out a query from all 
queries over the same sliding window, called as norm-query, to be the criterion of 
reference to adjust the window-width dynamically, so that norm-queries can be 
C-rank-supported and other queries can be B-rank-supported. Therefore, the memory 
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resource belong to the sliding window w is divided into two parts, one (named sta-
ble-memory) is stably occupied by w, which makes sure that all queries (except the 
norm-query) over w can be B-rank-supported, the other is shared with other sliding 
windows cyclically, which makes sure that the norm-query over w can be 
C-rank-supported. 

Definition 9. ∀w∈W, ∃p∈Q, if U(w,p)=1 and Qt-e(p)= Min_T(w) hold, p is called as 
the norm-query over w, and Qd(p) is the allocation-period of w, denoted by TD(w). If 
∃q∈Q, U(w,q)=1 and Qt-e(q)=max{Qt-e(r) | r∈Q ∧ r≠p ∧ U(w,r)=1} hold, then we call 
the value of min{Qt-e(p)−Qt-e(q), Qd(p)} as the min-valid-delay of w, denoted by 
Min_D(w); otherwise, Min_D(w)=TD(w). We call Qt-e(q)·Size(w)·Rate(w) as the sta-
ble-memory over w, denoted by Static(w). The delay-memory of w is defined as the 
value of Min_D(w)·Size(w)·Rate(w), denoted by R(w). 

In order to schedule sliding windows to use memory reasonably, we should divide 
sliding windows into several groups (each group called as a cyclic-group), so that 
sliding windows in the same group use the vacant memory cyclically with a period 
(named cyclic-period) and sliding windows in different groups use the vacant memory 
parallelly. 

Definition 10. ∃Z ⊆ W, ∑w∈Z Min_D(w) ≤ min{TD(w)|w∈Z}. ∀w∈Z, if WN(w) ≥ 
Min_T(w)−Min_D(w) holds at any time, we call the set Z as a cyclic-group over W, 
and call the value of max{R(w)|w∈Z} as the group-share-memory of Z, denoted by 
Share(Z). Meanwhile, we call the value of min{TD(w)|w∈Z} as the cyclic-period of Z, 
denoted by PT(Z).  

In a word, when M<∑w∈WMin_T(w)·Size(w)·Rate(w) holds, we should adopt an op-
timal strategy to group all sliding windows into cyclic-groups and minimize the total 
size of memory occupied by sliding windows. Supposing C denotes the set of cy-
clic-groups, which is formed by the optimal strategy, then the total buffer size of 
sliding windows is M’=∑S∈CShare(S)+∑w∈WStatic(w). Thus, the problem of adjusting 
the window-width can be described as follows. 

Input:  W and Q. 
Output: The set C of cyclic-groups over W with C ⊆ 2W. 
Object function:  min ∑S∈CShare(S) + ∑w∈WStatic(w), i.e. min ∑S∈CShare(S), 
               where Share(S) = max {R(w) | w∈S}. 
Subject to:  (1) ∀S∈C, ∑w∈SMin_D(w) ≤ min {TD(w) | w∈S}, that is, S must be a 
             cyclic-group. 
          (2) WS

CS
=

∈
U . 

          (3) ∀U∈C, ∀V∈C, if U≠V, then U ∩ V=φ.               (3-2) 

Theorem 2. When M < ∑w∈WMin_T(w)·Size(w)·Rate(w) holds, the problem of 
adjusting window-width is NP-hard. 

Since the time and space complexity of the problem (3-2) with the enumeration 
method both are O(4d), we propose an optimal algorithm with exponential complexity 
and an approximation algorithm with polynomial complexity.  

Following presents the optimal exponential algorithm, named Optimal-Dyna-
mic-Delay-Based (ODDB). The main idea of ODDB is to number the sliding win-
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dows as natural numbers firstly, that is, ∀wi∈W, let f(wi)=i with 1≤i≤d. Then we map 
any subset of W into a natural number between 1 and 2d using the mapping function 
F, that is, ∀A⊆W, let F(A)=∑wi∈A2f(wi)=n and denote A as F−1(n) with 1≤n≤2d. So, any 
integer between 1 and 2d corresponds to a set of sliding windows uniquely. Let the 
variable Is_Group[n] determine whether the set F−1(n) of sliding windows is a cy-
clic-group, the variable Cost[n] preserve the optimal cost of the set F−1(n) and the 
variable split_point[n] be the optimal solution of the set F−1(n). Based on above nota-
tions, we give the optimal algorithm of ODDB using dynamic programming method. 

Input:  W and Q. 
Output: The set C of cyclic-groups over W with C ⊆ 2W. 
Optimal-Dynamic-Delay-Based ( ) 
(1) ∀w

i
∈W, let f(w

i
)=i with 1≤i≤d; 

(2) for ( i=0 ;  i<d ;  i++) 
(3)   n=2i;   /*Producing a cyclic-group F−1(n) which only contains w

i.
*/ 

(4)   Is_Group[n]=true; Cost[n]=R[i];  /*Denoting F−1(n) as a cyclic-group */ 
(5)   for ( j=1;  j<n ;  j++) 
(6)       m=n OR j;   /*Unioning {w

i
} and F−1(j), and producing a new set F−1(m) */ 

(7)       if ( the set F −1(m) is a cyclic-group ) 
(8)           Is_Group[m]=true;  Cost[m]=max{Cost[j], R[i]} ; 
(9)       else 
(10)         Is_Group[m]=false;  /*Identifying the set F−1(m) as a none cyclic-group*/ 
(11)         Cost[m]=min{Cost[k]+Cost[m XOR k] | 1≤ k<j ∧ F−1(k)⊆F−1(j)} 

The space complexity of ODDB is O(2d) and the time complexity of ODDB algo-

rithm is =∑ −
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Theorem 3. When M<∑w∈WMin_T(w)·Size(w)·Rate(w) holds, ODDB algorithm can 
produce the optimal solution. 

Following is the polynomial approximate algorithm, named Approximate-De-
lay-Based (ADB). The main idea of ADB algorithm is to cluster the sliding windows 
into a cyclic-group whose delay-memory is comparative in order to minimize the sum 
of group-share-memory. 

Input:  W and Q. 
Output: The set C of cyclic-groups over W. 
Approximate-Delay-Based( )  
(1) Ranking all sliding windows descendingly in terms of the delay-memory and form the 
   queue w

1
,…,w

i
,…,w

d 
; 

(2) k=1; n=0; /* k denotes the suffix of the sliding window, and n denotes the number of 
   cyclic-groups. */ 
(3) while ( k≤d ) 
(4)       l=1;                   /* l denotes the suffix of the cyclic-group.*/ 
(5)       while (l≤n) 
(6)              if ({w

k
}∪Z

l
 is a cyclic-group)   Z

l
 ={w

k
}∪Z

l
;  Break; 

(7)              else   l++; 
(8)       if (l >n)    Z

l
 ={w

k
};  n++;  /* let w

k
 form a new cyclic-group by itself*/ 

(9)      k++; 
(10) Output the set C={

 
Z

i
 | 1≤i≤n };  

The time complexity of ADB algorithm is O(d 2) and the space complexity is O(d). 
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4  Experimental Results 

To evaluate the efficiency of our proposed algorithms, we perform the simulative 
experiment with random data. During each experiment, we randomly produce several 
sliding windows and 600 continuous queries and adjust the window-width of sliding 
windows using the corresponding algorithms in section 3. Every experimental result 
is the average of 10 times. 

The content of the experiment is divided into three parts. The first part is to exam-
ine the performance of algorithms. The second part is to study the error of continuous 
queries influenced by the adjustment mechanism. The third part is to examine the 
availability of the memory influenced by the adjustment mechanism. All parts of the 
experiment will show that our work is significant to the data stream system.  

As the experiment for the performance of A-rank-adjusting algorithm and B-rank- 
adjusting algorithm is simple, we omit it. So, we mainly examine the performance of 
C-rank-adjusting algorithm and study the difference of performance between ODDB 
algorithm and ADB algorithm in the environment of data steam system with the vari-
able number of sliding windows. Since the time and space complexity of ODDB al-
gorithm is very high, we can only get the optimal solution of the small-scale problem. 
So the number of the sliding windows is limited below 17. Figure 1 presents the dif-
ference of performance between ODDB algorithm and ADB algorithm as the number 
of sliding windows changes. At any time, the difference of performance is not great 
and the relative difference does not exceed 20%. It implies that the approximate ADB 
algorithm can perform wonderfully for the large-scale problem.  
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The experiment result about impact of the adjustment mechanism upon the total 
error of queries is shown in Figure 2. We examine the difference of the sum of win-
dow-accumulate-error before and after using the adjustment mechanism in the envi-
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ronment of data steam system with the variable number of sliding windows. As 
shown in Figure 2, the total the window-accumulate-error changes a lot before and 
after adjusting the window-width. The experiment result shows that our adjustment 
mechanism decreases a lot of the total error of continuous queries. 

Figure 3 shows the impact of the adjustment mechanism upon the availability of 
memory. We study the difference of the sum of group-share-memory before and after 
using the adjustment mechanism in the environment of data steam system with the 
variable number of sliding windows. 

Before using the adjustment mechanism, there is no sharing of the memory among 
the sliding windows, that is, the number of sliding windows in each cyclic-group is 1. 
However, after using the adjustment mechanism, more than one sliding window in 
each cyclic-group can share the memory, so that low memory overhead is achieved. 
As shown in Figure 3, the total group-share-memory changes a lot before and after 
adjusting the window-width, which shows that our adjustment mechanism saves a lot 
of the memory, that is, it achieves low memory overhead.  

5  Summary 

In this paper, we propose the algorithms of adjusting the buffer size of sliding win-
dows in the data stream system with limited memory, aiming to minimize the total 
error of continuous queries or achieve low memory overhead. Analytical and experi-
mental results show that our algorithms can be applied to the data stream system effi-
ciently. 
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Abstract. In many online applications, we need to maintain quantile
statistics for a sliding window on a data stream. The sliding windows in
natural form are defined as the most recent N data items. In this paper,
we study the problem of estimating quantiles over other types of sliding
windows. We present a uniform framework to process quantile queries for
time constrained and filter based sliding windows. Our algorithm makes
one pass on the data stream and maintains an ε-approximate summary.
It uses O( 1

ε2
log2 εN) space where N is the number of data items in the

window. We extend this framework to further process generalized con-
strained sliding window queries and proved that our technique is appli-
cable for flexible window settings. Our performance study indicates that
the space required in practice is much less than the given theoretical
bound and the algorithm supports high speed data streams.

1 Introduction

In many applications, massive volume of data is generated and collected from
distributed sources and needs to be processed in real time. The data can be
modelled as an unbounded data sequence arriving at a port of the system thus
is given the name “data stream”. The uprising requests of processing data
streams call for a revolutionary view and new techniques. In stream processing,
a data item can be accessed at its arriving time only once. As the size of a
data stream is often unbounded, processing needs to make as small size memory
footprints as possible. On one hand, one pass of strict ordered scan of data makes
save both on access time and storage. On the other hand, many operations such
as join and aggregations become non-trivial under data stream model. Elegant
algorithms are needed to meet the space and time restrictions.

New semantic for processing data streams keeps being discovered. Among
those, processing data streams over sliding windows receives much research at-
tention[1, 2]. As data arrives in order, it is natural to define “old” data which is

Q. Li, G. Wang, and L. Feng (Eds.): WAIM 2004, LNCS 3129, pp. 34–44, 2004.
c© Springer-Verlag Berlin Heidelberg 2004
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observed earlier and“recent” ones which has just arrived. In many applications,
only recent data items are interested to the user. Therefore, computations need
to focus on a sliding window which contains only a portion of most recent data
in the stream. In this paper, we study quantile problems on sliding windows.

Quantile information unveils important information on the data distribution
of a data set. The task is to compute φ quantile, which is the value of the data
at rank �φN�(after sorting) for a set of N data elements. Early in 1980, Munro
and Paterson proved in [5] an Ω(N

1
p ) lower bound on space requirement for

computing exact quantiles over N data elements in p passes of scanning the
data. In data stream, as it’s impossible to get accurate quantiles, it is desir-
able to have estimations with accuracy guarantees. The work [7, 8] studied the
problem of estimating approximate quantiles for whole data stream. The space
requirement is O(1

ε log2 εN) for ε-approximate quantiles. In a recent paper [4],
this problem was re-studied for append only data stream. A deterministic algo-
rithm using a space of O(1

ε log εN) was presented. In [3], the authors studied the
problem on a data stream that has both append and deletion. The algorithm
uses O(log2 |U | log (log(|U |)/δ)/ε2) space, given the value domain U of data and
the algorithm estimates ε-approximate quantiles with confidence 1− δ. The only
work we know for estimating quantiles on sliding windows is [6]. In this paper,
the authors gave a solution for estimating quantiles on a sliding window contain-
ing a fixed number of data items. The algorithm uses O( 1

ε2 + 1
ε log ε2N) space

for sliding window containing N data items. In addition to the natural form of
sliding window, a window may be constrained to other parameters such as “data
arrived in most recent 5 minutes” or “phone calls originated from CSE in the
most recent 10000 calls inside campus”. Challenges on such sliding windows lie
on two aspects. Firstly, the number of data items in the window is unknown and
changes over time. The technique in [6] does not work without an apriori to the
window size. Secondly, constraints may have various of forms and a practical
query processing should be able to handle different window queries in a uniform
way rather than hacking from one specific solution to another. Our contribution
can be summarized as following:

1. We give a sub-linear deterministic algorithm for estimating ε-approximate
quantiles over time constrained and filter based sliding windows.

2. We give a uniform framework for estimating ε-approximate quantiles under
an extended sliding window definition, using sub-linear space.

2 Preliminary

In this section, we introduce some background of quantile estimation over data
streams and define terms to use in the later sections.

2.1 Quantile Computations on Data Stream

Definition 1 (Quantile). A φ-quantile (φ ∈ (0, 1]) of an ordered sequence of
N data items is the data item at rank �φN�.
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Fig. 1. Quantiles of a sequence

Figure 1 is an example for quantiles on a data stream of 8 items. As the difference
between φN and �φN� is smaller than 1, without loss of generality, we use φN
as the requested quantile point instead of �φN� in the paper. Definition 2 gives
the quantitative approximation measurement.

Definition 2 (ε-Approximate Quantile). An ε-approximate answer for a
quantile query Q(φ) is a data item of which the rank r satisfies |r − φN | ≤ εN .
Where N is the number of data elements in the sequence.

Generally, a summary which estimates ε-approximate quantiles may be in
any form. In our study, we use quantile sketch, or sketch for brevity, to denote a
summary structure proposed in [4], as the quantile summary of a data stream.

Definition 3 (Quantile Sketch). A quantile sketch S of an ordered data se-
quence D is an ordered sequence of m tuples {(vi, r

−
i , r+

i ) : 1 ≤ i ≤ m} with the
following properties.

1. Each vi ∈ D.
2. vi ≤ vi+1 for 1 ≤ i ≤ m − 1.
3. r−i < r−i+1 for 1 ≤ i ≤ m − 1.
4. For 1 ≤ i ≤ m, r−i ≤ ri ≤ r+

i where ri is the rank of vi in D.

An ε-approximate sketch is also written as ε-sketch for short. And Greenwald
and Khanna proved the following lemma in [4].

Lemma 1 (GK ε-sketch). An ε-sketch satisfies the following conditions.

1. The first tuple r+
1 ≤ εN + 1,

2. The last tuple r−m ≥ (1 − ε)N ,
3. for 2 ≤ i ≤ m, r+

i ≤ r−i−1 + 2εN .

To query the sketch for quantile φ, the algorithm scans the sketch and returns
a tuple (v, r−, r+) which r− > φN − εN and r+ < φN + εN . It was shown in
[4] that maintaining such a sketch requires O(1

ε log εN) space. We use the term
GK-sketch to refer to an instance of a sketch maintained by algorithm in [4].
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Fig. 2. Two types of sliding windows

2.2 Constrained Sliding Windows

The sliding window studied in [6] can be viewed as of a natural-form. It is
defined on the number of data items in the window. For the windows defined
on other constraints, we call them “constrained sliding windows”. Fig. 2 shows
the difference between the two types of windows. A strict definition on accepted
constraints to a sliding window will be derived in section 4, after we show the
framework for estimating quantiles for two typical constrained windows.

3 The Sliding Window Techniques

In this section, we present a framework for estimating approximate quantiles
over constrained sliding windows and show how quantiles can be estimated for
time constrained and filter based sliding windows.

3.1 The Framework

The basic idea of our algorithm is to partition the stream along its incoming
order and build sketches on each partition so that at any time, a query can be
answered by extracting an appropriate sketch from the summary.

The validity of partitioning a data stream while still keeping the accuracy of
quantile estimations is based on the following theorem.

Theorem 1. Given an ε
2 -sketch Sn on the most recent n data items, then a

φ-quantile query estimation from Sn is an ε-approximate φ-quantile for the most
recent N data items, if n ≤ N ≤ (1 + ε

2 )n.

To build a summary, we partition the stream into k buckets b1, b2, ...bk. For
each bucket, we maintain an ε

2 -sketch which covers all data items that arrived
after the bucket was constructed. Let the number of data covered by the sketch
in bi be ni. The buckets in the summary satisfy that ni − ni+1 ≤ ε

2ni+1 + 1 and
ni − ni+2 > ε

2ni+2 + 1, for 1 ≤ i < k − 1, namely ε
2 -partition.

We build in each bucket an ε
2 -approximate GK-sketch and according to the-

orem 1, a sketch can be extracted from the summary for any length of window.
We use (a, b)-summary to denote a summary built on a-partition and b-sketch.
e.g. The summary we just built is an ( ε

2 , ε
2 )-summary.

Lemma 2. The number of buckets maintained in an ε-partitioned summary, if
n1=N, is Θ(1

ε log εN).
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Fig. 3. Drop redundant buckets in summary

As O(1
ε log εN) space is needed for a GK-sketch. We have,

Theorem 2. The total space needed by an (ε, ε)-summary is O( 1
ε2 log2 εN).

Let di = ni − ni+1 and we group buckets with same di to form “d-groups”.
(see Fig. 3) Observe that dropping of buckets will always occur on the second
bucket in an d-group, promoting the first one into the 2d-group. The di thus
takes a form of 2j, j = 0, 1, 2, .... Use the space bound we derived, there will be
log εN such d-groups and each contains no more than � 1

ε � + 1 buckets. We give
algorithm 1 to efficiently maintain the summary structure.

Algorithm 1 Summary Maintenance
Upon a new data item v arrives:
step 1: Allocate a new bucket for this data item and append it to 1-group.
step 2: Iteratively checking the d-groups, from 1-group upwards. If the i-group is full
(i.e. contains � 1

ε
�+2 buckets), drop the second bucket in this group and move the first

one to 2i-group. Stop iteration when at i0-group, no bucket is dropped.
step 3: Add v to sketches maintained in all the buckets in the summary.

It is important to note here that although in the analysis of the algorithm,
we use N , n to refer to the number of data items in the window, it does not
have to be unveiled to the algorithm. Therefore, the sliding window does not
have to define on “item counting”. Additionally, for any window length, we can
find a corresponding sketch in the summary. This enables answering queries for
different window lengths using one single summary.

3.2 Quantile Summary for Two Constrained Sliding Windows

T-Window Quantile Query: A T-window query with parameters φ, T and ε
can be written in SQL-like syntax as:
SELECT φ-quantile FROM stream
RANGE= data arrived in last T time
PRECISION = ε0
Here, the parameter φ and T can vary from query to query while ε0 is pre-fixed
when the summary is built.

We build an ( ε
2 , ε

2 )-summary and record the time when each bucket is built.
To query a quantile, we choose the earliest constructed bucket with time-stamp
inside the query window and estimate quantile using the sketch in this bucket.
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N,f-Window Quantile Query: An N,f-window quantile query with parameters
φ, N , ε and filter function f can be written in SQL-like syntax as:
SELECT φ-quantile FROM stream WHERE f(v) = true

RANGE= most recent N data items.
PRECISION = ε0
The underlined parameters vary from query to query while f and ε0 are fixed
when building the summary structure.

A single GK-sketch can handle filter based quantile query on whole stream by
adding only the data items that pass the filter into the sketch. While according to
[6], an approximate quantile summary for an N-item window can be maintained.
However, neither can handle this N, f -window query.

To process the N, f -window quantile query, we build an ( ε
2 , ε

2 )-summary. A
data item v is added into the summary if f(v) = true. On each bucket bi, we
record the number ni of data items observed (whatever added or not to the
summary) after this bucket is built. To query a quantile, we scan the summary
and choose the first bucket bk that nk ≤ N , and return the quantile estimated
by the sketch in it.

4 Processing General Queries

In this section, we propose a uniform summarization technique for processing
quantile queries on sliding windows with general constraints.

4.1 Sliding Window and Regression Function

A sliding window has the following properties.

1. Monotony. An expired data item won’t re-enter a window.
2. FIFO. Early arrived data items expires from a window before late items.

We first define monotonic boolean function, as following.

Definition 4 (Monotonic Boolean Function). A monotonic boolean func-
tion F : V �→ {true, false} satisfies,

∃t0, F (v)|t0 = false −→ ∀t > t0, F (v)|t = false.

Here, t > t0 means a time t later than t0 and V is the domain of the attribute(s)
tested by F .

We define regression function(RF) to fully specify a sliding window.

Definition 5 (Regression Function (RF)). A function R is a regression
function if it satisfies the following two conditions:

1. R is a monotonic boolean function.
2. For two data items v1 and v2 which v1 arrives earlier than v2, if R(v1) and

R(v2) are both true at time t0, then there is no time t > t0 that R(v1) = true
while R(v2) = false.
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We use the term R-window, or simply R to refer to a sliding window con-
strained by R. And the sliding windows studied in the last section is described
using regression function like this:

1. RN (v)= true iff v is among the most recent N items.

2. RT (v)= true iff v is observed in recent T time.
3. Rf (v) = f(v) , f(v) : V �→ {false, true}

We specially address on Rf that, for a given function f , a data item is
determined to be inside(f(v) = true) or outside(f(v) = false) of the window at
the time it is observed and the status never changes afterwards. We define filter
RF specially for this kind of regression function.

Definition 6 (Filter RF). Function R is a filter RF if

1. R is a regression function,
2. If at time t0, ∃v, R(v) = true, then R(v) = true for all t > t0.

It is easy to see that composition of two RFs under AND or OR is still a RF.
However, only filter-RFs keep this property under NEG operation.

We are now ready to show how a query on a generally constrained window,
possibly a boolean expression formed by regression functions, be processed in a
uniform manner in our framework.

4.2 Processing Quantile Queries for a General R-Window

A constraint R can be written in DNF.

R = (a11 ∧ a12... ∧ a1m1 ∧ b11 ∧ b12... ∧ b1n1)
∨ (a21 ∧ a22... ∧ a2m2 ∧ b21 ∧ b22... ∧ b2n2)
...

∨ (aj1 ∧ aj2... ∧ ajmj ∧ bj1 ∧ bj2... ∧ bjnj )

Here, regression functions are divided into classes a and b, where class b is
the class of filter-RFs and a for non-filter RFs. We use ti, 1 ≤ i ≤ j to denote
the j conjunction clauses. We build the summary in the following steps.
Step 1: Scan for pure class a clause If there exists one or more ni = 0 (1 ≤
i ≤ j). We form a “pure class a sub-constraint” A =

∨
{i:ni=0} ti.

Step 2: Scan for pure class b clause If there exists one or more mi = 0 (1 ≤
i ≤ j). We form a “pure class b sub-constraint” B =

∨
{i:mi=0} ti.

The remaining clauses form constraint C =
∨

{i:mi∗ni�=0} ti so R = A ∨ B ∨ C.
Step 3: Build quantile summary Algorithm 2 demonstrates this procedure.

When a new data item arrives in the data stream, the summary is updated
using algorithm 3. It is easy to verify that the space usage of the whole summary
is bounded by O( 1

ε2 log2 εn1 + 1
ε log εn2), where n1, n2 is the number of items

inserted into S1,S2 respectively. To query the summary for φ-quantile on an
R-window, first extract sketch skR from the ( ε

2 , ε
2 )-summary S1 for the query
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Algorithm 2 Build Summary
Input:

Constraints R = A ∨ B ∨ C.
Output:

Quantile Summary for R-window.
Description:
1: if B is not an empty constraint then
2: Build a GK-sketch S2 on error parameter ε;
3: end if
4: if C is not an empty constraint then
5: Form constraint Bs = (

∨
{i:ti in C} tb

i)
∧¬B; (tb

i =
∨ni

k=1 bik)
6: end if
7: Build an ( ε

2
, ε
2
)-summary S1 with constrains Bs and A

∨
C;

8: return S = (S1, S2);

Algorithm 3 Summary Maintenance
Input:

Summary S(S1, S2) built in algorithm 2 and a data item v.
Output:

Updated summary.
Description:

if B(v) == true then
Add v into sketch S2.

else if Bs(v) == true then
Add v into summary S1. (use algorithm 1)

end if

window. Then merge skR with S2. The merged sketch is an ε-sketch and we
query it for φ-quantile.

We omit the detail of operation merge here due to space limitation. A general
version (of merging multiple sketches) can be found in [6] in which it is proved
that the merged sketch is ε-approximate. The whole diagram of maintenance
and query of the summary is shown in figure 4.

co−ordinator
query

extract
sketch R

(R, φ )
query

ε

skR
v

B(v)=false

B(v)=true

B
data

merged  sketch

φ

constraint A^C

answer

answer

User

S1: (  /2,  /2)−summary

constraint Bs

S2: GK−sketch on 

ε ε

S2

Fig. 4. Working flow of the framework
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5 Performance Study

We present performance evaluations as well as analysis on practical issues of our
algorithm in this section. The algorithms are implemented in C++ and compiled
using GNU gcc(v2.95). We run experiments on a P4 2.0GHz , 512MB memory
PC with Debian Linux as its operating system.

5.1 Performance Evaluation on Synthetic Data Sets

We test the algorithm using a set of T-window queries. The parameters that
affect experiments are listed in table 1 with their default values used in this
subsection.

Table 1. T-window query: system parameters

Notation Definition (Default Values)

ε The guaranteed precision (0.05)

φ (1/q, ..., (q − 1)/q) for a given q (q=64)

D Data distribution of the stream (uniform)

Sr Stream Rate (approx. 400 tuples/s)

Mw Max window length(on time) (600s)

Ss Stream Size (1.5*Mw*Sr=360K)

Qw Query window length(on time) (600s)

Figure 5(a) shows the estimation errors for quantiles from 1/128..127/128
on Qw = 600s and Qw = 300s. Figure.5(b) shows the experiment results using
normal distributed data and semisort data. From the result we can see that
under a guaranteed error setting of 0.05, the estimation errors are much lower
than the guaranteed value. We also have similar observations on summaries with
other ε, omitted here due to space limitation.

(a) on diff. windows (q = 128) (b) on diff. data sets (q = 64)

Fig. 5. Estimating accuracy evaluation

We also measure the memory space used by the summary. Figure 6 shows
the space consumption under different settings. We present two statistics in the
result graphs. The “max space usage” is the peak value of memory consumption
and “avg space usage” represents the average space consumption. Figure 6(a)
shows the space consumption when Mw varies from 200s, 400s, to 800s. We can
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see that the space consumption increases very slowly on window enlargement,
both for max and avg space usage. In Fig. 6(b), we compare the space usage when
precision requirement changes. The experiment results show that the space usage
increases apparently when ε gets smaller and the trend follows our analysis of
the space usage.

F i g. 6. Performance of space consumption: T-window

We conducted a set of experiments to measure the timing characteristics of
the algorithm. Compressing of the GK-sketch dominates the running time of
the algorithm. As we maintain multiple sketches in the summary, avoiding a
synchronized compression of all sketches can have benefits that both the overall
runtime performance is less fluctuating and the use of data buffer for incoming
stream items can be reduced.

F i g. 7. Runtime performance: synchronized v.s. asynchronous

We tune our algorithm to compress sketches asynchronously. The result is
shown in Fig. 7 where in sub-figure (a), the fluctuation of asynchronous com-
press(pale(green) curve inside) is much less than that of synchronized compres-
sion. Time needed for an individual insertion is calculated by an average of a
batch of 16 consecutive insertions to reduce measuring error. Figure 7(a) also
suggests that the algorithm supports high speed data stream (> 500 tuples/s).
Figure 7(b) shows the buffer usage of the algorithm, the stream rate is 500
tuples per second. The difference on buffer usage between synchronized and
asynchronous compressions is apparent from the experiment that asynchronous
compression needs generally less buffer in most of the time.
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5.2 Real Data Set Evaluations

We also test the algorithm using a real data set. We use data from TDT(Topic
Detection and Tracking) data repository. The data collected from news articles
and stories is hashed to numerical values for the experiments.

Figure8 shows the accuracy and space consumption tests on default settings
using the real data set for T-window queries(Fig.8(a)). We also test a set of N,f-
window queries, in which the selectivity of filter function is set to 0.6 and window
lengths are 100K and 200K respectively. The results are shown in Fig.8(b).
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Fig. 8. Real data experiments

6 Conclusion

In this paper, we study the problem of processing approximate quantile queries
for constrained sliding windows on a data stream. We present a framework
that estimates ε-approximate quantiles using O( 1

ε2 log2 εN) space. We extend
the framework to process generally constrained sliding window queries, using
O( 1

ε2 log2 εn1 + 1
ε log εn2)space (n1 + n2 = N).
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Abstract. In this paper, we propose dimensionality reduction representation of 
multi-scale time series histograms, which is performed based on the multi-scale 
histograms. It is a faster and efficient way to pre-select time sequence in a data-
base and leads to reduce the need of time sequence comparisons when answer-
ing similarity queries. A new metric distance function MD ( ) that consistently 
lower-bounds WED and also satisfies the triangular inequality is also presented 
and based on it, we construct the Slim-tree index structure as the metric access 
method to answer similarity queries. We also extend it to subsequence match-
ing and presented a MSST index structure.  

1   Introduction and Related Works 

Time-series data are of growing importance in many new database applications, such 
as data mining or data warehousing. The problem of retrieving similar time sequences 
may be stated as follows:  

Given a query sequence q, a set of time sequences ( ) ( )1 1[ , , , , ]n nX x t x t= K , a 

distance measure d, and a tolerance threshold ε , find the set R of sequences closer to 
q than ε , or more precisely: 

( ){ },R x d q x ε= ≤                                                   (1) 

There are essentially two ways the data might be organized: 

Whole Matching; Here it assumed that all sequences to be compared are the same 
length. 
Subsequence Matching: Here we have a query sequence X, and a longer sequence 
Y. The task is to find the subsequence in Y, beginning at Yi, which best matches 
X, and report its offset within Y. 

However, any proposal of such similarity queries technique must be supported by 
indexing for very large databases. Note that, any indexing scheme that does not ex-
amine the entire dataset could potentially suffer from two problems, false alarms and 
false dismissals. In order to guarantee no false dismissals, the distance in the index 
space must satisfy the following condition 
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( ) ( ), ,indexspace trued x y d x y≤                                           (2) 

Generally speaking, efficacy of retrieval methods of similar time sequences de-
pends on used techniques of dimensionality reduction data representation, robust 
distance measures and good indexing methods. There are many methods for efficient 
retrieval of similar time sequences: Agrawal et al. in [1] introduced a method called 
the F-index which a signature extracted from the frequency domain of a sequence; An 
approach independently introduced by Yi and Faloutsos [2] and Keogh et al. [3] is to 
divide each sequence into k segments of equal length, and to use the average value of 
each segment as a coordinate of a k-dimensional signature vector; Perng et al. [4] 
introduces a general landmark model. 

Among them, a method of multi-scale histogram-based representation with weight-
ed Euclidean distance to time series data outperform string representations in finding 
patterns and outperform DTW and LCSS in answering exact match queries when the 
time series data contain noise or time shifting and scaling [5]. 

The main contributions of the paper are: 
In this work, we present dimensionality reduction representation of multi-scale his-

tograms of time series.  The main objective of dimensionality reduction representa-
tion of multi-scale histograms of time series was to define a faster way to pre-select 
time sequence in a database, which is performed based on the multi-scale histograms, 
to reduce the need of time sequence comparisons when answering similarity queries. 
The new metric distance function MD ( ) to measure the dissimilarity between time 
series through their dimension-reduced multi-scale histograms is also presented. We 
also prove the no false dismissal property of our approach. Finally, we use slim-tree 
to create hierarchy indexing structures in metric space. Slim-tree index structure 
minimizes the number of distance calculations taking advantage of the triangular 
inequality property of metric distance functions. We also extend dimension-reduced 
multi-scale histograms to subsequence matching. Our techniques extend and general-
ize the earlier results of Lei Chen et al. [5]. Based on the idea of using multiple reso-
lution levels, we proposed another index structure called MSST-index that clusters 
the subsequences for different resolutions in a grid of slices. We provide a flexible 
method that allows the user to specify queries of variable length, and the technique 
can be tuned to optimize the retrieval time or the accuracy of the solution. 

The rest of the paper is organized as follows: In Section 2 point out existing prob-
lem and presents our approach and Section 3 contains results obtained from experi-
mentations with real data sets. Finally, in Section 4 we conclude and discuss about 
possible extensions for our work. 

2   Existing Problem and Proposed Solutiont 

2.1   Dimension-Reduced Multi-scale Time Series Histograms Representation   
         of Time Series 

Experimental result show that the number of bins is up to 64 bins and scales δ is at 
least equal to 4 in order to achieve reasonable good results in [5]. Sequential scanning 
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over a large set of time series is impractical due to the high computational cost of 
comparing two time series. The main practice used to accelerate the data retrieval in 
time series database is indexing the data through an access method tailored to the 
domain of the data. Indexing the extracted time series characteristics is usually done 
through spatial access methods, where each extracted feature is a dimension. Regard-
ing time series histograms, each bin is indexed as a dimension. Indexing histograms 
like this one requires indexing arrays with 16-256 elements or, in terms of indexing 
structures, dimensions. 

However, the spatial access methods are efficient up to a limited number of dimen-
sions, in general not larger than 10 or 20. Indexing time series through their histo-
grams with several hundred bins or more is highly inefficient. Many attempts have 
been done to find more concise representations of histograms using dimensionality 
reduction techniques [6]. All these attempts lead to histograms representations with a 
reduced number of dimensions.  

Given the multi-scale representation of time series histogram, we propose to repre-
sent a dimension-reduced multi-scale representation of time series histogram through 
a set of line segments. In order to construct dimensionality reduction representation 
of multi-scale histograms of time sequence, we will utilize the Piecewise Aggregate 

Approximation (PAA) [7]. Specifically, the multi-scale histograms H δ =
 

1 1,b h , , ,b hτ τ L  of length τ  can be represented in a w-dimensional space 

by a vector 1 1, , , ,w wH b h b hδ  =  L . The ith element of H δ  is calculated by 

the following equation:  

( )1 1

i
w

i j

j i
w

wh h

τ

ττ
= − +

= ∑                                             (3) 

Multi-scale histograms of different time series can be dimension-reduced using 
different number of line segments, so the approximation can be optimized to describe 
each multi-scale histogram. Thus, these approximations are defined in a metric do-
main - this domain does not have a number of dimensions defined.  

We developed a new metric distance function in order to quantify the dissimilarity 
between dimension-reduced multi-scale histograms.  

 
Definition 1. The distance function MD ( ) between two dimension-reduced multi-

scale time series histograms 1 ,
Q Q Q

wH h h =   
L , 1 ,

C C C
wH h h =   

L  is defined as 

below: 

                                 ( )2
2

1

w Q C
j jreduce

j
d h h

w
τ

=

 
= − 

 
∑                                        (4) 

We note that MD () is a metric, and in particular it obeys the triangle inequality. 
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Fig. 1. Distance between two dimension-reduced multi-scale time series histograms. (a) Two 

dimension-reduced multi-scale time series histograms 
QH  and

CH . (b) Steps of the algo-
rithm, exemplifying the distance function calculation. 

Figure 1 gives an example of how to calculate the distance between two dimen-
sion-reduced multi-scale time series histograms. 

Next, we will demonstrate lower bounding characteristic of the distance function 
MD ( ). Given two time series Q and C of the same length n, their transformed repre-

sentations of multi-scale time series histograms 1 ,Q Q QH h hτ =  L , 1 ,C CH h=   
Chτ L and further transformed representations of dimension-reduced multi-scale 

time series histograms 1 ,
Q Q Q

wH h h =   
L , 1 ,

C C C
wH h h =   

L . If 2
histd = ( QH  

)TCH− denotes the distance between two multi-scale time series histograms and 

( )2
2

1

w Q C
j jreduce

j
d h h

w
τ

=

 
= − 

 
∑  denotes the distance between two dimension-

reduced multi-scale time series histograms, then, we have: 

Theorem 1. With histd  and reduced  defined as above, we have that 

                                                   2 2
hist reduced dτλ≥                                                     (5) 

Where τλ is the minimum eigenvalue of Λ , Λ is determined by TA Q Q= Λ . 

Proof: From proof in [7], we know that reduced  lower bounds the true Euclidean 

distance, so we have, 

( )2

1

Q C
reduce i i

i

d h h
τ

=

≤ −∑                                          (6) 

Since A is a τ τ×  symmetric matrix and positive semi-definite (get by its defini-

tion). Consider the quadratic form ( ) ( )2 TQ C Q C
histd H H A H H= − − , then it is 

a theorem of linear algebra that there is a matrix 
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1 0

0 τ

λ

λ

 
 

Λ =  
 
 

O  

(The iλ in Λ  are just the eigenvalues of A, We may take 1 2 τλ λ λ≥ ≥ ≥L ) so that 
TA Q Q= Λ .�Use matrix inequalities, we have �

( ) ( )2 TQ C Q C
histd H H A H H= − − ( ) ( )TQ C T Q CH H Q Q H H= − Λ −

( )( )
2

1

T Q C
i i

i
q H H

τ

λ
=

= −∑ ( )( )
2

1

T Q C
i

i
q H H

τ

τλ
=

≥ −∑ ( )2Q CH Hτλ= −
 

For ( )2Q CH H− = ( )2

1

Q C
i i

i
h h

τ

=

−∑ , so we have conclusion, 

( )22 Q C
histd H Hτλ≥ − = τλ ( )2

1

Q C
i i

i
h h

τ

=

−∑ 2
reducedτλ≥ . 

Based on theorem 1, we can use the distance to prune irrelevant sequences from a 
database without false dismissals. 

Finally, we implemented our proposed dimension-reduced multi-scale time series 
histograms and the distance MD ( ) using the Slim-tree [8] as the metric access 
method to answer similarity queries. The Slim-tree has been used because it allows 
the minimization of the overlap between nodes in the structure as well to measure this 
overlap.  

To speed up search under the metric distance function we will rely on the classic 
idea of lower bounding. We use Minimum Bounding Omni Region (mbOr) concep-
tion and HF-algorithm [9] to elect a set of objects as representative (foci or pivot) of 
slim-tree, the representative set cardinality of the slim-tree and choose appropriate 
representative of the slim-tree. The selected representative increases the pruning of 
distance calculations during the query processing. 

2.2   Multi-resolution Subsequence Slim-Tree Index Structure 

The final part of the paper concentrates on subsequence matching. In contrast to the 
approaches that they only address the whole sequence matching problem in [5], we 
propose another dynamic index structure called multi resolution subsequence slim-
tree–Index (MSST) that use ideas of the slim-tree index structure and MR-index 
structure [10]. This index structure stores a grid of subsequence. Each row of this grid 
corresponds to a different resolution, and is constructed by sliding a window of a pre-
specified length on the database sequences. A given query sequence is performed 
queries corresponding to the resolutions available in the index structure. For a range 
query, the technique successively reduces the query range by performing an in-
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memory search of the queries. This index structure is dynamic and allows queries of 
arbitrary lengths. 

Let S be the longest time sequence in the databases, where 12 2u uS +≤ ≤ for 

some integer u .Similarly, let the minimum possible length for a query be 2l  , for 

some integer u,  where l u≤ . Let 1, , nS SL be the time sequences in the database 

as shown in Figure 3. Our index structure stores a grid of trees ,i jGT , where i ranges 

from l to u, and j from 1 to n. Tree ,i jGT   is the set of slices for the jth subsequence 

corresponding to window size 2i .  

In order to obtain ,i jGT , we slide a window of length 2i  on sequence jS , starting 

from the leftmost point of jS . We transform each sequence of length 2i into dimen-

sion-reduced multi-scale time series histograms, and construct slim-tree index struc-
ture from the transformation. This process continues until all subsequences of length 
2i

 are transformed and constructed.  

The ith row of the MSST–Index Structure is represented by iR , where 

{ ,1i iR GT=  },, , i nGTL corresponds to the set of all trees at resolution 2i . Simi-

larly, the column jth of our index structure is represented by iC  , where 

{ }, ,, ,i l j u jC GT GT= L corresponds to the set of all trees for the time sequence in 

the database. 
The MSST–Index Structure is dynamic because a row (a data sequence) can be in-

serted independently. Columns can also be inserted independently; this corresponds 
to an increase in the size of sequence. Moreover, different rows of the index structure 
can have different lengths. 

 

 
Fig. 2. Layout of the MSST-index structure. 

Figure 2 presents layout of the MSST-index structure. The search technique for the 
MSST-index structure performs a range query for query Q on the corresponding row 
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of the index structure at various resolutions available in our index structure. If the 
length of the query sequence is not a multiple of the minimum window size, then the 
longest prefix of the query whose length is a multiple of the minimum window size 
can be used. When all rows at various resolutions available in our index structure 
have been searched, the disk pages corresponding to the last result set are read. Fi-
nally post-processing is carried out to eliminate false retrievals. 

3   Experimental Results 

In this section, we present the results of some experiments that we conducted to 
evaluate the efficacy of our histogram-based similarity measure and the matching 
algorithm. All measurements were taken using an Intel Pentium IV 1.5GHz computer 
running Windows XP. The software was implemented in Borland C++ language. 

We first implemented our proposed dimension-reduced multi-scale time series his-
tograms and the distance MD( ) using the Slim-tree as the metric access method to 
answer similarity queries. Our experimental method is similar to one used in [5].We 
first generate 10000 Cylinder-Bell-Funnel (CBF) data sets with 100 examples for 
each class. Then, we added random Gaussian noise and local time warping to both 
data sets using a modified program of [5]. The task for our experiment is as follows. 
Using the shape before the noise is added of a randomly chosen class as a query, 
retrieve the K most similar members of the same class from the database. We only 
used cylinder and bell data sets to test for existence queries because of the general 
shape of bell and funnel are treated as similar. We run the query for 100 times and 
averaged the results. To evaluate our proposed method, we measure the average pre-
cision at the 1% to 15% percent recall points. Figure 3 illustrates the results of dimen-
sion-reduced 4-scale time series histograms with 16 bins (based on the previous ex-
perimental results of [5], its can achieve reasonable good results). As it can be seen, 
the retrieval precision is high, the results are always better than 60% of precision, 
even for queries retrieving 0.5% of the database with 100% of recall. 

 

 
Fig. 3. The mean precision of the retrieval method of dimension-reduced multi-scale time 
series histograms, measured at recall points from 0.5% to 15%. 
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In our second experiment, we ran an experiment to evaluate its performance of the 
MSST-index structure to sequential scan concerning space utilization and computa-
tional cost. We used a Random Walk dataset generated as follows: 

1t t tx x z−= +                                                  (7) 

Where 0 0x = , tz  ( )1, 2,t = L  are independent identically distributed (uniformly) 

random variables in the range (-500,500). This data set contains 1300 sequences of 
length 1000. We constructed MSST-index structure at resolutions 16, 32, 64, 128, 
256, and 512. We performed 1000 arbitrary length random range queries for 10 dif-
ferent values of in (0.001, 0.01). Figure 4 plots the average number of disk reads for 
this experiment. The number of disk reads for the MSST-index structure is about one 
fifth of that for sequential scan. The MSST-index structure is at least five times faster 
than seq-scan. 
 

 
Fig. 4. Number of disk reads of the MSST-index structure versus sequential scan for subse-
quence matching problem. 

Table 1. Wall-clock time to build the slim-tree using weighted average of time series histogram 
and dimension-reduced multi-scale time series histograms from the 10000 CBF data sets and 
the random walk datasets. 

Data sets Histogram Time(in seconds) 

weighted average of histogram 117.57 10000 CBF data sets 
 dimension-reduced multi-scale histograms 14.85 

weighted average of histogram 5.05 random walk dataset 
(1300 sequences of 
length 210) 

dimension-reduced multi-scale histograms 3.08 

 
The third experiment is designed to check the time difference for indexing the time 

series databases through weighted average distance (WAD) used in the weighted 
average of time series histogram and metric distance (MD) used in dimension-
reduced multi-scale histograms and time relevant when answering queries over the 
weighted average of time series histograms and the dimension-reduced multi-scale 
histograms. 
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Table 1 reports the wall-clock times for building the Slim-tree in order to index the 
weighted average of time series histogram and the dimension-reduced multi-scale 
histograms. 

It can be seen that it is much faster to build the index over the weighted average of 
time series histogram, i.e. 64%faster in the small dataset, and 790% faster in the lar-
ger dataset.  

To better understand these results, we also investigated the number of distance cal-
culations performed per second, and found 5, 802,400 metric distances per second 
and 828,900 weighted average distances per second. That is, the calculation of one 
metric distance is in average 7 times faster than one weighted average distance over a 
pair of 256-element arrays. 

The largest gain in time when using dimension-reduced multi-scale histograms is 
to answer queries. Figures 5(a) and 5(b) show the total times needed to answer 50 k-
NN queries, when the value of k is specified corresponding to percentage of the data-
base. Thus, the numbers are proportional to the database size and the results can be 
compared to different database sizes. Figure 5(a) shows the times to answer queries 
on the random walk datasets of 1300 sequences of length 1000, and figure 5(b) shows 
the times to answer queries on the 10000 CBF data sets. As it can be seen, the gain 
ranges from 5 times faster for small k (0.5% of the database) to more than 12 times 
faster for larger portions of the database (15% of the database). 

 
 

 

 

Fig. 5. Total time to answer 50 nearest-neighbors queries for each portion of the dataset: 0.5, 2, 
4,6, 8,10,12,14, and 16% , using the weighted average of time series histogram and dimension-
reduced multi-scale histograms.(a) 1300 random walk datasets; (b) 10000 CBF data sets. 
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4   Conclusions and Further Work 

We have proposed the dimensionality reduction representation of multi-scale time 
series histograms, which is performed based on the multi-scale histograms, It is a 
faster and efficient way to pre-select time sequence in a database and lead to reduce 
the need of time sequence comparisons when answering similarity queries, A new 
metric distance function MD ( ) that consistently lower-bounds WED and also satis-
fies the triangular inequality is also devised. Based on it, we construct the Slim-tree 
index structure as the metric access method to answer similarity queries. We also 
extend it to subsequence matching and presented a MSST index structure. Our 
method guarantees no false dismissal and high search performance and lead to faster 
and more flexible indexing and retrieval processes. Our experimental result verified 
the efficacy of our method.  

In future work we intend to further increase the speed up of our method by exploit-
ing the similarity of adjacent sequences. Additionally, we also want to investigate the 
possibility of utilizing the three-level filtering structure by analyzing the CPU and I/O 
costs of indexing structure proposed in [11].  
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Abstract. Two novel methods for Time Series Prediction based
on GEP (Gene Expression Programming). The main contributions
include: (1) GEP-Sliding Window Prediction Method (GEP-SWPM)
to mine the relationship between future and historical data directly.
(2) GEP-Differential Equation Prediction Method (GEP-DEPM) to
mine ordinary differential equations from training data, and predict
future trends based on specified initial conditions. (3) A brand new
equation mining method, called Differential by Microscope Interpolation
(DMI) that boosts the efficiency of our methods. (4) A new, simple and
effective GEP-constants generation method called Meta-Constants (MC)
is proposed. (5) It is proved that a minimum expression discovered by
GEP-MC method with error not exceeding δ/2 uses at most log3(2L/δ)
operators and the problem to find δ-accurate expression with fewer
operators is NP-hard. Extensive experiments on real data sets for sun
spot prediction show that the performance of the new method is 20-900
times higher than existing algorithms.
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1 Introduction

Time series prediction is an important and typical task in data mining. A lot
of achievements have been done [1–4]. Recently, George G. S. proposed a good
model in time series predication by GA (Genetic Algorithm) [7]. Kang Lishan
constructed ordinary differential equations by GP (Genetic Programming) to
solve time series prediction problem [8, 9]. However, most existing models are
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limited in the complexity of problems. Gene Expression Programming is a rev-
olutionary member in the family of genetic computing introduced by Candida
in 2001 [6]. This article proposes two novel methods for Time Series Prediction
based on GEP (Gene Expression Programming).

Problem Specification. Let x(t) be a time series. At time point ti = t0 +∆t ∗
i, (0 ≤ i ≤ n), the time series data with interval ∆t is denoted as

X = (x0, x1, · · · , xn) = (x(t0), x(t1), · · · , x(tn)) (1)

where t0 is start time, ∆t is time interval. The prediction problem for time series
is: To build a model T , T predicts the object data values x̂m at tm based on the
data set {xi| i < m}, such that |x̂m − xm| is as small as possible.

2 Slide Window Prediction Method

Sliding Window Prediction Method (SWPM) comes from the following intuition:
Given the length of history h, find a formula f , such that for any m, (n−h+1 ≤
m ≤ n) computing predicting value:

x̂m = f(xm−h, xm−h+1, · · · , xm−2, xm−1), (h < m ≤ n) (2)

The difference ε is as small as possible, where ε may be absolute difference
|x̂m −xm|, or relative ratio |x̂m −xm|/xm, or other measures such as correlation
coefficient. The fitness is described in Algorithm 1 based on the input clean
assumption.

Algorithm 1 (Fitness Function for GEP-SWPM Prediction).

INPUT : time series z without noise, history length h,

future length L, formula f to be evaluated

OUTPUT: fitness value for f

for sliding window with length h+L, split z into sequences of segments

FOR each segment g BEGIN

a = g;

FOR i = h+1 to h+L BEGIN

a[i] = f(a[i-h], a[i-h+1], ... , a[i-1]);

END FOR

calculate the difference epsilon between a and g

END FOR

calculate the fitness value based on epsilon by error measure function

In the last step, there may be various methods to measure the difference ε,
such as absolute error, relative error, and correlation coefficient etc.

Lemma 1. Let L be the future length in the Algorithm 1. The complexity of
Algorithm1 is O(L). (Proof omitted.)
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3 Mining ODE from Time Series by GEP

The Sliding Window Prediction Method (SWPM) described in Section 2 lacks
semantic power. It can not easily uncover the essential properties hidden in the
time series. To remedy this shortage, the Ordinary Differential Equation Method
is proposed here. The key steps are: (1) Mining high order ordinary differential
equations from training data. (2) Predicting by differential equation with respect
to initial conditions.

With the transformation xj(t) = x(j−1)(t), j = 1, 2, . . . , m we can convert
the ordinary differential equations with high rank to first rank

x′
m = fm(t, x1, x2, · · · , xm), xm(t0) = x

(m−1)
0

(3)

It is enough to find one formula indicating the essential equation to discover
ordinary differential equations with high rank.

By formula 3, the derivative value at t0 is required. We found that when data
contains noise, the small changes in time series data may lead to big changes in
differential values. Hence it is not reliable to mine differential equations with very
high rank from data with noise. In this paper only differential equations with
order less than 3 are considered. To solve the ordinary differential equation, we
use the Runge-Kutta algorithm with rank 4. It is accurate enough even with long
span. And because the speed is more important, we use the fixed length span
in Runge-Kutta algorithm. The complexity analysis of Algorithm 2 is similar to
Lemma 1

Algorithm 2 (Fitness Function for GEP-DEPM Prediction).

INPUT : time series z without noise, derivation value z’ of z,

history length h, future length L, formula f to be evaluated

OUTPUT: fitness value for f.

FOR each sample point t BEGIN

a[0] = {t, z(t), z’(t)};

FOR i = 1 to L BEGIN

solve z’’=f(t, z, z’) with initial condition in a[i-1] one step,

get a[i];

END FOR

calculate the different epsilon between a and z;

END FOR

calculate the fitness value based on epsilon by error measure function

4 Differential by Microscope Interpolation (DMI)

To make our model powerful, flexible and tolerant of noise, we propose a brand
new method to discover the differential properties from data with noise, called
Differential by Microscope Interpolation (DMI). The three-phase actions are
“Transformation → Filtering and interpolation under microscope → Inverse
transformation”. As is featured with “Zoom in → Differential → Zoom out”,
this method is called Differential by Microscope Interpolation (DMI).
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Algorithm 3 (Differential by Microscope Interpolation (DMI)).

INPUT : time series data x with noise (length l), zoom scale r

OUTPUT: data set z without noise, derivative values z’

1) Apply the Fourier transformation to x and denote the result as X

2) Eliminate the high frequency part of X

3) Add zeros (the number of zeros is r*(l-1)) at high frequency end of X

4) Apply Inverse Fourier transformation to X and denote the result as z

5) Magnify each component of z by r times

6) Computing derivatives values z’ for series z

7) Re-sampling on z and z’ with interval r, and still denote result as z

and z’

8) Return the result z and z’

Lemma 2. The complexity of Algorithm 3 is O((rn)log(rn)). (Proof omitted.)

5 Numeric Constants in GEP

Numeric constants operation is an important problem in both GP and GEP.
Some researchers suggest methods with random reproduction. Candida proposed
a method in random style [5]. All existing methods in random style are not very
efficient in practice.

Constant technique is the right technique bringing simplicity to GEP. With
the powerful structural optimization of GEP, we propose a new approach called
Meta-Constants Method to improving numeric, and apply it to our GEP-SWPM
and GEP-DEPM methods. The key points in GEP constant technique for time
series prediction are the following: (1) Giving a candidate set C of constants
according to expert knowledge of the specific domain. (2) GEP tries to mine a
valid expression E = E(c1, c2, · · · , cn), where constants ci in C, are operators in
a function set such as {+,−, ∗, /, sin, cos, · · ·} and the subscript of operators in
E does not exceed a fixed number h, i.e. the head length of GEP. One interesting
question arises that how powerful the mined result E would be. Does it cover
a wide enough range? Is it dense enough (accurate enough)? Theorem 1 shows
that with only two operators in the function set, our Meta Constant Method
is powerful enough in the sense that the generated set can cover the interval
[δ, δ(1/2)(3n+1 − 1)] with interval δ. In practice, more operators can be added
to the function set, and therefore, we will get wider range and higher accuracy.

Theorem 1. Let the operators set be Op = {+,−} E be a valid expression with
at most n operations from Op (operators may be repeated). C be the candidate
constant set defined as

C = {ci = δ3i | 1 ≤ i ≤ n ∧ i ∈ Z} (4)

where δ is a constant. Z denotes the integer set. and MC(c1, c2, · · · , cn) be a
constant generated by our meta-constant model. Then E = {MC(c1, c2, · · · , cn)
| ci ∈ C} covers the set {δ + k ∗ δ | k ∈ Z} ∩ [δ, δ(1/2)(3n+1 − 1)]
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Proof. We prove it by induction on n. When n = 1, δ(1/2)(3n+1 − 1) = 4δ,
clearly, d1 = c1 = 1δ, d2 = c2 − c1 = 3δ − 1δ = 2δ, d3 = c3 = 3δ, d4 = c1 + c2 =
3δ + 1δ = 4δ, so, all the four values can be expressed by valid expressions
with n = 1 operations, as desired. Suppose n = k and all target values can
be expressed by valid expression with at most n operations. Consider the case
n = k + 1. Four cases arise:

1. 1 ≤ i ≤ (1/2)(3k+1 − 1): By the assumption of induction, di = i ∗ δ, di can
be expressed by a valid expression with operations not exceeding k + 1.

2. i = 3k + 1: di is in C and can be expressed without operators.
3. (1/2)(3k+1 − 1) + 1 ≤ i ≤ 3k+1 − 1: Let x = (1/2)(−1 + 3k + 1), that is, we

express the range as x+1 ≤ i ≤ 3k+1−1 = 2x−1. Let j = x−(i−x)+1, since
x+1 ≤ i, hence 1 ≤ i−x, therefore, j ≤ x. Note that i ≤ 2x−1, hence 1 ≤ j,
that is 1 ≤ j ≤ x = (1/2)(3k+1 − 1). By induction assumption, dj = j ∗ δ.
Let di = δ3k+1 − dj = δ(3k+1 − j) = δ(3k+1 − ((3k+1 − 1) + 1 − i)) = i ∗ δ.
Note that, δ ∗ 3k+1 is in candidate set. By the construction, it is enough to
add only one operation. It can be expressed with operations not more than
k + 1.

4. 3k + 1 + 1 ≤ i ≤ 3k + 1 + (1/2)(−1 + 3k + 1) = (1/2)(−1 + 3k + 2) =
(1/2)(−1 + 3n + 1): The proof is similar and can be finished by replacing
“+” with “−”.

To introduce the significant Theorem 2, we need the following concepts and
notations.

Definition 1 (Minimum Accurate Expression).

1. Let I be an interval of real numbers, δ be a positive number (to measure
accuracy). C be the Meta constant set, F be the set of valid operators. E =
E(c1, c2, · · · , ck) be a valid expression with operators selected from F and
constants from C. E is said to be the δ-accurate expression for I, if for each
v in I, there exists c1, c2, · · · , ck in C such that |v −E(c1, c2, · · · , ck)| ≤ δ/2.

2. Let E1 and E2 be δ-accurate expressions for I. E1 and E2 are said to be
equivalent, and denoted as E1 ∼ E2, if for any parameters c1, c2, · · · , ck,
E1(c1, c2, · · · , ck) = E2(c1, c2, · · · , ck).

3. The operator numbers of E1 is denoted as #(E1).
4. Expression E for I is said to be minimum if #(E1) = min{#(E) | E ∼ E1}.

Clearly, the minimum expression is with simplest structure and hence with
low cost of computation. The minimum expression may not be unique.

Theorem 2. Let I be an interval [s, t] of real numbers with length L. E be
a minimum δ-accurate expression for I discovered by GEP-MC method. Then,
#(E) ≤ log3(2L/δ).

Proof. It is enough to show that we can construct an expression E with s opera-
tors, s ≤ log3(2L/δ), and E can express each v in the set {s+ i∗ δ | s+ i∗ δ ≤ t}
with error less than δ/2.
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Let N = �L/δ�, M = min{K | K ∈ Z ∧ K ≥ log3(2N + 1) − 1}. Hence
M ≥ log3(2N + 1) − 1, that is, 3M + 1 ≥ 2N + 1, thus (1/2)(3M + 1 − 1) ≤
N = L/δ. According to Theorem 1, in our MC-method, we can use the operator
set {+,−} as function set, and use {δ ∗ 3i | 0 ≤ i ≤ M} as candidate constants
set. By the conclusion of Theorem 1, we can construct an expression satisfying
following conditions:

1. for each value v in [s, t], |v − E(c1, c2, · · · , cn)| ≤ δ/2 for some constants
c1, c2,≤, cn.

2. #(E) ≤ M .

In summary, to express each v in the set {s + i ∗ δ | s + i ∗ δ ≤ t} with error
less than δ/2. we need at most K operators , K = �log3(2(L/δ) + 1) − 1�. This
completes the proof.

The Theorem 2 signifies that it theoretically proves following conclusion:
Our Meta-Constants Method is simple enough, powerful enough and accurate
enough. We have applied these techniques to our GEP-SWPM and GEP-DEPM
methods. The experimental results on real data sets of Sun Spot prediction will
verify this conclusion.

Theorem 3. Let I = [s, t] be an interval of real numbers, δ be a positive number.
The candidate constants set C is other than formula 4. The problem to fined a
δ-accurate expression for I with operator less than log3(2L/δ) base on C is NP-
hard.

Proof. Let the length of I be L. Let E be the minimum δ-accurate expression
for I. The Theorem 2 asserts that the number of operators in E, i.e. #(E) not
exceeds K = log3(2L/δ). Since here the number of operators is less than K,
and the candidate constants set C is other than formula 4, the construction in
Theorem 2 can not be applied. As the technique described in [11], then it can
be solved do the following algorithm:

1. Let R be the set of valid expression of at most K − 1 operators.
2. Clearly the size of R is greater than in there order of O(2K−1).
3. Make lucky guess, that is, enumerating a expression E from R non-
deterministically.
4. Calculate ε = |E − d|, where d ∈ I is the target value.
5. Return true if ε ≤ δ.
6. Repeat the procedure, and return false when all E ∈ R has being checked.

Note that the step (4) needs K−1 operations, where K = log3(2L/δ). Hence
step (4) to (6) can be finished in polynomial time. Note that step (1) is non-
deterministic. Hence the whole computing can be complete in polynomial time
by non-deterministic Turing machine. This completes the proof.

Note that, non-deterministic mechanisms are hidden in evolution computing
and GEP has high performance, hence GEP can solve NP-hard problem with
high successful rate in acceptable speed.
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6 Test and Evaluation

As a part of an integrated research work, the experiments for this article are
completed on our platform called zGEP. We have spent about 8 months to
implement zGEP by Java. It is flexible, extendable and transplantable. The
GEP terminologies and notations in the experiment report are as that in [5]. By
the limitation of pages, only four main experiments are presented here.

The test environment is as following. CPU: AMD Athlon XP 1800+, Memory:
512MB, OS: Windows 2000 Professional, Platform: zGEP, Mathematica, Test
data: Sun spot data [7] and synthesized data.

Experiment 1 on Numeric Constants
This experiment is designed to test the performance of our numeric constants
technique MC (meta-constant) in time series prediction by GEP. The Experi-
ment data is synthesized by formula of circle s = πr2. The experiment shows, the
MC method is powerful. It can be finished in a few seconds with high accuracy.
The parameters of GEP are as Table 1, where “!” in function set denote neg-
ative operator, and “0, 1, · · · , 9” in terminal set denote the indexes in constant
set. The rate of any two nearest constants in constant set is golden rate.

Table 1. Experiment parameters.

Time limit 10s
Function set + - * / !

Terminal set r, 0, 1, · · · , 9
Constant set 0.1315, 0.2128,

0.3443, 0.5571,
0.9015, 1.4588,
2.3605, 3.8195,
6.1804, 10.0007

Population size 50
Number of genes 3
Head length 6

Selection operator tournament
with size 4

Mutation rate 0.044
One-point recomb rate 0.3
Two-point recomb rate 0.3
Gene recomb rate 0.1
IS transposition rate 0.1
IS elements length 1,2,3
RIS transposition rate 0.1
RIS elements length 1,2,3
Gene transposition rate 0.1

Run 100 times, it gives the value of π with accuracy higher than 0.995.

s = (((r) ∗ (r)) + ((r) ∗ (((2.3605)− (0.9015)) ∗ ((1.4588) ∗ (r)))))
+ (((0.1315) ∗ ((r)/(0.5571))) ∗ (((r)/(3.8195)) ∗ (0.2128))) (5)

By Mathematica, it is transformed into an accurate enough result: s = 3.14154r2.

Experiment 2 Predict Sun Spot by GEP-SWPM
The Sun Spot Time Series is a benchmark to test the algorithm for time series
prediction [7]. We use the real data of sun spot series. The parameters are as
Table 2. Ran experiment 100 times, and get average fitness 0.9023. Figure 1 (a)
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Table 2. Parameters for GEP-SWPM.

Training data from 1850 to 1979

Test data from 1980 to 1989

Time limit 20s

Number of genes 5

Gene head length 10

History length 12

Fitness function Correlation coefficient

Constants process By our MC method

Differential Process By our DMI method

The other parameters are same as that in Table 1
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(a) (b)

Fig. 1. (a) The prediction result of GEP-SWPM method. (b) The prediction result of
GEP-DEPM method.

Shows that the method is rather accurate in sun spot prediction. One of mined
formula is

xm = (((((−((xm−2) − ((xm−1) + (−((xm−10)/(xm−4))))))
/ (3.8195)) + ((xm−1) + (0.3443))) + ((−((xm−4) − (xm−1)))
/ (xm−12))) + (((−(xm−3))/(3.8195))/(−((xm−9)
∗ (0.5571))))) + ((−((xm−2) − (xm−9)))/(3.8195))

(6)

After equivalent transformation by Mathematica, it is transformed into:

xm = 0.3443 + 0.2618 ∗ xm−9 − (0.2618 ∗ xm−10)/xm−4

− xm−4/xm−12 + (0.4700 ∗ xm−3)/xm−9

− 0.5236 ∗ xm−2 + 1.2618 ∗ xm−1 + xm−1/xm−12

(7)

Compared with the research result reported in [10], our method is 900 times
faster than that in [10].

Experiment 3 Predict Sun Spot by DEPM
This experiment tests the performance of our DEPM method on sun spot data
set. The GEP parameters are as following: Time limit: 30s, Number of genes:
3, Gene head length: 6, Function set: + - * / ! log sin cos, The other pa-
rameters are same as that in Table 2. We hope mine an Ordinary Differential
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Equation between the amount of sun spot and the number of year in A.D. (such
as 1998 A.D.) The experiments are repeated 100 times. The average correlation
coefficient is as high as 0.9214. Figure 1 (b) shows the prediction result of one
running. The Differential Equation mined from data is

x′′(t) = (((((10.0007)− (x(t))) − ((x′(t)) − (10.0007)))/(3.8195))
+ ((cos((x(t)) + (x(t))))/((sin(0.5571))/(3.8195))))
+ (log(((t) + (0.9015)) + (t)))

(8)

After equivalent transformation by Mathematica, it is transformed into

x′′(t) = 5.2367 + 7.2240 ∗ cos(2 ∗ x(t)) + log(0.9015 + 2 ∗ t)
− 0.2618 ∗ x(t) − 0.2618 ∗ x′(t) (9)

The experiment shows that the prediction results are very close to the obser-
vation data. The research work reported in [9] uses Differential Equation mined
by GP takes one hour to complete the computation while our method takes 30
seconds. Hens, our method is 50 times faster than the method using GP.

7 Conclusion

Time series prediction is an important and typical task in data mining. Based
on GEP (Gene Expression Programming), two methods for prediction of time
series are proposed, namely, SWPM and DEPM.

The time series prediction by GEP is just a beginning; a lot of work remain
to be done, such as multi-gene, the application of evolutionary dynamic, etc.
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Abstract. Recently DTW (dynamic time warping) has been recognized as the 
most robust distance function to measure the similarity between two time series, 
and this fact has spawned a flurry of research on this topic. Most indexing 
methods proposed for DTW are based on the R-tree structure. Because of high 
dimensionality and loose lower bounds for time warping distance, the pruning 
power of these tree structures are quite weak, resulting in inefficient search. In 
this paper, we propose a dimensionality reduction method motivated by obser-
vations about the inherent character of each time series. A very compact index 
file is constructed. By scanning the index file, we can get a very small candidate 
set, so that the number of page access is dramatically reduced. We demonstrate 
the effectiveness of our approach on real and synthetic datasets. 

1   Introduction 

Similarity search in time series databases is an important application of Spatial Ac-
cess Methods (SAMs) [1, 8, 13, 14, 16, 22, 23]. In order to map time series into a 
metric, indexable space, Euclidean distance is widely used. However, there is an in-
creasing awareness that Dynamic Time Warping (DTW) distance reflects the real 
similarity of time series better than Euclidean distance [13, 22, 23]. This is because 
DTW is less sensitive to discrepancies on time axis, allowing similar shapes to match 
even when out of phase. Figure 1 shows that two subjectively similar subsequences 
can have a large Euclidean distance, but that DTW, by aligning peak-to-peak, and 
valley-to-valley, can discover the true underlying similarity. 

Euclidean 
Distance 

Dynamic Time 
Warping Distance 

 

Fig. 1. A visual comparison of Euclidean distance and Dynamic Time Warping. By allowing
flexibility in the time axis, Dynamic Time Warping achieves a more intuitive alignment be-
tween the two time series. 
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To index time series with a multidimensional index structure, each data point on 
the time series corresponds to a coordinate of dimensional space. Every time series 
therefore becomes a single point in high dimensional space and similar time series 
will have a small distance in this space. However, the space usually has very high 
dimensionality, in the order of hundreds or thousands of dimensions. With high di-
mensional data, the R-tree index structure cannot prune many objects, and all the 
nodes in the tree structure will be checked. This reduces the R-tree’s effectiveness to 
worst than that of simple sequential scan [4, 6], because the R-tree’s random access is 
very ineffective comparing with sequential access. To utilize R-tree index structure 
effectively, dimensionality reduction is necessary. DFT, SVD and DWT are the clas-
sic methods [8, 16]. Recently, other techniques have be introduced, including PAA 
and APCA (Adaptive Piecewise Constant Approximation) [14]. All these are based 
on Euclidean distance. However, as demonstrated above, Euclidean distance has a 
fatal defect: it is very brittle when confronted with variability in the time axis.  

Unfortunately DTW does not satisfy triangle inequality [22], and virtually all 
SAM’s assume this property. Nevertheless several techniques for indexing methods of 
DTW have recently been proposed [13, 23] by introducing the global constraints on 
time warping. Keogh successfully applied the R-tree index structure to DTW [13] by 
using global constraints, i.e. the warping path is limited in Sakoe-Chiba Band or the 
Itakura Parallelogram. 

In this paper, we propose a radically different index method, motivated by observa-
tions about typical time series. Each time series has its own character; a data point in 
time series has some relationship with its neighbors. We can visually illustrate the 
difference of adjacent data points on a time series below. First we normalized the all 
data points in the time series to [0, 1), and then calculated the difference with their 
proceeding data points. Figure 2 shows the histograms of the differences of two real 
datasets, Shuttle and Koski_ecg [15]. From this figure, we can see that more than 90% 
of the data have less than 0.01 differences with their previous data points. This mo-
tives us to exploit this fact by proposing a new dimensionality reduction technique, 
which we introduce in Section 3. 
 

 

Fig. 2. Two real datasets (Shuttle, Koski_ecg) histogram. More than 90% data points have less 
than 0.01 difference with previous data points. 

Using our dimensionality reduction method, we construct an index structure for 
time warping distance. In Section 2, we briefly describe relevant background material. 
The new dimensionality reduction method and indexing technique are described in the 
Section 3. In the Section 4, we show experimental results. We offer some conclusions 
in Section 5. 
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2   Background 

Euclidean distance is the simplest method to measure the dissimilarity of time series 
as shown in Figure 1(left). Equation 1 gives formula, where Q and S are two time 
series. ),,( 21 nqqqQ L= , ),,( 21 nsssS L= . 
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1
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Note that Euclidean distance explicitly maps the ith point in one time series to the 
ith point in another. In contrast, DTW can achieve a nonlinear mapping of points, 
including allowing one-to-many and many-to-one mappings. Dynamic time warping 
distance discovers the warping path that allows the distance between two time series 
have smallest value. Figure 3 shows two time series sequences Q= (0.2,0.58,0.6,0.52, 
0.08,0.12), )1.0,075.0,1.0,52.0,51.0,21.0(=S . They are subjectively similar time 

series. Their dynamic time warping distance is 0.153, but the Euclidean distance is 
0.433, suggesting they are very dissimilar.  

 

 

Fig. 3. An example of a DTW calculation. A) Two time series can be used to construct a matrix 
containing the differences between each point in one time series and every point the other time 
series. B) A warping path moves from one diagonal corner to another attempting to minimize 
the cumulative sum of values along the path. C) The resulting alignment. 

Like Euclidean distance, Dynamic time warping can also be given with a simple 
formula. We denote ),,( 21 nqqqQ L and ),,( 21 nsssS L  as two time series. We assume 
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The procedure proceeds recursively on the initialization of 0),( =ΦΦDTW . This 

review is necessarily brief; we refer the interested reader to [13, 23] for a more de-
tailed explanation.  
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2.1   Related Work 

We will briefly review the recently introduced indexing methods for dynamic time 
warping [23,13]. They are based on the observation that if is possible to tightly lower 
bound a distance measure, and then it is nearly always possible to index it. In [13] the 
author introduced the first tight lower bound for DTW. The technique is based on the 
idea of building a “protective” envelope around a candidate time series and showing 
that the Euclidean distance between the query and the nearest part of the envelope is a 
true lower bound for DTW, see Figure 4 for a visual intuition. While this lower bound 
allows fast sequential search it does not directly solve the high dimensionality prob-
lem, however it does transform the problem in such a way that the classic dimension-
ality reduction techniques can be used. While any orthogonal transformation can be 
used (i.e DFT, DCT, DWT, SVD), the Piecewise Aggregate Approximation (PAA) is 
used for simplicity [16].  

In the original work, Keogh’s method used PAA to bind the envelope by minimum 
and maximum values. Zhu’s minor extension is to use average of the upper or lower 
envelope, which is narrower, and thus a tighter bound than that in Keogh’s method. 
However, in Section 4, our experiments show Zhu_PAA becomes as weak a lower 
bound as Keogh_PAA when warping width increases. 
 

 
Fig. 4. A) A query Q and a candidate sequence S. B) An envelope {L,U} can be built around S, 
it has been shown that the Euclidean distance between Q and the envelope is a lower bound for 
DTW(Q,S). C) To index this envelope in an R-tree, Keogh suggested segmenting it, and Zhu 
noted that an even tighter form of segmentation is possible as shown in (D). 

3   Our Approach 

Our approach is based on the concept of Grid. In our approach, the horizontal axis of 
a time series is divided into slices. The vertical axis is also divided for representing 
values of data points by quantization. As noted in Section 2, unlike other data types, 
data points on the time series typically are highly correlated with its previous/follow-
ing data points, a phenomenon know as autocorrelation. Most data points have very 
similar values with their adjacent data points. Our dimensionality reduction method, 
which we call Grid, has a very compact representation of time series. It omits the data 
points that have very similar value with its previous data value. In this respect it is 
very similar to the relatively obscure boxcar method of dimensionality reduction [10], 
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a technique little known outside the chemical process industry. We will define our 
representation in more detail in Section 3.1.  

The similarity search in our approach is performed in two phases. In phase 1 
(filtering), the compressed file is scanned. The access method in this phase is 
sequential access which is much more efficient than random access. The factor is 
known to be 10 [20], i.e. if a tree index structure has less than 1/10 pruning power, 
scanning the index file is faster than using the tree index structure. In phase 2 
(refinement), calculating the exact distances between the query with candidates 
obtained in phase 1. In this phase the access method utilizes random access. However, 
because of the small size of candidate set, the time of access to data file is very 
limited. As we will empirically show, the total number of disk access in our approach 
is much fewer than that for tree index structures. 

3.1   Grid Dimensionality Reduction and Data Representation 

We approximate each time series by a set of segments of varying lengths. The number 
of segments is not a parameter, but is adaptively determined by the time series itself. 
If a time series is a simple shape, only a few segments are used to represent it. In the 
pathological case of a constant line, we only use a single segment. Many segments are 
necessary for a complex time series. This adaptiveness ensures that the information 
lost in target domain is minimal, and a good lower bound is obtained for similarity 
search. We describe our dimensionality reduction method below. 

First, we normalize the data space into the range of [0, 1], then the normalized val-
ues are quantized. Second, according to the error toleranceε  (which is a parameter), 
omittable data points are determined. Since the omitted data point positions are not 
identical between different time series, we must record their position. A worked ex-
ample will aid clarity.  

Given a time series =),,( 21 nvvv L (0.55, 0.61, 0.49, 0.81, 0.74, 0.63, 0.41, 0.48), 

it is approximated in the following 2 steps. 

1. Quantization: The time series is quantized to b2  intervals in the vertical axis, 

where b is the number of bits used for approximating iv . In the example, if we 

assumed that 3=b , then by  bii v 2×=α , the quantized time series of the ex-

ample becomes  
))011(,)011(,)101(,)101(,)110(,)011(,)100(,)100((),,( 22222222821 =ααα L  

2. Reduction: If a value of a data point is close to that of its previous data point, 
then it is omitted. We use a tolerance parameterε . Whether a data point is 
omitted or not is determined by Equation (3).  

(3) 

In the Equation 3, h  is the height of grid )2/1( b=  and α  is the representative 
value of the segment. If iα is the first data point of a segment, then we have iαα = . 

  2 1 
1

1 
 
 
 

× 
+≤×−≤−

= 
+ 

+
+ otherwise v 

h h v omitted 
b 

i 
i

i 
εαε

α 

(i=1,2,�n) 



70      Jiyuan An, Yi-Ping Phoebe Chen, and Eamonn Keogh 

That is, the representative value of each segment is the quantized value of the first 
data point in the segment. 

To reduce the dimensions, the range of error tolerance is added as shown in Fig-
ure 6. The data points in a gray rectangle belong to a single segment, so their values 
are omitted except the first one. In this example, ε  is set to 16/12/ =h , and after the 
reduction, the time series becomes: 

),)011(,)101(,)110(,,,)100((),,( 2222821 ××××=ααα L  
where “×” denotes the omission of the data points. The details are described below. 

 

Fig. 5. Grid dimensionality reduction. The thick line approximates the time series. 

By Equation 3, 1v  is out of range ]16/3,16/1[],[ −=+− hεε  (α is initialized to 0), 

so the first data point 1α  must be stored. Now we have 21 )100(== αα . Using Equa-

tion 3, we can easily find that the second point 2α  should be omitted. This is because 

11.0125.0*461.02 =−=×− hv α  is in the range of  [–1/16, h + 1/16] = [–1/16, 1/8 + 

1/16]. Analogously, we can determine whether 
3v  can be omitted,  3 = × − h v α  

 1 . 0 125 . 0 * 4 49 . 0 − =− is in the above range, thus 3α  is also omitted. However, 

31.0125.0*481.04 =−=×− hv α  exceeds the range, so 4α  must be stored. The rest of 
the time series is processed in a similar way. Because the segments are variable-
length, it is not known in advance how many we will have and which of the data 
points have been omitted. To record this information, we use an n-bit length bit pat-
tern β  which is associated with the approximation of a time series data. If iα  is omit-

ted, the corresponding bit iβ  is set to 0. Otherwise it is set to 1. The structure of an 

entry representing one time series data is shown in Figure 6. In the case of the exam-
ple above, the entry representing the series data becomes: 

3.2   KNN-Search of DTW 

Each time series is represented by a reduced data which consists of index file. In the 
filtering phase, we calculate the lower bound between query and time series. In our 
previous work [3], we have shown a lower bound of Euclidean distance in Grid-based 
dimensionality reduction. We can prove that the lower bound of DTW can be calcu-
lated using lower bound of Euclidean distance. 
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Fig. 6. Representation of time series for Grid dimensionality reduction. An n-bit binary string 
denotes which data points in v are omitted. The following boxes indicate quantized value of 
data points. 

 
Observation. By using lower bound of Euclidean distance, we can change Equation 2 
as below.  
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Where LBD is a Euclidean distance to calculate the distance between two data points.  

It is not difficult to understand from the Figure 6. Since each lattice lower bound-
ing its DTW, the value of lattice in the top-right lower bounding the DTW as well. In 
this paper we omit description how to calculate LBD . Please refer [3] for details. 

 
 

 
 
 

 

 
 

Fig. 7. K-NN algorithm to find out k nearest neighbors of a query time series Q. 

Having introduced a lower bound of DTW, we are now ready to introduce the K-
nearest neighbor search algorithm. The algorithm is outlined in Figure 8. The whole 
index file is scanned once (line 1). For every time series S , its ),( SQDTWLB is com-

puted. If we have not yet got K candidates or the time series S  has smaller lower 
bound than the Kth objects distance, then we know that the current object might be one 
of the K closest items. So we must access the data file on disk to get exact time warp-
ing distance ),( SQDTW (line 3-4). If the exact distance is smaller than the current best-

so-far, we add S  to the answer set when we get a better answer (line 5, 6). Note that 
this approach is similar to, and was inspire by the VA-File technique of [20]. 

Algorithm KNNSearch(Q, K)
1. Foreach entry S in index file
2. compute DTWLB< k or DTWLB < result[k].DTW
3. if result.size() < k or DTWLB < result[k].DTW
4. calculate the exact DTW by accessing data file
5. if DTW < result[k].DTW
6. Result.insert(S,DTW(Q,S));
7. endif
8. endif
9. endforeach
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4   Experimental Evaluation 

Indexing DTW by using tree index structures, such as R-tree, can roughly be sepa-
rated into two steps. (1) We perform dimensionality reduction on the data, and then 
index reduced domain with a tree index structure. A set of candidates is filtered out by 
tracing index tree from root. In this step, if the index structure has high pruning 
power, most nodes are skipped and the number of pages access becomes much less 
than naïve sequence scanning. (2) The exact distances between candidates and query 
data are calculated by accessing data file. If the size of candidate set is big, the num-
ber of accessing increases. To reduce the size of candidate set, tight lower bound is 
necessary. However, it involves increasing the segments, i.e. the number of dimen-
sionality becomes high in multidimensional index structure. Because of “curse of 
dimensionality”, tree index structure loses its effectiveness in high dimensional space. 
The number of page access in the step (1) increases largely. There is a trade-off in 
step (1) and (2). Lower bound is a very important criterion to evaluate dimensionality 
reduction methods. Like [23], we use tightness T  of lower bound to evaluate the 
fidelity of representations. 

DTWTrue
domainreducedonDWTofBoundLowerT =

 
Figure 8 shows the lower bound tightness of Keogh_PAA [13], Zhu_PAA [23], 

LB_Keogh and LB_Grid. The LB_Grid and the original LB_Keogh do not depend on 
the number of segments, so they are constant in subfigure (A) and (B). While 
LB_Keogh is calculated in original space, LB_Grid is based on reduced data. 
LB_Grid gets tighter lower bound than all other techniques with a very compact rep-
resentation. It is the key contribution of the paper. On the other hand, as mentioned in 
Section 2, with the increase of the number of segments for 8 to 16, the tightness of 
Keogh_PAA and Zhu_PAA becomes better. However, by definition, they cannot beat 
the original Keogh lower bound.  

We used two time series datasets to show the performance of our technique com-
pared to other indexing methods for dynamic time warping. The first dataset contains 
50,000 random walk data time series. 10-NN queries are tested. Queries are selected 
randomly from the datasets. Figure 10 shows (A) shows the number of page accesses 
which is averaged over 100 experiments. We assume the page size is 8KB. Keogh and 

 
Fig. 8. Lower bound of DWT. 
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Zhu methods are tested in an R-tree index structure with 8-dimensional index space. 
We can observe that the number of page accesses of Grid method is greatly lower 
than other 2 index structures. When the warping width increases, the lower bounds of 
Keogh_PAA and Zhu_PAA becomes very loose and the tree index structures essen-
tially degenerate to sequential scan. Figure 10 (B) shows another dataset called 
“power data” whose size is 35.000. It was tested in the same conditions of random 
walk dataset: 10-NN query. Once again the results we report are averaged 100 ex-
periments. 

 

 

Fig. 9. Comparisons of the number of page access for random walk database. 

Our Grid technique uses bit-level data to record omitted information; so it will use 
more CPU time to reconstruct this information. However compared to the time for 
accessing hard disk, the extra CPU time is inconsequential. Our work was imple-
mented with C++ in Linux platform. In Pentium 4 PC with 512MB memory. 

5   Conclusions 

In this paper, we introduced a similarity search method for large time series databases 
using the dynamic time warping distance. We proposed a locally adaptive Grid di-
mensionality reduction method that can very accurately reconstruct the time series, 
and thus get very tight lower bound. Almost all competing dimensionality reduction 
methods for time series [14, 21, 13], have the number of segments (or the dimension 
of target space) is given as a parameter. In contrast, our Grid technique uses different 
numbers of segments to minimize the reconstruction errors. That is, it will keep more 
segments, if the time series can not be represented well with fewer segments. This 
avoids a loose lower bound for the time series that is difficult to compress. Secondly 
we proposed an index structure based on filtering and refinement structure.  
We have now shown that the Grid representation is at least completive for Euclidean 
searching [3], and superior for DTW indexing. In the future we intend to consider the 
utility of our approach for more complex time series data mining tasks, including 
anomaly detection [12] and motif discovery [7]. Furthermore, while we have thus far 
confined our work to one-dimensional time series for clarity of exposition, we 
strongly believe our work can be generalized to multidimensional time series [19], 
and offer similar advantages in that domain. 
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Abstract. Digital Rights Management (DRM) is one of the most important is-
sues in digital library, however it is difficult to balance security and efficiency 
of DRM system in open network environment, especially when the environ-
ment is unauthentic. In this paper, a new and Secure Authentication protocol for 
Digital Rights Management (SADIRM) is proposed to provide perfect usage 
control and fair transaction in adaptive information retrieval system, in which a 
License Finite States Machine (LFSM) is adopted to manage the digital rights 
under a third part Certificate Authority (CA), thus it is secure and fair for 
atomic authorization and forced revocation of license dynamically. During the 
interaction of all transaction stages, a fail-stop digital signature is used for iden-
tity authentication, integrity verification, and undeniability. Analysis manifests 
the proposed protocol is feasible, secure with high integrity and it provides a 
new and reliable approach for DRM. 

1   Introduction 

Copyright, a legal discipline concerned with the protection of the moral and economic 
rights of the creators of literacy, scientific and artistic works, is recognized in the 
Universal Declaration of Human Rights as are the rights to information and culture 
against outright coping. According to WIPO (World Intellectual Property Organiza-
tion), Digital Copyright protection consists of two kinds of digital goods which are 
multimedia type (such as photography, cinema, radio, television, cable, and satellite 
broadcasting) and software application type together[1-2]. Digital watermark, secure 
container, Cryptolope, DigiBox et al. are the most famous technologies for multime-
dia copyright protection that have been studied much more[3-7]. Although software 
copyright was concerned for a long time, still many things left unresolved which led 
to illegally copying and usage of kinds of software. Software copyright today is faced 
with the difficulty of maintaining the delicate balance among the legitimate interests 
of authors[8-11]. How to protect software from being copied illegally is one of the 
most important topics for software development and research, upon which special 
issues in international conferences of Digital Rights Management (DRM’01, 
DRM’02, DRM’03) about software copyrights were built up to study the commerce 
copyright legislation and protection. 
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Unfortunately, though EULA declares more limitations and restrictions, yet it does 
not provide a valid mechanism and approach for copyright protection thus it can’t 
protect software been illegally copied and used. Hardware-based and pure-software-
based protection system are the most common methods for goal software copyrights, 
among which hardware-based approaches include floppy encryption type, logical 
circuit encryption type and secure ROM type, while software-based copyright protec-
tion approaches consist of product key type, serial No type, and software license type 
ones as well. However these technologies are difficult to balance security and effi-
ciency of DRM system in open network environment, especially when the environ-
ment is unauthentic[10-11]. 

In this paper, a new and Secure Authentication protocol for Digital Rights Man-
agement (SADIRM) based on dynamic license is proposed for trusted rights man-
agement in open network environment, where a third part credible Certificate Author-
ity CA[12] is used to manage software license dynamically according to software ID 
(SID) and user’s hardware ID (HID), thus valid user can obtain one and only one 
license to register the software he bought from its provider. When user needs to mi-
grate the software, he must first logoff and destroy the software resource and commit 
the logoff result to CA, then he can request the new license for another computer 
again. The most importance of SADIRM is that it provides a fairly good mechanism 
to protect software copyright from being copied and reused without any control, 
where cryptography is used to provide data security and integrity. Analysis manifests 
SADIRM is easy and secure for software copyright protection.  

2   SADIRM: Secure Authentication for Digital Rights Management 

(1)  Software Provider (SP) binds each software with a sole software identity (SID), 
and then pass the SID to the third part credible Authentication Center CA[12] 
(which includes Authentication Server, License Manager Server and License Li-
brary). 

(2)  Before using the software the user U must first prepare the SID that he got form 
SP together with the Hardware Identity (HID) that can identify the current com-
puter solely, Then he commit SID and HID to CA to acquire the License for the 
software to run on the specific machine. CA decide dynamically whether to pub-
lish a valid license or not to U according to SID, HID and the current License 
Status LS for SID, if the request is valid then CA release one and only one license 
for the current license L, by which U can  register the SID to run on HID success-
fully.  

(3)  If the user needs to migrate the software environment, he must first request the 
logoff password from CA, and then logoff software resource run on the current 
machine with identity HID, finally commit the logoff result code to CA. After the 
whole transactional operations finished, U can request another License L’ for the 
same software SID to run on another machine with identity HID’, thus the origi-
nal software resource can be migrated and run correctly again on HID’ machine. 
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In fact, SADIRM controls the copyright through a strong and valid protocol with 
“Character Association, Atomic Authorization, Restricted Revocation of software 
copyright” mechanism, by which no matter how many copies are made, but only one 
of the copies can get the License for the software to be registered, thus it is useless for 
illegal coping and spread since there’s no profits from coping. SADIRM solves 3 
major problems which includes the atomicity of Authorization, free migration of 
software and entity security of software itself. SADIRM can satisfy the EUEA 
agreement which entirely solves the problem that software is often illegally copied. 

3   Protocol Description of SADIRM 

3.1   Parameter of SADIRM 

Table 1. Parameters Definition in SADIRM 

PARAMETERS IN SADIRM 
(1)   Role Parameter 

U: Software User     AS: Authentication Server  
CS: Certificate Server           V: Service Application            DS: DB Server  

(2) Entity Parameter 
SID: Software ID from U                      HID: Hardware ID from U 
SID′: Software ID stored in DS             HID’: Hardware ID stored in DS 

(3) Authentication Parameter 
L: Software License                      Tstart: StartTime Requesting L  

Tcur:Current Time-Stamp                      Lifetime: Lifetime of L   

PLgf: Password of Logoffing L     RLgf: Authentication Result of Logoffing  

(4) Integrity Parameter 
KA,B: Symmetric Key shared by A,B    Ka,Ka′:Public and Private Key from a 

E,D: En/Decryption Function               SigK(m): Signature of m by K    

VerK(s): Verification of s by K             Nonce: Random Nonce 

N0: Incremental of Nonce 

3.2 Description of SADIRM 

SADIRM includes two sub-protocols which are SRP (software Registering Protocol) 
and SMP (Software Migration Protocol). Considering justice and security, the follow-
ing hypothesizes are given: 

(1)  The third part Authentication Center (CA) is fair, creditable, and is secure in 
realization. 

(2)  Software Provider (SP) is honest that the SID it provides to U is equal to the one 
that is provides to CA. 

 
A. Software Registering Protocol (SRP) 
The SRP protocol is for License Request, that is, U gets License from AS, which 
includes 5 steps. The following is the description of the SRP protocol: 
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Stage I: Requesting for License 

Step1: U commits request vector to AS: U->AS: R’=
ASUKE ,

(SID || HID || Nonce). 

Step2: AS authenticates the information from U: AS: )'(
,
RD

ASUK , if SID ≠ SID’ , 

deny the request and return, else goto step3. 
Step3: After passing the authentication, AS commit the request vector R=[SID || HID 

|| Nonce] to CS, CS then decides whether to release the License or not according to 
decision function LRDf : 

(1)  if SLic=UNRELEASED (here HID=NULL), then CS creates L and KU,V  

dynamically, and then signs and encrypts and then sends them to U, finally 
writes the above information to DS: 

①  CS: Creates L, L= EKv (SID || HID || Prun || Tstart || Lifetime) , where Prun=SE || 

R，SE  is the signencryption with Version, R is the normal vector for program 

V to run; 
②  AS->U：L’=

ASUKE ,
( Nonce’ || L || KU,V || SigKu’ (L)), where Nonce’: = 

Nonce+N0 ; 

③  DS: Updates license status SLic=RELEASED, and Writes Tstart, Lifetime and 

Prun into DS. 

④  U receives L from AS, he firstly verifies the validation of Nonce, if Nonce’-
N0=Nonce is false, then denies to accept, otherwise verifies the Signature of L, 

if ))(( ' LSigVer
UU KK =true, then U accepts L. 

(2)  if SLic=RELEASED or WAITING, then it manifests the license for SID has al-

ready been released or the case that it has been loggoffed but waiting for the 
logoffing result code. Then CS verifies HID: 

①  if HID＝HID’, then checks whether Tcur -Tstart >Lifetime is true, if not, refuses 

to release L for U, otherwise releases L to U according to (1). 
②  if HID ≠ HID’, refuses to release license for the request, which is viewed as 

multiple copies of one software running on different machines or the same 
software running on different machines. 

Stage II: Registering the Software 

Step4: U registers V in the lifetime by KU,V to gets services from V. 

①  U->V: U commits L to V, V decrypt L by Kv: DKv‘(L)=DKv‘(EKv (SID || HID 

|| Pun || Tstart ||Lifetime)), then commit Tstart ||Lifetime to CS, CS then computes 

to validate whether it is true, if true CS passes a password for U to register. 
②  U commits authentication code to V: Authenu=EKu,v(HIDC||SIDC), where SIDC 

and  HIDC is the current SID and HID that to run the software. 

Step5: V authenticates the validation of Authenu from U according to the L that gets 

from U. 
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③ V: DKv‘(L)=DKv‘(EKv (SID || HID || Prun || Tstart ||Lifetime)), D Ku,v (Authenu) 

=DKu,v(EKu,v(HIDC||SIDC); 

④  if HID=HIDC and SID=SIDC, then goto ⑤, else refuses to register; 

⑤  V allow U to finish the registration and open services to U, then abolishes L 
and logging the transactional procedure in cipher mode. 

B. Software Transfer Protocol 
It is important to ensure the validity of logoffing request to prevent goal software V 
been logoffed without any control, thus the following procedures is necessary: U 
firstly requests logoff password PLgf, then secondly logoffs the already used software 

resource, finally commits the logoff result to SD, thus U can request License again 
for another computer when necessary. Software Migration Protocol (SMP) includes 
two sub-protocols which are requesting logoffing password stage and logoffing soft-
ware resource stage. The following is the description of the SMP protocol: 

Considering possible attack and treating, the software migration protocol must sat-
isfy the conditions: 

(1)  The interval of re-requesting the license must expire the lifetime that CS de-
clared in L, thus so  U can’t personate to request to different valid licenses that 
fits to run the software on different machine. 

(2)  To avoid software being logoffed without any control, when valid user wants to 
logoff the software, he must first get logoff password and do the logoff opera-
tion. 

(3)  During the logoff procedure, all operation must be done in transaction mode 
which meet the demand of ACID properties. If and only if CS confirms that the 
logoff is finished then U can request another License again to get its service. 

The SMP protocol is divided into 2 stages which include 5 steps, the following is 
the description of SMP: 

Stage I: Requesting for Logoff Password 

Step1: U->AS: R’= 
ASUKE ,

 (SID || HID || Nonce); 

Step2: As corresponding operation in SRP, if the R’ can’t pass the authentication, 
then deny to do anything for U, otherwise, goto step3; 
Step3：CS checks the license status SLic, and according to which decides whether to 

release logoff password Plgf or not: 

(1)  If SLic= RELEASED or SLic=WAITING and HID=HID’, then authentication 

whether the request lifetime is expired or not, if (Tcur-Tstart>Lifetime) is false, it 

manifests that the pre-released license is still in its lifetime, then deny the re-
quest. otherwise, it means that the pre-released license is expired its lifetime, 
then AS creates logoff password Plgf and pass it to U, and update critical Data 

in DS.  
①  AS creates Plgf：PLgf =EKv (SID || HID || PStop || WBCK)，where PStop = SE || 

P，SE is the signencryption with version, and PStop is the Stop Vector to pre-



Fail-Stop Authentication Protocol for Digital Rights Management      81 

vent V to run, while WBCK is the Authentication Word that need to return to As 

so that AS can authentication whether the logoff transaction is finished or not. 
②  AS Updates SLic=WAITING, and set Nonce’:=Nonce+N0, then sign and en-

crypt the Plgf to U: C’=
ASUKE ,

( Nonce’ || PLgf  || KU,V || SigKu’ (Plgf)). 

③  U gets Plgf from AS and verifies Nonce’-N0=Nonce is true or not. Is true, then 

verifies Signature of Plgf if( ))(( lg' fKK PSigVer
VV

=true), then accepts, otherwise re-

fuses 
(2)  if SLic=UNRELEASED or SLic=RELEASED but HID ≠ HID’, the deny to re-

lease  
the logoff password to U. 

Stage Ⅱ: Logoffing Software Resource 

U logoffs the software resources by the request logoff password Plgf , then commits 

logoff result authentication word WBCK to AS, then if the WBCK  is verified to true, he 

can then request another License to register and use the software again. 
Step4：U decrypts the Plgf from AS, then verifies the signature, if the signature is 

true, then do the following operations: 
①  U->V: PLgf || Authenu, where Authenu=EKu,v ( HIDC || SIDC); 

②  V:   DKv‘(PLgf)=DKv‘(EKv (SID || HID || PStop|| WBCK)), 

D Ku,v (Authenu)=DKu,v(EKu,v(HIDC||SIDC)); 

③  if HID=HIDC and SID=SIDC  then goto step5，otherwise denies to logoff the 

software  resources; 
Step5: 
①  U logoffs the software SID that runs on the current HID machine, and then de-

stroys resources of SID on HID, and locks the whole logoff operation in trans-
action mode, finally creates the logoff result R, R=Logoff(SID || HID || PLgf), 

where R ＝bLogoffed || RLgf . If bLogoffe=false, it manifests the logoff opera-

tion failed, then RLgf =NULL; otherwise RLgf =EKv(SID || HID ||W’BCK),U re-

turns RLgf to AS: 
ASUKE ,

(SIDC || HIDC|| RLgf). 

②  AS decrypts and verifies the validation of RLgf, if  SIDC=SID, HIDC= HID and 

W’BCK＝WBCK are all true, then accepts the results and updates HID’ and SLic , 

HID’=NULL, SLic=UNRELEASED; otherwise refuses the logoff results. 

3.3   Fail-Stop Digital Signature for SADIRM 

To enhanced the security and undeniablity during the system interaction, we adopted 
Fail-Stop Digital Signature [13-15] for inter-authentication in SADIRM, which is 
applied in the above protocols in each stages. 
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(1) System Parameters  
qp, are large primes p=2q+1, which are difficult to solve discrete logarithm  in pZ , 

*
pZ∈α ,   whose order is  q, *

0 qZ∈α ,   pmod0ααβ = ,, qp ,α ,β 0α  are 

decide by CA. βα ,,, qp are public parameters, while 0α are secret parameter. 

The message scope is M=Zq, Signature Scope is S= qq ZZ ×  and  

K= ),,,,,( 212121 bbaarr , where pZbbaa ∈2121 ,,, , and  

prpr bb mod,mod 2121
21 βαβα αα ==  

(2) Signature Procedure 
For Message M qZ∈  and  K= ),,,,,( 212121 bbaarr ,CA compute: 

qMbayqMbay mod)(,mod)( 222111 +=+=  

then 

)||()( 21 yyMSigS K ==  

is the signature of M. 

(3) Verification Procedure  
If and only if the following expression is true, the signature system is right: 

trueSMVerK =),(  ⇔ prr yyM mod)( 21
21 βα≡  

In fact, it is easy to prove that: 

prrp

prr
MMbbaa

MbaMbayyM

mod)(mod))((

mod)(

21

21

21211

221121

≡≡

≡ ++

βαβα
βαβα

 

4   Analysis of SADIRM 

Theorem 1. If SID and HID that U commits are valid, then through SRP, U can se-
curely get one and only one valid license L to register the software and get its ser-
vices. 

Theorem 2. According to SMP, Legal user U can get valid logoff password PLgf ,with 

which U can logoff and transfer the software resource to another machine. 

Proof (Theorem 1). According to SRP, when U commits Req=
ASUK

E
,

(SID || HID 

||Nonce), by LRDf , if and only if )'( UNRELEASEDSNULLHIDSIDSID =∧=∧= or 

(( '' HIDHIDSIDSID =∧= ) ∧ (Tcur-Tstart>Lifetime)) is satisfied, AS releases License L 

to U. Once the license of SID is released, when SID is not logoffed, U can’t get an-
other License to register on another machine. While the License is in lifetime, that is 
Tcur-Tstart<Lifetime, U can’t request the license for SID to register on another HID, so 

replay attack will not succeed. Thus when the request from U is valid, U can get one 
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and only one License L to register and get its services, therefore the SRP protocol is 
atomic and sole in releasing license. 

During each step in SRP, all communication is done in cipher mode, if the cryptog-
raphy is secure enough, the interaction is under high level protection. U verifies the 
identity of AS through Nonce’-N0=Nonce, according to the assumption that CA is 

credible, the License L U got from AS is valid, and the L can pass the verification. 
Although U can personate another L’, however he won’t know the exact timestamp 
that stored in DS, when registering the L’ will not pass the verification, thus the integ-
rity of L is ensured. Moreover, for AS is credible, then L is true. so through SRP 
protocol, U can securely get license L which the integrity and undeniability are en-
hanced, through which U can get its services.  

Considering kinds of attacks, if U didn’t logoff the License L but to get another li-
cense L’ to run SID on another machine, however the timestamp is controlled by AS, 
thus U can’t modify TStart, TCur and Lifetime. Thus replay attack won’t succeed. 

While U finishes registering SID and he tries to request another License L’, for the 
license status SLic=RELEASED, AS will not release License to U. Otherwise he must 

firstly logoff the previously registered License L to get request new license. 
Thus from the above 3 aspects, the release strategy of SRP is atomic, the content of 

L is undeniable, and registering is controlled strictly by system timestamp, therefore 
through SRP, U can one and only one License L to get services from SID■. 

5 System Implementation of SADIRM 

(1) Software Architecture of SADIRM 
Based on SADIRM protocol we have implemented the software completely, which is 
built on the principle of layers, modularization and expansibility, where Microsoft 
Visual C++6.0 is used for application GUI and algorithm mplementation, while Mi-
crosoft SQL 2000 (Enteriprise Edition) is for database support. The SADIRM system 
consists of 3 different executable applications (SmartLicAgent, AuthenServer,and, 
SmartLicManager and a dynamic linking library (SmartMonitor.dll, SmartMoni-
tor.lib) for access control and data security, and SmartLicManager interacts with 
database for data manager, especially the independent cryptography library ICL is for 
data encryption and decryption in middleware style which enhances the performance 
of the SADIRM system greatly in extendibility, migration. Fig. 1 is the software archi-
tecture of SADIRM. 

(2) Data Encrypt and Decryption 
The Independent cryptography library  (ICL) is implemented as middleware for data 
En/Decryption and digital signature, the fail-stop algorithm for digital signature, and 
DES algorithm for data encryption. Considering convenience and efficiency, the ICL 
algorithm is complemented in pure C instead of Microsoft CryptoAPI or Java Crypto 
Class, especially parts of the public key cryptographic algorithm is implemented in 
ASM language for high speed.  



84      Zhaofeng Ma and Boqin Feng 

Database Management System

Web Server

User Agent
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User Agent
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AuthServer AuthDeamon CryptoEngeer

 

Fig. 1. Software Architecture of SADIRM 

(3) Character Data Creation 
Character data in SADIRM includes software character SID and hardware character 
HID. SID is created by the GUID executable application, which has the uniform for-
mat, while HID is built on 3 critical characters of computer itself, which are CPU 
serial NO（C）, Hardisk Serial NO(H),MAC serial NO(M), thus HID is the mapping   
from C, H and M, that is: 

),,( MHCFHID =  = ))),,((( log MHCkgf icenhash  

where F is the compound mapping from hashf , eng  and icklog , here icklog  the com-

pound logical operation, eng is the secure encryption function, hashf is the secure 

 

Fig. 2. License Format of SADIRM 
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Hash function. Considering that not all computers are equipped with Network 
Adapter, while only PIII type CPU has serial No., but hardisk serial No. always ex-
ists. 

(4) Security of Software Entity Itself 
The most important and critical feature of SADIRM software implementation is that 
an enhanced signature mechanism is used to protect the software itself from been 
cracked, where segment signature and random verification mechanism is used to 
implementation of the software integrity and security. SADIRM can resist out attack 
such as SoftICE, but without sensitive information leakage thus SADIRM can ensure 
software entity itself is secure and strong enough to resist attack or crack. Then when 
can’t obtain MAC serial No, or CPU serial No, default value is used instead. Fig. 2 is 
the license created by SADIRM server, and Fig.3 is the Integrated GUI of SADIRM 
Server System. 

6   Conclusion 

Aiming at the current demerits of software copyright protection solutions, a novel and 
secure copyright protection solution SADIRM based on dynamic license is proposed 
to solve these problems. SADIRM provides a fairly good mechanism for atomic au-
thorization, complete revocation of software resource to protect software from be 
copied and reused without any control, where cryptography is used to provide data 

 

Fig. 3. Integrated GUI of SADIRM Server System 
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security and integrity, and analysis manifests SADIRM is valid, generic, and secure 
for software copyright protection and meet the demand of EULA in a consistent way. 
As the application, we have applied the inter-authentication protocol SADIRM for 
DRM in web-based adaptive information retrieval system that we developed for per-
sonalized information push-delivery.  
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Abstract. The recent trend of access control on the Web-related re-
source is that the service provider differentiates services according to the
user’s attributes such as membership class or job position. For proper
and simple representation of the relationships between user’s attributes
and permission, role-base access control is used on the Web. As the size
of the organization increases, does the number of membership classes
or job positions. Naturally, the role hierarchy becomes too complicated
to administrate properly. The lack of proper role administration makes
the system vulnerable in access control. Moreover, the web services are
distributed and categorized by the type of service. It is difficult that a
centralized server controls the distribute environment properly. In this
paper, we propose a distributed role hierarchy module that can manage
the role hierarchy effectively and practically. The proposed system em-
ploys the distributed local role hierarchy, and the combination of them
represents a logical global role structure. Distributed role hierarchy mod-
ules manage local role hierarchy that is related to each of them.

1 Introduction

Today the Web becomes an essential part of everyday activity. In companies,
schools, and public offices, people are hooked on computers to connect to the
Web. Many organizations, such as company or government, use the web-based
work management system. In this environment, most Web-related resources are
managed by service provider. The permission of resource usage depends on each
person’s job position or membership class, thus the service provider should sup-
port different levels of services according to the user’s attributes.

To satisfy this requirement, many security specialists have researched on
access control methods. One of the access control method is role-based access
control (RBAC) [1]. RBAC is suitable technology for managing and enforcing
security policy in large-scale enterprise-wide systems [2]. Thus RBAC has been
� This study was supported by the Brain Korea 21 Project in 2004.
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used on the Web as access control system [3], [4], [5]. These researches man-
age the role hierarchy with the centralized manner. However many web services
are distributed and categorized. Moreover, in the large organization, the role
hierarchy is very complex, and only a specified part of role hierarchy is authen-
ticated for proper access [6]. The current access control system provides this
complex role hierarchy using only single server. In this centralized method, the
role administration is difficult to maintain proper and consistent role hierarchy.

In this paper, we propose a distributed approach to role administration in
RBAC for secure Web environment. We propose role hierarchy mechanism with
decentralized role hierarchy module that administrates the whole role structure
properly and effectively. When a user asks permission for resource, related Web
server sends a verifying request to the role hierarchy module. It checks the avail-
ability of the proper role for the given request. If the module can not make a
proper decision, it sends the request to upper level role hierarchy module. This
approach removes the difficulties of role administration since the role hierarchy
is simpler than centralized role hierarchy. It is safer than centralized approach
since each role hierarchy module can concentrate on security of corresponding
role hierarchy. Moreover, proposed method processes the management of role
and user’s request effectively.

This paper is organized as follows. We describe access control on the Web,
RBAC concept, and distributed web security in section 2. In section 3, we ex-
plain existing RBAC system on the Web and its disadvantages. In section 4, we
describe proposed decentralized approach in detail. This is followed by a case
study of the proposed approach in section 5. Section 6 concludes.

2 Web Security

2.1 Access Control on the Web

The Web access control system consists of three parts such as making the pol-
icy, collecting the user and the system data, and enforcing the policy. Policy is
represented by language and is formalized by rule, logic, or formula. User and
environment data are status information such as referred page, connection time,
and requested action. Enforcing policy is based on the value of these attributes.
Bauer et al. proposed the logic based access control on the Web [7]. Policy based
access control system was introduced by Ungureanu et al [8]. Emin Gun Sirer
et al. proposed the access control system that applying rules depending on the
users’ attributes [9].

Generally, the Web access control policy defines permission for individual
user and resource. However, the security of large-scale organization focuses on
higher-level policies that are derived from laws, ethics, regulations, or generally
accepted practices. The policy of such organization usually requires not only an
ability to control access to information but also an ability to control the actions
of individuals [2]. In that environment, the relations among users, resources, and
cases are too complicated to be managed manually. Therefore, it is very hard to
achieve access control consistency for this kinf of security system. For example,



Effective Web-Related Resource Security Using Distributed Role Hierarchy 89

professor should be able to gain full control of the courses that he/she teaches.
While he/she should not gain control of other courses, he/she may read them.
In this case, the traditional method has to define many rules for every case. This
is a formidable and difficult task.

2.2 Role-Based Access Control

In 1992, David Ferraiolo and Richard Kuhn introduced RBAC (Role-based access
control) [1]. RBAC can be a good solution to the problem that we have described
in the previous section. In RBAC model, a user has multiple roles and a role has
multiple permissions. Permission is represented by the relation of resource and
operation. Hence the policy in RBAC is always concerned with what the user’s
role is [10]. It is much more efficient and time-saving than traditional access
control methods.

Conflicts of interest in a role-based system may arise as a result of a user’s
gaining authorization for permissions associated with conflicting roles [11]. For
example, if one role requests expenditures and the other role approves them, the
system must prohibit the same user from being assigned or active to both roles.

The number of roles can be in the hundreds or thousands, and users can
be more than that in large organizations. Managing these roles, users, and their
relations is a formidable task [6]. To solve this problem, administration of RBAC
uses RBAC itself. Administration of RBAC is important, and must be carefully
controlled to ensure that policy does not drift away from its original objectives.

2.3 Web Security Using RBAC in Distributed Domain

Freudenthal et al. introduced dRBAC, which supports coalition among different
organizations [5]. dRBAC is a decentralized trust management and access control
mechanism for systems that span multiple administrative domain. This system
uses PKI to establish trust between deferent organizations. dRBAC uses the role
to define controlled activations. To use another organizations service, dRBAC
employs role delegation concept. This system allows the third-party delegation.
By referring directly to the role originator’s namespace, an authorized entity
delegates roles created by another entity. The valued attributes are also used in
order to support varying levels of access for the same resource.

Bacon et al. have developed OASIS. This is a RBAC architecture for achiev-
ing secure interoperation of independently managed services in an open, dis-
tributed environment [12]. Each service is responsible for classifying its users
into named roles. A user is authenticated by presenting his/her credential to a
service, after which the service issues a role membership certificate (RMC). The
RMC includes the identifying aspects of user. A user is authorized by specifying
the method that he/she may invoke. For the authorization, privileges are ex-
pressed by the formal language based on Horn clauses, and the policy includes
constraints that must be checked.

These two RBAC systems for distributed environments mainly addressed
the solution of inter-domain problems. Each independent domain uses a role
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management server. Therefore, for a domain, they have the same problems as
mentioned in section 3.2.

Tari and Chan released I-RBAC, role-based access control for intranet secu-
rity [13]. Every server such as mail, file, and database server has its own role
hierarchy called local role hierarchy. For the globally used network object, global
role hierarchy is used. Global roles take individual local roles into account; thus,
a global role can have multiple local roles in multiple servers. Each server has
local role database and a global role database manage all the global roles. In this
system, the role structure is too complicated to maintain the consistency between
global and local roles. Because the intranet is an endless changing environment,
the alteration of roles must be managed to ensure consistent databases.

3 Current RBAC on the Web

3.1 Current RBAC Mechanism on the Web

Currently general RBAC systems use a centralized role server in order to assign
a role to a user in the Web environment. Before a user requests a resource from
the Web server, he or she must acquire the role from the role server. At this
time, the role server issues a certificate to the user. User’s attributes and role
are in the certificate. After connecting to the Web server, the user client sends
user’s attributes such as an identity to the Web server. Then the server verifies
user’s attributes and decides user’s access. Fig. 1 describes the schematics of this
process.

Fig. 1. A schematic of existing system.

The role server has a global role hierarchy with constraints. It assigns a role
to a user by certificate, and the Web server assigns the corresponding permissions
to the role in the certificate. Some implementations employ intermediate account
to assign the permission to role [14], [15]. The role hierarchy and the constraints
are very complex and modified manually by the security administrator.
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3.2 Problems of RBAC on the Web

In the existing centralized approach, whenever a user requests a service or a
resource, the user has to obtain proper credential such as cookie or certificate
from the role server. Since all the transactions are centralized to the role server,
this approach causes the vulnerability of security such as resource consumable
attack. If the role server is attacked and finally malfunctioned, the entire system
has to be shut down.

Moreover, the complexity of the role hierarchy in the large-scale system is
too high to administrate it properly with a centralized role server. When the
complexity of the role hierarchy is very high, the number of role and related
permissions can be more than thousands. It is not secure and effective for a
centralized role server to administrate this large scale system.

In the practical environment, the whole permission-role relation in the hier-
archy is related to many distributed web servers. These distributed web servers
provide different services, and these services are categorized by the level of se-
curity and workflow of the service. Thus existing approach is not suitable to
practical environments. In the following chapter, we propose a new system that
overcomes this problem and ensures proper and secure access to the Web re-
sources.

4 Proposed RBAC System on the Web

To cope with the problem described in the previous section, we propose a system
that employs distributed role hierarchy. In the proposed system, the global role
hierarchy is divided into several local role hierarchies according to the services
of each web server. Each local web server has own role hierarchy module. Every
role hierarchy module manages own local role hierarchy. A user can initiate a
service request to a local web server that has a lowest level role hierarchy module.
When the web server cannot provide requested service due to limitation of role,
it sends the request to the higher-level web server to provide proper permission
for the requested service.

4.1 Role Group

Generally, the locality of the service comes from the relevance and the level
of the service. In the large organization, a set of related services is provided
by a web server. Any other services are also categorized into related groups
that are distributed to web servers. In order to achieve this, service provider
considers different levels of services. Therefore, security administrator creates
roles according to the service level and the role hierarchy is designed according
to this group. According to this process, the role group is obtained, after which
it is used to organize local role hierarchy.
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4.2 Distributed Role Hierarchy

In the proposed system, we employ two kinds of role hierarchy; global role hi-
erarchy (GRH) and local role hierarchy (LRH). GRH is a logical role hierarchy
that describes the whole relations among all the roles in the organization, while
LRH is a physical role hierarchy that describes the relations among the roles in
the categorized role group. In other words, GRH is a schematic role hierarchy
of the entire system and LRH is practically divided into small groups depending
on the role group. The right side of Fig. 2 shows the concept of these role hi-
erarchies. Each LRH is managed by the local role hierarchy module in the web
server. The level of the service decides the hierarchy structure of role hierarchy
module. Each LRH has the local root role that is a bridge to connect with higher
level.

4.3 Explanation of the Proposed Model

Fig. 2 shows the schematic diagram of the proposed system. Several distributed
web servers provide different levels of services. This is a general case in a large
organization. For example, the main office may be in New York City and branch
offices are in Los Angeles, San Francisco, and Boston. While the headquarter
manages the whole process of the company, such as making product, and mar-
keting, the branch offices conduct the support service for the customer and dis-
tribute the product. The whole organization operates all together, and this whole
role hierarchy (global role hierarchy for this company) may be divided into sev-
eral local role hierarchies by the related branch.

A user requests a service by connecting to web server. A user’s request is
sent to a lowest local web server. Role hierarchy module in the given web server
checks whether requested service should be handled or not. Handling of the

Fig. 2. The schematic diagram of proposed system; a solid line means a user’s request,
while a dotted line means a traverse of role hierarchy to find available web server. A
global role hierarchy is divided into 4 local role hierarchies depending on the role group.
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request means that the role hierarchy module can assign the proper role to the
user except for the local root role. If it can handle the request, appropriate
services are granted. Otherwise, the role hierarchy module requests the services
to another higher role hierarchy module including own local root role. With the
same manner in the lower role hierarchy case, the higher role hierarchy module
checks the availability of handling of the user’s request.

Fig. 3. An example of the reverse traverse: Even the root role can not handle the
request, it traverses down to the alternative route in the global hierarchy.

In some cases, the user’s request can be handled by another equivalent level
role hierarchy module, not the higher level module. For this case, we use reverse
traverse method. The requested services can be provided by reverse traverse from
a root. When the user’s requests are not handled even though the highest role
hierarchy module checks the ability of handling it, the proposed system traverses
again through the other way of the global role hierarchy. Fig. 3 shows this case.

4.4 Management of Role Hierarchy

In the role hierarchy, creation/deletion of role and assign/revoke of permission
to role are often occurred depending on the situation. As the size of the organi-
zation larger, these changes occur frequently. The proposed distributed method
manages this situation effectively.

In the distributed approach, the management of the change is not drastically
different from the centralized approach. All the services are categorized when the
system is created and these categories form a hierarchy with level. Therefore,
except for the local root role, all the changes are handled locally. The change of
the local root role (such as l111 local root role of LRH 4 in the Fig. 3) is occurred
in the higher module (local role hierarchy 2 in our example). After changing, the
result is propagated to the lower module (local role hierarchy 4 in our example).
Fig. 4 shows an example of a local role changing procedure.

In the Fig. 4, there are 3 roles, such as r1, r2, and r3, and 4 permissions, such
as p1, p2, p3, and p4. The relations of role and permission are as follows; r2 has
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Fig. 4. An example of modifying roles: The change of the r2 (e.g. local leaf role of
LRH 2 and local root role of LRH 4) propagate to the related lower level role hierarchy
module.

p2 and p4, r3 has p3 and p4, and r1 has p1 and inherit p2, p3, and p4 from r2

and r3. First, the new permission p5 is inserted, and the new role r4 is created
and is inserted to the hierarchy for the p5. The new permission p6 is added to
the system and is assigned to r2. Last, to satisfy the least privilege condition,
the new role r5 is created and permission p4 is assigned to it. r2 and r3 have
the permission p4 through the inheritance. These set of changes is related to
the local role hierarchy except for the case of r2. Changing of the r2 must be
propagated to the related lower role hierarchy module. To do so, current module
that has the modified role r2 sends the information about the r2, such as set of
permissions and constraints, to the lower level module.

5 Case Studies of the Proposed System

We use a network of world-wide travel agent consisting of three levels of branches
in the case study. The top-level branch is for the headquarters. The second levels
(regional level) are for the branches related to wide regions, and the last levels
(sub-regional level) are for the branches related to small regions. Each branch
conducts business such as marketing travel package, reservation of accommo-
dating and airplane, and agency work for a visa and passport. The sub-regional
level web server provides reservation service related to traffic and accommoda-
tion. The regional level web server provides visa and passport agency service.
An employee information and job information are provided by a server to which
he/she belongs. The result of the business is reported to the headquarters, by
which it is appraised. The headquarters makes a decision on the financial af-
fair and the existence of a branch. We explain two practical examples; the use
case of employee and the use case of customer. The role hierarchy and user-role-
permission relation are shown in Fig. 5.

Case 1. Employee ei is the executive officer belonged to headquarter, and ei has
a role r4 that has two permission p1 and p2. A permission p1 means reviewing
the financial report and p2 is the appraising of the report. Suppose that ei is on
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Fig. 5. Role hierarchies and user-role-permission relation for two case study.

a business trip to visit Los Angeles branch in order to appraise the branch. To
do it, ei need to use r4 that has p1 and p2. Employee ei requests permission p1

to review financial report of Los Angeles branch. In this case, the regional level
web server takes the request, but the server does not handle ei’s request since
related role hierarchy module does not have the role r4. Thus the module sends
the request to the higher level role hierarchy module. Higher level module finds
the role r4 and checks the relation to verify that ei can use the role. At last,
the employee ei can review the report and appraise the branch. This appraisal
report is recorded to the database through the Web and is reviewed by the CEO.

Case 2. When a customer cj residing in sub-region wants to get a visa for
U.S., he/she sends the request to the visa agency. To do so, he/she connects
to the homepage of the travel agency, and then cj complete the request form.
He/she can change any time before the acceptance of the request and can check
the process of the treatment of request via homepage. To do so, the role r16 is
needed in the regional branch. The role r16 has three permissions such as p3, p4,
and p5. Each of permission means that filling/reviewing the form and checking
the process in sequence. When a sub-regional level web server where he/she
lives takes the cj ’s request, the role hierarchy module checks the availability of
handling the request. However, because visa agency service is the role of regional
level web server, the module sends the request to higher-level module. Since the
higher level module has the proper role r16, and check that cj may use this role.
Since the user-role relation shows that he/she can use it, cj will get the visa.

6 Conclusions

In the most of the Web environments, web servers are distributed since resources
are numerous. However, different from the practical Web environment, existing
method of the RBAC on the web is centralized. In this paper, we proposed a
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practical Web security method using distributed role hierarchy. This system di-
vides a global role hierarchy into several local role hierarchies. These local role
hierarchies are managed by the local role hierarchy module. Proposed method
removes the difficulties of role administration, thus the system will have proper
and consistent role hierarchy. This method is also reliable against resource con-
sumable network attack such as DoS. The approach can be easily applicable to
any Web application, such as e-commerce and work-flow system for enhancing
data and resource security.
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Abstract. In distributed computing systems, processes in different hosts take 
checkpoints to survive failures. For mobile computing systems, due to certain 
new characteristics conventional distributed checkpointing schemes need to be 
reconsidered. In this paper, we propose a low-cost coordinated checkpointing 
algorithm. During normal computation message transmission, the checkpoint 
dependency information among mobile hosts is recorded in the corresponding 
mobile support stations. When a checkpointing procedure begins, the initiator 
concurrently informs relevant mobile hosts, which minimizes the identifying 
time. Moreover, compared with existing coordinated checkpointing schemes, 
our algorithm blocks the minimum number of mobile support stations during 
the identifying procedure. Experimental simulation shows that the proposed al-
gorithm outperforms other coordinated checkpointing schemes and can provide 
a better system performance for mobile computing systems. 

1   Introduction 

In distributed computing systems, processes in different hosts communicate with each 
other by messages. To survive failures, processes take checkpoints periodically or 
aperiodically. Although checkpointing techniques have been extensively studied for 
distributed computing systems in last decades, most of the previous work assumed 
that the systems are supported on relatively reliable networks [1][2]. As many other 
techniques in distributed computing systems, traditional checkpointing schemes can 
not be readily applied to mobile computing systems due to certain new characteristics 
of such systems, e.g., mobility, low bandwidth, disconnection, low power consump-
tion and limited memory. Hence, efficient checkpointing algorithms for mobile com-
puting systems need to be reconsidered [3][4]. 

Basically, there are two kinds of checkpointing methods: the asynchronous and the 
coordinated. Overmany checkpoints and unexpected recovery time delay due to the 
limited bandwidth make the asynchronous checkpointing methods unsuitable for 
mobile computing systems [3]. In contrast, the coordinated methods have less storage 
and bandwidth need, need no garbage collection and have the characteristic of dom-
ino-free. The Koo-Toueg (KT) algorithm [5] only forces those processes that have 
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communicated with the checkpoint initiator either directly or indirectly since the last 
global checkpoint to take new checkpoints. While the identifying procedure of KT is 
sequential, which may result in long checkpointing latency in mobile computing 
systems. In [4], Cao and Singhal proposed an algorithm (CS) that makes use of mo-
bile support stations to fulfill the identifying procedure. But there are several draw-
backs in this algorithm. First, regardless of the number of mobile hosts involved in a 
global checkpoint, the identifying time is always approximately equal to three times 
as many as the average message latency between two mobile support stations and all 
mobile support stations must be blocked during identifying. Moreover, if there are 
plenty of mobile support stations, the proxy is prone to be bottlenecked due to too 
many request messages, which may result in longer identifying time latency. Finally, 
matrix multiplication is a time-consuming procedure if the number of mobile hosts is 
large and it may lengthen the identifying time as well. 

In this paper a low-cost concurrent checkpointing algorithm is proposed. During 
normal message exchanges, the computation messages are transmitted along with 
checkpoint dependency information among mobile hosts and the location information 
of corresponding mobile support stations, which are used to update the data structures 
of each mobile host. When a checkpointing procedure begins, all relevant mobile 
hosts are informed concurrently using these data structures, which dramatically de-
creases the time latency of tracing dependency trees. Meanwhile, the proposed algo-
rithm makes full use of the computation and storage ability of mobile support stations, 
which reduces synchronization message transmission overhead and power consump-
tion of mobile hosts.  

The rest of the paper is organized as follows. Section 2 presents preliminaries for 
coordinated checkpointing algorithms in mobile computing systems. Section 3 intro-
duces a novel concurrent checkpointing algorithm. Section 4 presents the perform-
ance evaluation of the proposed algorithm. Finally, conclusion is made in section 5. 

2   Preliminaries 

A mobile computing system consists of a large number of mobile hosts (MHs) and 
relatively fewer static hosts called mobile support stations (MSSs). The MSSs are 
connected by a static wired network, which provides reliable FIFO delivery of mes-
sages. A cell is a geographical coverage area under an MSS. MHs can directly com-
municate with an MSS by a reliable FIFO wireless channel only if they stay in the 
cell supported by the MSS. A distributed computation consists of some processes 
running concurrently on fail-stop MHs or MSSs and message passing is the only way 
for processes to communicate with each other. Each process runs at its own speed and 
messages are exchanged through reliable communication channels, whose transmis-
sion delays are finite but arbitrary.  

Due to inter-process communications, the state of a process may depend directly or 
indirectly on that of another process. If a process has to rollback due to failure, the 
other processes, which are directly or indirectly dependent on it, also have to rollback. 
In recovery, it is important that the system is recovered to a global consistent state 
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and continues its operations from this consistent state. A global state is consistent if it 
contains no orphan message, i.e., a message whose received event is recorded in the 
local state of the destination process, but its send event is lost in the local state of the 
source process [6]. In our checkpointing algorithm each checkpoint is associated with a 
unique sequence number. The sequence number of each process increases monotoni-
cally and the jth checkpoint of process Pi is denoted as Ci,j. The sending and receiving 

events of message τ are denoted as send(τ) and receive(τ) respectively.  

Definition 1. If message τ is sent from process Pi before it takes checkpoint Ci,m , we 

say that send(τ)∈ Ci,m. Similarly, if Pi takes checkpoint Ci,m before it sends message τ, 

we say that send(τ)∉ Ci,m.  

Definition 2. If message τ is received and processed by process Pj before Pj takes 

checkpoint Cj,n , we say that receive(τ)∈ Cj,n. and if Pj takes checkpoint Cj,n before it 

receives τ, we say that receive(τ)∉ Cj,n. 

Definition 3. Direct Checkpoint Dependency - Suppose there are two processes Pi 

and Pj and the latest checkpoints of the two processes are Ci,m and Cj,n respectively.  

Pj is directly checkpoint dependent upon Pi, denoted as Pj DCD Pi, if and only if: 

∃τ, receive(τ)∉ Ci,m ∧send(τ)∉ Cj,n 

Definition 4. Transitive Checkpoint Dependency - Process Pj is transitively check-

point dependent upon process Pi, denoted as Pj TCD Pi, if and only if: 

∃Pk, (Pj DCD Pk)∧((Pk DCD Pi) ∨ (Pk TCD Pi)) 
In the following discussion, DCD and TCD are both called checkpoint dependency 

(CD) unless they are referred to explicitly.  

3   A Concurrent Checkpointing Algorithm 

3.1   Underlying Notions of the Algorithm 

Suppose there are Nmh MHs and Nmss MSSs in the system, where Nmh is much larger 

than Nmss. For clarity of presentation, we assume there is only one process running on 

each MH. Then in the following sections MHi and Pi are used to denote the same 

meaning, that is, process Pi running on MHi.  

In KT, the procedure of tracing the dependency tree is sequential since each proc-
ess only knows processes that are DCD upon it, which may result in long checkpoint-
ing latency due to the limited wireless bandwidth and the search cost. The search cost 
is the cost to locate which MSS an MH stays in currently. In our checkpointing 
scheme, the checkpoint dependency information owned by the source process and its 
location information are sent to the destination process along with the computation 
messages during normal computation message exchanges. Using such additional 
information each process knows processes that are not only DCD but also TCD upon 
it, which may reduce the depth of dependency trees and the checkpointing latency. 
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Moreover, by using the location information an MH may be identified without incur-
ring the search cost, which may further shorten the checkpointing latency. Regarding 
the limited power and computation ability of MHs, it is of great importance that mak-
ing full use of the computation ability and power of MSSs. Therefore, for an MH, in 
our checkpointing scheme the checkpoint dependency information and other MHs’ 
location information are maintained in its corresponding MSS instead of in itself. To 
maintain such additional information for MHs, each MH, say MHi, is associated with 

three sets PS_RMFi, PS_SMTi, TRACEi and a boolean variable PROCESSEDi at its 

current MSS.  
In PS_RMFi, for each mobile host MHk if MHk CD MHi holds, there exists a 2-

tuple <k, p> in which: 
k is the identity number of mobile host MHk that MHk CD MHi  holds; 

p is the identity number of the MSS  in which MHk has sent a message (directly or 

indirectly) to MHi.  

Similarly, in PS_SMTi, for each mobile host MHk which has received at least one 

message from MHi, there exists a 2-tuple <k, p> in which: 

k is the identity number of mobile host MHk on which MHi CD MHk  holds; 

p is the identity number of the MSS  in which MHi has sent a message to MHk di-

rectly.  
TRACEi records identity numbers of MSSs that MHi has passed by. PROCESSEDi 

denotes whether MHi has received a checkpointing request during a global check-

pointing procedure. The three sets are all initialized as empty and PROCESSEDi is 

initialized as FALSE. 
To maintain the correctness and consistency of sets PS_RMFs and PS_SMTs, mes-

sage exchanges between MHs include the following extra steps: 
(1)  Suppose MHi is in the cell of MSSp and MHj is in the cell of MSSq. When 

MHi sends out a message τ to MHj, it first sends the message to MSSp and then MSSp 

locates Pj ’s corresponding mobile support station MSSq. After inserting 2-tuple <j, 

q> into PS_SMTi, MSSp sends the message to MSSq together with PS_RMFi and 2-

tuple<i, p>. 
(2) When MSSq receives the message, it first extracts the attached information, 

and then forwards it to MHj. Finally MSSq acts as follows: 

FOR each 2-tuple <k, m> in PS_RMFi ∪{<i, p>} 
IF k≠ w （ w is the first item of any 2-tuple in 
PS_RMFj ） 

  PS_RMFj= PS_RMFj∪{<k, m>}; 
ELSE 
  IF m ≠ n （ n is the second item of any 2-tuple in       
PS_RMFj whose  w = k） 

 PS_RMF
j
= (PS_RMF

j
 – {<w, n>})∪{<k, m>}; 
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3.2   Handling Mobility and Disconnection 

Through above message exchanges, an MH, say MHi, will partially or totally know 

which MHs are CD upon it according to the content of set PS_RMFi. At the same 

time, the location information of such MHs is also available. While in mobile com-
puting systems, MHs may not always stay in only one MSS and if the handoff of one 
of such MHs occurs, its location information in PS_RMFi may become out of date. 

To cope with handoffs the following strategy is adopted. When the handoff of an MH, 
say MHi, occurs, the handoff history is recorded into TRACEi. If the number of 

handoffs becomes bigger than a predefined threshold, position-changed messages are 
broadcasted. The main purpose of the threshold is to avoid too many position-
changed messages being generated if MHi frequently moves around in several rela-

tively fixed MSSs that are adjacent to each other. The detailed handoff processing 
procedure is described as follows. 

When MHi leaves a cell and enters into another cell, it first ends its current connec-

tion by sending a LEAVE(MHID) message to the old MSS, say MSSp, and then es-

tablish a new  connection  by  sending  a  CONNECT(MHID,  OLDMSSID)  mes-
sage  to  the  new MSS, say MSSq. After receiving the CONNECT message, MSSq 

sends a GETDATA(MHID) message to MSSp to fetch MHi’s data structures. Once 

MSSq obtains all data structures for MHi, it inserts MSSp’s identity number, namely p, 

into TRACEi. MSSp will release all resources occupied by MHi after finishing rele-

vant data structures transmission.  
If MSSq finds that the number of items in TRACEi has exceeds a predefined 

threshold, it will send position-changed messages to all MSSs in Π2(PS_SMTi), along 

with Π2(PS_SMTi) and 2-tuple <i, q> to minimize the amount of position-changed 

messages. Πi(PS_SMT) is such a set that consists of the ith item of each 2-tuple in 

PS_SMT. TRACEi is set as empty after MSSq finishes the position-changed messages 

transmission. When an MSS, say MSSr, receives a position-changed message, it acts 

as follows: 

IF having received the same position-changed message  
  Return; 
FOR each PS_RMFj in MSSr 
 FOR each 2-tuple <k, m> in PS_RMFj  
   IF k = i     
      m = q;   
 FOR each PS_SMTj  in MSSr 
  FOR each 2-tuple<w, n> in PS_SMTj 

  IF n ∉ MSSs_SETrec 
  Send the position-changed message to MSSn along 

with MSSs_SETrec ∪ ( )PS_SMT( i2U
rj MSSMH∈

∏ ) and 2-tuple <i, q>; 
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MSSs_SETrec is the set of MSSs’ identifiers along with the received position-

changed message and can be used to minimize the number of position-changed mes-
sages.  

Disconnection is another problem that may affect the performance of a checkpoint-
ing algorithm for mobile computing systems. In our checkpointing scheme, tech-
niques used to cope with disconnection in [4] are adopted. When an MH, say MHi, 

wants to disconnect from its local MSS, say MSSp, it takes a local checkpoint and 

transfers its local checkpoint into MSSp. If MHi is asked to take a checkpoint during 

disconnect interval, MSSp is responsible for convert the local checkpoint into new 

permanent checkpoint of MHi. 

3.3   Algorithm 

In a mobile computing system, to minimize the number of MHs taking checkpoints, 
instead of forcing all MHs to take checkpoints, the global checkpoint initiator has to 
identify which MHs must take a checkpoint and the identifying procedure is not triv-
ial. The detailed checkpointing algorithm is described as follows: 

(1) When mobile host MHi initiates a checkpointing procedure, it first sends a re-

quest message to its local MSS, say MSSp, and then MSSp becomes the checkpoint-

ing proxy that is responsible for the entire procedure. After receiving the request 
MSSp acts as follows: 

TEMP =Π2(PS_RMFi);  
weight = weight / |TEMP|; 
/* weight is the value to be assigned to should- take-
checkpoint MHs. It is mainly used to determine the ter-
mination of the checkpointing procedure [7] and is initi-
ated as 1*/ 
FOR each q belongs to TEMP 
  Send checkpointing request < MHini, MSSini, weight, 
MHList> to MSSq, along with PS_RMFi to minimize the num-
ber of request messages among MSSs; 

Where MHini is the identity number of the initiator, namely i; MSSini is the identity 

number of the checkpointing proxy, namely p; TEMP is initiated as empty; MHList is 

the identity number list of should- take-checkpoint MHs in the cell of MSSq; 

δ2=q(PS_RMF) is a subset of PS_RMF in which the second item of each 2-tuple is 

equal to q.  
(2) When MSSq receives checkpointing request  <i, p, weight, MHList >, it acts as 

follows: 

FOR each MHj whose identity number belongs to MHList 
IF MHj is in the current cell  
 IF PROCESSEDj ≠ TRUE  
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 PROCESSEDj = TRUE;  
   Blocking the application message transmission of MHj;  
    FOR each 2-tuple <w, r> in PS_RMFj 
  IF r ∉ Π2(PS_RMFrec)  
   TEMP = TEMP ∪ {r}; 
  ELSE 
    IF (Π1(δ2=r(PS_RMFj) - Π1(δ2=r(PS_RMFrec))) ≠ φ 
          TEMP = TEMP ∪ {r}; 
weight = weight /(|TEMP| + 1);  
FOR each MSSr whose identity number belongs to TEMP 
   Send checkpointing request <i, p, weight,         
Π1(δ2=r(PS_RMFj) - Π1(δ2=r(PS_RMFrec))> to MSSr, along with 
PS_RMFrec∪（ U

ListMHj∈

jPS_RMF ）;  

weight = weight / |MHList|; 
FOR each MHj whose identity number belongs to MHList 
IF MHj is in current cell 
    Send checkpointing request <i, p, weight, φ> to MHj;  
ELSE 
    Locate MHj’s corresponding MSS, say MSSs, and send 
MSSs checkpointing request <i, p, weight, j> along with 
PS_RMFrec∪（ U

ListMHj∈

jPS_RMF ）; 

Where PS_RMFrec is set PS_RMF associated with the received request message, 

which is used to minimize the number of request messages among MSSs. TEMP is 
initiated as empty.  

(3) After receiving a request message, each MH sends a positive or negative reply 
message to MSSp along with the weight in the request message. For an MH, it may 

receive more than one checkpointing requests with different weights. To ensure the 
initiator can determine the termination of a global checkpointing procedure, it must 
send reply messages along with the sum of different weights to the initiator. 

(4) When MSSp receives the votes from all relevant MHs, namely the sum of 

weights in reply messages is equal to 1, it makes a positive or negative decision and 
broadcasts the decision to all involved MHs, and then all involved-in MHs act 
accordingly. This is almost the same as any other two-phase strategies.  

(5) If all MHs involved in the global checkpoint have turned their tentative check-
points into permanent ones, their data structures, PS_RMFs, PS_SMTs and TRACEs, 
are all set as empty. Note that if TRACE is not empty, the position-changed messages 
sending procedure is called explicitly. PROCESSEDs are set as FALSE as well. 

4   Experimental Evaluation 

We design and implement a set of experiments evaluate these three algorithms by 
performance metrics the average identifying time, the total application message 
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overhead and the average MSS blocking time. The average identifying time is de-
fined as the sum of the identifying time of all global checkpoints divided by the num-
ber of global checkpoints. The total application message overhead denotes the mes-
sage transmission cost for transmitting computation messages among MHs during 
their normal execution plus the position-changed message transmission cost among 
MSSs. The average MSS blocking time is defined as the total blocking time of all 
MSSs due to checkpointing divided by the number of MSSs and the number of all 
global checkpoints during a certain period of time. 

In our simulation system, there are 10 MSSs, each of which has a wireless com-
munication with the mobile hosts currently in its cells. We vary the number of MHs 
from 10 to 100 to see the corresponding changes of these performance metrics. The 
wireless LAN has a bandwidth of 100Kbps which follows IEEE 802.11 standard [8]. 
The bandwidth for the wired network is 10 Mbps. The incremental checkpoint [1] is 
used to reduce the amount of data that must be written to the stable storage. Discon-
nections are dealt with according to the techniques in [4]. The time span between two 
consecutive global checkpoints is 100s and a random active process is selected as the 
global checkpoint initiator at the scheduling time point. Each process sends out a 
computation message to another randomly selected active process after a time period 
that follows an exponential distribution and λsendmessage is equal 0.1. Disconnection 

rate and handoff rate both follow the Poisson process and λdisconnection and λhandoff are 

both equal to 0.01. The size of each computation message is 1K, which does not in-
clude the additional information in CCA. The threshold of sending position-changed 
messages is equal to 3.  

In experiments, we change the number of mobile hosts and for each case the sys-
tem runs for half an hour. Figure 1 illustrates the total application message overheads 
as a function of the number of MHs. The basic unit of Y-axis is the total application 
message overhead for KT where there are 10 MHs. From Figure 1 we can see that the 
total application message overheads for KT, CS and CCA are almost identical and the 
overhead of CCA is a little higher than that of the others. The reason lies in that addi-
tional information is transmitted during the normal computation message exchanges 
in CCA and position-changed messages may be generated if the number of handoffs 
of an MH exceeds the predefined threshold.  

 

 
Fig. 1. Total Application Message Overhead Comparison 
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The average identifying time is an important performance metrics, especially for 
certain time-critical service-oriented applications. Figure 2 illustrates the average 
identifying time for CS and CCA and the basic unit of Y-axis is the average MSS-to-
MSS message latency. KT is not depicted because of its obvious shortages. As de-
picted in Figure 2, with the number of MHs increases, for CS, the average identifying 
time is approximately three times as many as the average MSS-to-MSS message 
latency and varies slightly with the variation of the number of MHs. For CCA, the 
performance metric outperforms that of KT and CS because the involved-in MHs are 
informed concurrently and the search cost decreases thanks to the additional informa-
tion maintained in MSSs. Though the average identifying time of CCA has a slight 
ascending trend with the number of MHs increases, we can see that as long as the 
message communication is relatively intensive CCA will do better than CS. 

Figure 3 illustrates the average MSS blocking time for CS and CCA. KT is not de-
picted because of its obvious shortages. The basic unit of Y-axis is the average MSS-
to-MSS message latency. As shown in Figure 3, the average MSS blocking time of 
CCA is significantly smaller than that of CS, which is approximately equal to twice 
as many as the average MSS-to-MSS message latency. At the same time, the average 
MSS blocking time of CCA decreases accordingly with the number of MHs increases. 
The main reason is that in CCA only the minimum number of MSSs are blocked 
during every global checkpointing procedure while in CS all MSSs are blocked.  The 
descending trend of the average MSS blocking time for CCA can be argued that with 
the number of MHs increases, for MHs in different MSSs, the probability of being 

 
Fig. 3. Average MSS Blocking Time Comparison 

 
Fig. 2. Average Identifying Time Comparison 
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checkpoint dependent upon each other becomes less due to the constant λsendmessage 

and then the number of MSSs involved in a global checkpointing procedure deceases 
probabilisticly.  

5   Conclusion 

In order to survive a failure, processes in distributed systems have to take checkpoints 
to reduce the loss of computation. In mobile computing systems, due to the intrinsic 
characteristics of the wireless network and the mobile hosts, the checkpointing algo-
rithm should be reconsidered deliberately. This paper proposes a novel concurrent 
checkpointing algorithm. By recording the dependency relation among mobile hosts 
and the location information of mobile support stations during the normal computa-
tion message transmission, the algorithm can reduce the time latency for a global 
checkpointing procedure significantly. Furthermore, it minimizes the number of 
blocked mobile support stations during identifying, which improves the system per-
formance compared with previous coordinated checkpointing algorithms. The ex-
perimental simulation reveals that the proposed algorithm has better performance 
than existing ones such as KT and CS. 
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Abstract. With the increasing demands for adaptive middleware of real-time 
embedded systems in ubiquitous computing environments, the need for novel 
software architecture and programming infrastructure to manage data  is widely 
recognized. In this paper, we present SAM (Semantic and Adaptive Middle-
ware), an efficient middleware architecture that supports for real-time embed-
ded system in smart vehicle space. The SAM’s architecture is based on embed-
ded real-time OS and CAN-based communication environment, which includes 
tinyORB kernel, distributed components, distributed meta objects, services and 
tools. In SAM, we mainly utilize context-sensitive repository and knowledge 
management technology to realize adaptive characteristic. The two contribu-
tions of this paper are the proposal of SVA (Semantic Virtual Agent) and com-
ponent-level adaptive mechanism. The SVAs use SIP (Semantic Interface Pro-
tocol) to communicate and auto-update themselves. To achieve self-adaptation 
and reflection of component-level, the component hook mechanism is intro-
duced. In addition, we have brought into further discussion of the hardware in-
frastructure and one application of SAM to manage heterogeneous data. 

1   Introduction 

In 21st Century, ubiquitous computing would let us “off the desktop,” and make us 
go into the new world where all entities in environments fuse naturally [1]. People 
live in the intelligent active environments, where they using smart devices to interact 
and seamlessly integrate with each other naturally. The active environments, smart 
devices, and people are essential elements of ubiquitous computing environments, 
and they continuously adjust themselves to better cooperation [2]. As a result, it poses 
a number of new challenges for middleware technology. In particular, such user-
centered ubiquitous computing environments may require a semantic and adaptive 
middleware architecture to trustily communicate, operate resources, manage data, and 
provide various services for real-time vehicle space [3][4]. 
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The traditional middleware is inevitably heavyweight, has not enough reconfigur-
able mechanisms and manipulating policies [5], and also has not specifically semantic 
interface, which is not suitable for ubiquitous computing such as in vehicle space. In 
addition, the increasing applications in the vehicle space would require the middle-
ware to execute more efficiently and reliably. At present, many research efforts have 
focused on designing new middleware architecture capable of supporting the re-
quirements imposed by ubiquitous computing [6][7][8]. PICO [9] supports time-
critical applications in dynamic, heterogeneous environments. Gaia [10] coordinates 
software entities and heterogeneous networked devices contained in active physical 
space, exporting services to query and utilize existing resources. Open ORB [11] 
middleware provides component frameworks and reflection mechanism used to dis-
cover the current structure and behavior. Recently, the vehicles have merged into our 
daily life, so we select the vehicle space as a representative scene of ubiquitous com-
puting. However, in ubiquitous computing environments such as smart vehicle space, 
in our opinion, a more systematic, hierarchy, semanteme-integrated and adaptive 
solution is needed. Therefore, the motivation behind our research is the lack of a 
suitable middleware software infrastructure to develop applications for ubiquitous 
computing. In this paper, we investigate the semantic and adaptive middleware archi-
tecture for smart vehicle space in details. 

The structure of the paper is as follows. Section 2 presents SAM infrastructure, 
highlighting smart vehicle space. Next, the hierarchy, semantic and adaptive middle-
ware architecture is given. Section 3 then introduces SVA in detail. In particular, the 
key technology underpinning of SVA, namely SIP is proposed. Section 4 argues 
component-level adaptive mechanism in SAM. Specially, the section 3 and section 4 
put forward the application of knowledge management in SAM. Following this, sec-
tion 5 discusses the application of SAM’s hardware infrastructure and gives a case 
study. Finally, section 6 summarizes the discussion and introduces some areas de-
manding further investigation. 

2   SAM Infrastructure 

SAM consists of smart vehicle space and hierarchy architecture. After people go into 
smart vehicle space, they can communicate with the embedded equipments naturally 
through SAM infrastructure. Hereinafter, we give a detailed introduction of above 
two aspects. 

2.1   Smart Vehicle Space 

In recent years, lots of developers have applied embedded technology to vehicles. 
The drive capability, dependability, comfort, and convenience of the vehicle are im-
proved greatly [12]. When people enter into smart vehicle space, they could find 
many intelligent devices and equipments around them. People want to communicate 
with these devices naturally and friendly. They also want to form a harmonious entia. 
The smart vehicle space, surrounding people and devices, provides easy communica-
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tion and processing transaction environments where we have used synthetical tech-
nology such as computer communication technology, advanced human-machine in-
terface, auto control, positioning and knowledge management technology, etc. 

Smart Vehicle Space is composed of (1) auto apperceiving context system, (2) 
auto processing system, (3) context repository reasoning system and (4) centralized 
controlling system, as shown in Figure 1. 

Auto apperceiving context system consists of the status of people and equipments 
in the vehicle, including cameras, sensors, and sound receivers. Auto processing sys-
tem comprises steering, navigating and entertainment subsystem. Context repository 
reasoning system uses correlative context and knowledge management technology to 
make manipulating strategy. Particularly, the centralized controlling system is kernel 
of the smart vehicle space, controlling other parts to communicate and cooperate 
effectively. 

 

 

Fig. 1. Smart Vehicle Space 

2.2   SAM Architecture 

The overall goal of SAM is to develop a semanteme-integrated and dynamic re-
configurable middleware technology through a synthesis of reflection, component, 
and knowledge management technologies. In particular, SAM is structured as tiny-
ORB kernel, a set of configurable distributed components, meta objects, and SVAs. 
The SAM processes transactions through interplay of SVA and context repository. 
SAM watches the structure and behavior of components, meta objects, SVAs, and 
context repository momently, by which SAM could change each part at run-time on 
principle. One of the key aspects of the SAM architecture is the communication of 
SVAs using SIP. In addition, we introduce the component manager that records struc-
ture and behavioral aspects of each component, managing component's life cycle. For 
example, before creating or destroying a component instance, it should be through 
component manager first which decides what and how to execute it. 
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SAM is made up of four layers, as Figure 2 shows. The physical layer consists of 
the hardware, associated drivers, and operating system kernel. The next layer com-
prises CAN-based communication environment such as J1939, CANOpen protocol 
and communication modules for above layer. The third layer is tinyORB kernel that 
is reduced from common ORB and supports dynamic characteristic. In this paper, we 
don’t discuss tinyORB in detail. The fourth layer is the essential services and tools, 
including components, meta objects, and SVAs. SVA is the logic presence of group 
of services, which cooperate with each other by SIP. The meta object includes 
QoS(quality of service), naming, discovery, and event service. In addition, the tools 
of this layer consist of system monitoring and energy saving, etc. 

 

 

Fig. 2. SAM Architecture 

3   SVA Framework 

SVA is based on distributed components and distributed meta objects. The communi-
cation of SVAs use SIP, which consist of SVAs request, response and self-updating 
protocol. We utilize context repository reasoning system to update SVA’s knowledge 
base and capability repository. At the same time, the SVA changes its missions on 
principle. 

3.1   SVA 

In our design, we break the user's application into several tasks. Each task should be 
transacted by some SVAs. SVA is just a logic abstract union which comprises a num-
ber of related meta objects which are kinds of various services. The meta object  
has direct interface with components. Emphatically, the basic element is the compo-
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nent. The relationships between two components may be mutex or interdependently. 
In SAM, component manager keeps each component’s information and inter-
relationship repository, which also organizes the meta objects using some strategy. 
The SVA infrastructure is shown in figure 3. 

 

 

Fig. 3. SAM infrastructure 

For example, one task needs SVA1, SVA2, and SVA3. SVA1 consists of MO1 and 
MO2. SVA2 comprises MO2 and MO3. SVA3 is made up of MO3 and MOn. MO1 com-
municates with component manager, and passes the requirement semantic parameters. 
The component manager is in charge of looping up the related components and re-
turning results. In this case, MO1 consists of C1 and C3. Particularly, the SVA layer 
communicates with meta object layer and meta object layer communicates with com-
ponent layer both use semanteme. In order to describe it, we present SIP as follows. 

3.2   SIP 

Semantic interface protocol is the rule of SVA’s presence, development, and inter-
communication, which includes SVA’s naming, request, response, and self-updating 
protocol. In this section, we introduce SVA’s naming protocol first. Here, we can 
define a SVA by P=<C, M, K>, where C is the set of capabilities of this SVA; M is 
the set of SVA mission; K is the knowledge base of this SVA. For instance, SVA1 
looks up and obtains one performance parameter capability and its missions are pro-
viding SVA2’s position for SVA3. Considering security and the right of each SVA, we 
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should know who this SVA could serve. In particular, the SVA use whose capability 
depending on the context repository reasoning system and its knowledge base. So, we 
can define SVA1=<{lookup,getonepara},{(ProvPos(SVA2), SVA3),{k1,k2,…}}>. As 
follow, we propose SVA request, response, updating knowledge base, and updating 
capability protocol. 

3.3   SVA Request and Response 

The communications of SVAs include SVAs request and response. One SVA can ask 
other SVA for help which is called SVA request. For example, SVA1 wants to get one 
parameter of the system. According as its knowledge base, SVA1 finds SVA2 has this 
capability. Then SVA1 sends request command to SVA2, which is defined as Request 
(SVA1, SVA2)={(getonepara)}. As for SVA2, if it has not this capability now, it 
would find other SVA through its knowledge base. The process would not stop until 
one SVA has or all SVAs have not. In this case, SVA2 finds it has not, then it requests 
for SVA3. But SVA3 also has not. Next according as SVA3’ knowledge base, it finds 
SVA7. Because SVA7 has this capability, SVA7, not SVA2 would send result to SVA1, 
and remind SVA1 to update its knowledge base. This is distributed peer to peer proc-
ess. As shown in figure 4. 

 

 

Fig. 4. SVA request and responses 

3.4   SVA Self-updating 

SVA is developing continuously in its life cycle. In one SVA’s life cycle, it can ac-
quire new knowledge from other SVAs and context from smart vehicle space, using 
context repository reasoning system to update its knowledge base. SVA would also 
obtain new capabilities and update its capability repository. Of course, the SVA 
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would change its missions constantly. SVA is adjusting and developing ceaselessly 
which is an adaptive process. In addition, SVA provides its knowledge actively and 
accept other’s knowledge to update its knowledge base. Here, for instance, we can 
define UpdateKb(SVA1) by Acquire Knowledge(SVA2) + UpdateKb. The SVA could 
also discern its status by its knowledge base. Once finding it has a new capability, the 
SVA would update its capability repository. We can define UpdateCapability(SVA1) 
by DiscernStatus(SVA1) + UpdateCap. 

4   Component-Level Adaptive Mechanism 

The base of the SAM infrastructure is the distributed components layer. Components 
are the tiny self-managing, autonomic parts of the system which work in distributed 
environments [13]. As Szyperski said, a component can be defined as “a unit of com-
position with contractually specified interfaces and explicit dependencies only”. In 
particular, he argues “a software component can be deployed independently and is 
subject to composition by third parties” [14]. In SAM, we emphasize the organization 
of the components to realize the reuse ability. The component's life cycle and the 
relationship of components are administered by component manager [15]. As a result, 
we can realize the component reconfiguration in runtime depending on component 
manager. 

4.1   Reflection 

Reflective technology has been applied to language design, such as Java Core Reflec-
tion API. Recently, reflection has also adopted in distributed operating system and 
middleware design. In particular, reflection allows components to customize their 
structure and behavior [16]. The styles of reflection consist of (1) structural reflection 
and (2) behavioral reflection. Structural reflection includes the set of interfaces sup-
ported. Behavioral reflection is concerned with actions and intentions in the underly-
ing system. The main motivation for our research is to integrate the component tech-
nology into reflective technology. In our design, we use component hook mechanism 
to realize it. 

4.2   Component Hook Mechanism 

Component manager is the central unit in component group. When the meta object 
wants to create or destroy one instance of the basic component, it must inform com-
ponent manager through component hook first. Component manager records the 
status of each basic component instance, and has capability to terminate one basic 
component instance on condition. For example, if component manager decides com-
ponent 1, component 2, and component 3 make up of meta object 1. First component 
manager create these component instances and discerns their status at any moment. 
When the context of meta object 1 change, component manager will reconfigurate the 



114      Qing Wu et al. 

components combination. First, component manager should judge which component 
is not needed and has not correlation with remainder components, then removes this 
component and relative components. Next, component manager should judge which 
component is required to be appended, and also add the component which depends on. 
For instance, component 2 and component 3 are not needed, but component 1 relies 
on component 3, then only component 2 is removed. Additionally, component man-
ager judges component 4 is needed, and which depends on component 6, then com-
ponent 4 and component 6 are both added. Then the component creating and destroy-
ing processes are executed by component manager.  

5   Application of the SAM 

SAM is a combination of communication, embedded, intelligent agent, and knowl-
edge management technology. To achieve the goal of SAM, we have integrated 
above four key technologies to implement the SAM architecture which includes 
hardware layer, the software layer, and the smart vehicle space. 

5.1   Hardware Framework for SAM 

In SAM, the hardware infrastructure consists of (1) Central Control Unit (CCU), (2) 
Electronic Control Unit (ECU), (3) Smart Sensor, and (4) Smart Actuator. CCU is the 
administrator of the hardware architecture which controls and manages other parts. 
ECU can gain instructions for actuators by analyzing the data collected by sensors 
and transfer the data offered by sensors to the network or get instructions from the 
network. ECU can gain instructions for actuators by analyzing the data collected by 
sensors and transfer the data offered by sensors to the network or get instructions 
from the network. Smart Sensor is the information collection equipment depending 
on industry buses comprising kinds of convertors and sensors. Deferent with tradi-
tional sensor, the Smart Sensor has the capability of digit communication which can 
self-manage without the interruption of center processor. On the contrary, Smart 
Actuator is executable equipment cooperating with other Actuators. They use CBL 
(CAN-based network layer) to communicate with each other. The CAN (control Area 
Net) is a serial communications protocol which efficiently supports distributed real-
time control with a very high level of security. CBL provides objects, protocols, and 
services for the event driven or requested transmission of CAN messages and for the 
transmission of larger data blocks between CAN devices. Furthermore, CBL offers 
mechanisms for the automatic distribution of CAN identifiers and for the initializa-
tion and monitoring of nodes. As a result, they constitute smart vehicle ad hoc net-
work. 

5.2   Our Going Work 

To illustrate the application of SAM, we give our going work as follow. We assume 
when the host is driving the car, the SAM would start watch-status SVA to recognize 
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host’s face, sound, and actions. If this SVA feel host tried, it would alarm host to 
drive slow. Even this SVA can stop the car compulsorily before the emergency might 
occur. When this SVA feel the host oppressive, it would start entertainment SVA to 
play music. If the host sits uncomfortably, the watch-status SVA would start adjust-
seat-height SVA to fit adaptive position. In particular, the navigating SVA cooperates 
with planning SVA to remind host when, what, where and how to do at times. For 
example, the navigating SVA could tell host it is time to go to office for a meeting. 
When the host arrived at office, he is indicated by stop-car SVA to park. Then the 
stop-car SVA could start the following task: open the car door, close the car door, 
turn off the Radio, and close the air conditioner. To finish these tasks above, all 
equipments including electrical car door, electrical seat, air conditioner, CD player, 
GPS and GIS should cooperate with each other intelligently and all their data should 
be managed effectively, which is a great task.  

6   Conclusion and Future Work 

We have proposed the Semantic and Adaptive Middleware Architecture for Smart 
Vehicle Space that supports knowledge management in pervasive environments. The 
design of the SAM framework is based on embedded real-time OS, tinyORB and 
CAN-based communication layer. This paper focuses on synchronization and adapta-
bility aspects of Smart Vehicle Space. We bring forward the Smart Vehicle Space and 
SAM architecture. Further we argue that it is crucial to focus on the human-centered 
aspects of interaction and communication. The faith of the service should include 
providing actively, depending on context, continuously adjusting and component 
integrated. The Semantic Interface Protocol is presented in detail which focused on 
interaction between the Semantic Virtual Agents. Next, we give an application of 
SAM, from a practical point of view; the prototype implementation is expected to 
yield a higher level of quality of embedded smart devices and the integration degree 
of Smart Vehicle Space. 

This is however a preliminary analysis and further work remains to be done to test 
SAM architecture more fully. Our future work includes (1) Extending the Semantic 
Interface Protocol for communication between SVAs (2) Studying more advanced 
mechanisms for Semantic and Adaptive middleware (3) Finding other active space 
except Smart Vehicle Space (4) Integrating biology authentication and machine learn-
ing technology to provide more natural, context-sensitive adaptation. 
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Abstract. In this paper, we propose a differentiated handoff estimation
model and a dynamic resource reservation scheme. The differentiated
handoff estimation model is modeled with the reducible Markov chain
based on inner regions in a cell.
The dynamic resource reservation scheme can dynamically control al-
ready reserved resource by change of the mobility class of a mobile host.
And the scheme can reserve resource for mobile host according to their
mobility classes and hand off probabilities. The proposed model and
scheme improved a connection blocking probability and a connection
dropping probability efficiently.

1 Introduction

Providing QoS in a wireless network is more difficult than in wired networks due
to poor bandwidth in wireless networks and the mobility of mobile hosts which
causes handoff. Handoff makes hardly servicing multimedia data. Additionally,
it brings about drop of many packets. But it is difficult to estimate the handoff
exactly. Therefore, many research papers used probabilistic methods to estimate
handoff[1,2,3,4,5]. In pervious researches, all mobile hosts in a cell had the same
handoff probability that they could move to a target neighbor cell. But, though
the mobile hosts remain in a cell, each mobile host must have each other hand-
off probability for the target neighbor cell by their movement patterns. So, we
propose the differentiated handoff estimation model in this paper. In the differ-
entiated handoff estimation model, if each mobile host comes through each other
inner region in a cell, the each mobile host can have each other handoff prob-
ability for a target neighbor cell. The model is modeled with reducible Markov
chain based on the inner regions in a cell.

Bandwidth is the most precious resource in the mobile networks and is
changed rapidly due to mobility of mobile hosts. And, the mobility causes prob-
lems as a call blocking and a call dropping. So, an appropriate resource reser-
vation scheme is required to reduce the call dropping and the call blocking. In
resource reservation schemes for the mobile networks, when a mobile host came
to a cell, the mobile host reserved proper bandwidth to neighbor cells[3,4,5,6].
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In this paper, The dynamic resource reservation scheme can reserve differ-
entiated bandwidth according to handoff probabilities of mobile hosts. And the
dynamic resource reservation scheme updates the reserved bandwidth by chang-
ing mobility classes of the mobile hosts.

To classify inner regions in a cell for the differentiated handoff estimation
model, cells are divided into three multiple inner regions by sector antennas and
a power of beacon message. Figure 1 shows such architecture.

Sector 

Antenn  1 's 

Region

Sector 

Antenn  2 's 

Region

Sector 

Antenn  3 's 

Region

High power of beacon 

message
Low power of beacon 

message

Fig. 1. Architecture for the differentiated handoff estimation model.

The rest of this paper is organized as follows: Section 2 reviews the related
works regarding resource reservation on the mobile network; Section 3 presents
the differentiated handoff estimation model using the reducible Markov chain;
Section 4 proposes the dynamic resource reservation scheme. In section 5, we
show the results of the performance analysis of our scheme. In conclusion, we
present a summary of our research.

2 Related Works

In this section, we examine previous research done on call admission control
and resource reservation on the mobile network. [3] proposes a resource reserva-
tion scheme based on the shadow cluster concept. The framework of the shadow
cluster concept is a virtual message system for cellular system, which exchanges
information concerning position or movement patterns with neighbor cells for
reservation of bandwidth resources. [2] describes an active QoS hand off priority
scheme which reduces the probability of call hand off failure in a mobile multi-
media network with a micro/picocellular architecture. [4] presents two methods
which use only local information to predict the resource demands and determine
resource reservation levels for future handoff calls in a multimedia wireless IP
networks. [5, 7, 8] are local methods in which a base station uses only local
information to make resource reservation decisions.
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3 The Differentiated Handoff Estimation Model

The reducible Markov chain has a minimum of one absorbing state and multitude
of transient states. The absorbing state is when a mobile host moves to and
remains in a neighbor cell. The transient state is when a mobile host moves to
and remains in an inner region of a current cell. The reducible Markov chain
shows the following transition probability matrix as (1)[9].

P =
(

Q R
0 I

)
(1)

Q is the transition probability matrix among transient states. R is the transition
probability matrix among transient states and absorbing states. 0 is the zero
matrix. I is the identify matrix. After n process, the transition probability matrix
is (2).

Pn =
(

Qn (I + Q + · · · + Qn−1)R
0 I

)
(2)

In figure 2, each mobile host in inner regions of a cell has each other hand off
probability with regard to a target neighbor cell.
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P39 P38
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(a) Architecture including 3 inner  regions (b) Process state diagram  of (a)

Fig. 2. The differentiated handoff estimation model.

We designed a cell architecture including 3 inner regions for convenience
of calculation. In figure 2 (a), we define Pr(XT = i|X0 = j) as the handoff
probability of a mobile host in which i = 4, 5, 6, 7, 8, 9 and j = 1, 2, 3. i is
neighbor cells and j is inner regions. In figure 2 (b), each state is that a mobile
host is remaining in an inner region or a neighbor cell. States 1, 2 and 3 are
transient states. States 4, 5, 6, 7, 8 and 9 are absorbing states.



P11 P12 P13 P14 P15 0 0 0 0
P21 P22 P23 0 0 P26 P27 0 0
P31 P32 P33 0 0 0 0 P38 P39

0 0 0 1 0 0 0 0 0
0 0 0 0 1 0 0 0 0
0 0 0 0 0 1 0 0 0
0 0 0 0 0 0 1 0 0
0 0 0 0 0 0 0 1 0
0 0 0 0 0 0 0 0 1




(3)
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Pij is the transition probability from state i to state j. If i, j ≤ 3, then Pij is the
transition probability that a mobile host can move from the inner region i to the
inner region j. Alternately, if i = j, then Pij is the transition probability that a
mobile host can still remain in the inner region i. And if i ≤ 3, j ≥ 4, then Pij is
the transition probability that a mobile host can move from the inner region i
to the neighbor cell j. (3) is the transition probability matrix based on figure 2.

After a mobile host has came to a cell, the mobile host moves among inner
regions until the mobile host will move to a neighbor cell. N

(n)
ij is the number

of times that the mobile host visited in the inner region j until the mobile host
moves n times. The mobile host came to the cell through the inner region i. In
(4), we define a visited number of times as the indicated probability variables.

N
(n)
ij =

n∑
k=0

Iij(k), Iij(k) = { 1
0

(Xk = j|X0 = i)
etc

, 1 ≤ i, j ≤ 3 (4)

Because (4) begins at k = 0, the visited number of times includes a starting
position. Therefore, (5) is formed.

E
(n)
ij = E[N (n)

ij ] = E[
n∑

k=0

Iij(k)] =
n∑

k=0

E[Iij(k)] =
n∑

k=0

P
(k)
ij (5)

Because i, j are inner regions, P
(k)
ij = Q

(k)
ij using (2), we can show (6).

E
(n)
ij =

n∑
k=0

Q
(k)
ij (6)

From (6)

Q
(0)
ij = { 1

0
(i = j)
(i �= j) (7)

If the mobile host had came through the inner region i, then we regard that the
mobile host first visited at i. (8) is expressed by a type of matrix using (6) and
(7).

E(n) = I + Q + Q2 + · · ·+ Qn = I + Q(I + Q + · · ·+ Qn−1) = I + QE(n−1) (8)

If n is increased continuously, then the mobile host must move to one of the
neighbor cells. Let limn→∞ E(n) = limn→∞ E(n−1) = E by (8). A matrix of the
visited number of times for inner regions is (9).

E = I + QE = (I − Q)−1 (9)

3.1 Estimation of Remaining Time

Ti is the total number of times that the mobile host visited the inner regions till
hand off. Ti is defined as (10).

Ti = min{n ≥ 1; Xn = l|X0 = i}, i = 1, 2, 3 and l = 4, 5, 6, 7, 8, 9 (10)
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We can calculate (11) by (4).

Ti =
m−1∑
k=0

3∑
j=1

Iij(k) (11)

So, we can calculate (12) by the expected value of the total visited number of
times. In (12), after the mobile host moved m times, handoff is happened.

E(Ti) = E[
m−1∑
k=0

3∑
j=1

Iij(k)] =
3∑

j=1

E[
m−1∑
k=0

Iij(k)] =
3∑

j=1

Eij (12)

In (12), Eij is the average number of times that the mobile host, after having
started in the inner region i, visits the inner region j until handoff. So, we can
show the average visited number of times E(T ) by the addition of each row in
E = (I−Q)−1. Therefore, the number of times which the mobile host had visited
inner regions is similar to time that the mobile host can remain in a cell.

3.2 Estimation of Handoff Probability

In this section, we estimate handoff probability in our proposed model. We define
that the mobile hosts must move to neighbor cells before n movements.

A
(n)
ij = Pr(T ≤ n; XT = j|X0 = i), i = 1, 2, 3 and j = 4, 5, 6, 7, 8, 9 (13)

We calculate (14) using (2) and (8).

A(n) = (I + Q + · · · + Qn−1)R = E(n−1)R (14)

Therefore, we show a handoff probability matrix from (9) using n → ∞.

A = ER = (I − Q)−1R (15)

3.3 Mobility Class

The differentiated handoff estimation model can dynamically control mobility
class by change of remaining time. The mobility class shows how many a mobile
host moves among inner regions.

In figure 3, Tc is remaining time of a mobile host k that has mobility class
c. And, Rtime is a real movement number of times that k has moved actually
among inner regions in a current cell. If Rtime exceeds remaining time, then the
mobility class is increased by 1. The mobile host has a new hand off probability
and a new remaining time according to the increased mobility class. Figure 3
shows dynamic management of mobility class.
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When(movement of Mobile host k between inner regions) { 

    If ( cT  < timeR ) { // Real movement is over Remaining time 

 1' += cc // Mobility class increases by 1 

 'cc PP = // New handoff probability allocate  

            'cc TT =  // New remaining time allocate  

            0=timeR  // Real movement number initialize  

    } else { 

Fig. 3. Dynamic mobility class management algorithm.

4 Dynamic Resource Reservation Scheme

Many traditional resource reservation schemes for the mobile networks were
unable to change already reserved bandwidth. But, in our scheme, although a
mobile host finished reservation of bandwidth successfully, the reserved band-
width can be changeable by change of mobility class. Figure 4 shows flow of the
dynamic resource reservation scheme. In figure 4, when the mobility class of a mo-
bile host has been changed, the mobile host sends a reservation change message
to neighbor cells. The semi-reservation scheme in [6] reserved part of requested
bandwidth according to handoff probability of mobile hosts. And, our dynamic
resource reservation scheme reserves part of or full requested bandwidth. But, the
semi-reservation did not consider change of mobility class. Handoff probability in
the semi-resource reservation scheme is simple ratio in historical record, but our
scheme considers movement patterns of mobile hosts. And, the semi-reservation
scheme can reserve part of requested bandwidth by only handoff probability ra-
tio, but our scheme can adaptively reserve full or part of requested bandwidth
according to bandwidth status of a cell. In the semi-reservation scheme, a rejected
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Fig. 4. Flow of dynamic resource reservation.
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resource reservation request may be accepted again by the changed bandwidth
status in the neighbor cells. But, the amount of the reserved bandwidth could not
be changed. Our dynamic resource reservation scheme can dynamically control
already reserved amount of bandwidth by change of mobility class. The mobility
classes in [6] could not be changed. However, the mobility class must be change-
able because of the variable mobile environments. So we control dynamically the
mobility class of mobile hosts by their remaining time.

After a mobile host has sent resource reservation message to neighbor cells,
the neighbor cells tries the dynamic resource reservation. M = {1, ... , m} is a
set of neighbor cells and N = {1, ... , n} is a set of mobile hosts current servicing
from a neighbor cell m(m ∈ M). Btot is a maximum available bandwidth of the
neighbor cell m. G = {1, ... , g} is a set of servicing mobile hosts that belong
to N and whose a current estimated departure time is larger than remaining
time(Tc) of the requiring mobile host. The current estimated departure time is
a value that subtract the estimated remaining time from a real movement time
in the neighbor cell m. R = {1, ... , r} is a set of reserved mobile hosts from
the neighbor cell m and whose a current estimated arrival time is smaller than
remaining time(Tc) of the requiring mobile host. The estimated arrival time is
a value that subtract the estimated remaining time from a real movement time
in their current servicing cell.

Br = Btot −
g∑

l=1

Bl −
r∑

k=1

Bk (16)

∑g
l=1 Bl in (16) is the sum of bandwidth being use by mobile hosts belonging to

G and
∑r

k=1 Bk is the sum of bandwidth reserved by requests belonging to R.
Then Br will be an available bandwidth of the cell m when the requiring mobile
host comes to the cell m.

When a mobile host j requests a bandwidth reservation to the neighbor cell
m, the dynamic resource reservation algorithm of the cell m is as following.

Step 1. If requested bandwidth(b) is smaller than Br, then the request must
be accepted.

Step 2. Otherwise, b is decreased by a decreasing rate d(b = b × d, 0 < d < 1).
Step 3. If decreased b is smaller than the Br , the request must be accepted.

Otherwise, if decreasing b is still larger than Pc × b(original), repeat step 2
and step 3 until decreasing b is smaller Pc × b(original). If the decreased b
is still larger than Br, go to step 4.

Step 4. The cell m sorts already reserved requests by descending according to
their handoff probability.

Step 5. The cell m selects all reserved requests whose handoff probability is
smaller than Pc among the sorted requests. The selected requests must be-
long to R.

Step 6. The cell m removes a reserved request that has the smallest handoff
probability from the selected requests in order one by one until Br becomes
larger than original b.
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Step 7. When all selected requests are removed, if the increased Br doesn’t
become still smaller than original b, repeat step 2 until decreasing b is smaller
than the Br. If decreasing b is still larger than the Br, the request must be
rejected.

5 Numerical Results and Analysis

In this section, we present our simulation model and illustrate the simulation re-
sults. First, we show various handoff probabilities providing in the differentiated
handoff estimation model. Second, we compare our dynamic resource reservation
with the semi-reservation scheme in [6]. Each cell consists of three inner regions
by sector antennas. We simulate the dynamic resource reservation and the semi-
reservation on 19 cells. Figure 5 shows our simulation environment. Mobile hosts

A

B
C

1

2

3

4

5

6

Fig. 5. Simulation Environments.

are generated by the Poission distribution. The velocity of the mobile host was
allocated one of three cases(fast, medium and slow) randomly. A call duration
time is 10 second basically and is additionally added to random time(maximum
600 second). When the mobile host generates in a cell or moves to a neighbor cell,
the mobility class of the mobile host is 1 basically. And when the real movement
time is larger than remaining time, the mobility class is increased by 1 until
maximum 3. The mobility class in the semi-reservation is allocated randomly
one of three classes(1, 2, 3).

First, we present handoff probabilities in figure 5. A, B, and C are inner
regions in a cell. 1, 2, 3, 4, 5 and 6 are neighbor cells. Table 1 shows differ-
entiated handoff probabilities according to moving patterns and mobility class.
Table 1 presents that various moving patterns of mobile hosts exist. Previous
handoff estimation models without considering to moving patterns of mobile
hosts estimated a same handoff probability for a target neighbor cell. But, our
differentiated handoff estimation model considering to moving patterns of mobile
hosts can estimate differentiated handoff probabilities to neighbor cells.

Table 1 shows handoff probabilities between inner regions and neighbor cells
according to mobility classes. We observed about 3,500 handoffs in our simulation
environment and produced the average handoff probability in the table 1.

Second, we present a performance of the dynamic resource reservation scheme.
We use two important parameters for this simulation. The first parameter is
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Table 1. Handoff Probabilities according to inner regions and mobility classes.

Cell 1 Cell 2 Cell 3 Cell 4 Cell 5 Cell 6

Inner
region
A

Mobility Class 1 0.212809 0.227605 0.096844 0.174749 0.164705 0.123287
Mobility Class 2 0.126516 0.216231 0.1702 0.14717 0.178035 0.160127
Mobility Class 3 0.255474 0.133548 0.179453 0.113606 0.094259 0.223659

Inner
region
B

Mobility Class 1 0.155085 0.164724 0.137265 0.253364 0.165583 0.12398
Mobility Class 2 0.108092 0.185556 0.205244 0.174689 0.171181 0.155237
Mobility Class 3 0.232827 0.121714 0.201857 0.127396 0.093933 0.222284

Inner
region
C

Mobility Class 1 0.154545 0.161929 0.09608 0.176366 0.235462 0.175618
Mobility Class 2 0.108994 0.18636 0.169515 0.146113 0.204295 0.184722
Mobility Class 3 0.230744 0.120453 0.178229 0.112818 0.106077 0.251679
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Fig. 6. Call blocking probability and call dropping probability.

the maximum available bandwidth in a cell. We change the maximum available
bandwidth from 10Mbps to 100Mbps. And, the second parameter is the average
generation rate of mobile hosts. The generation rate is 4 cases of 1.0, 2.0, 3.0
and 4.0. We show a call blocking probability and a call dropping probability in
our simulation. In figure 6, DS is the dynamic resource reservation scheme pro-
posed in this paper and PS is the semi-reservation scheme proposed in [6]. λ is
the generation rate. Figure 6 shows call blocking probabilities and call dropping
probabilities according to λ.

When λ is 1.0 and the maximum available bandwidth is 70Mbps, call block-
ing probabilities both of DS and PS are 0. But when maximum bandwidth is
10Mbps in all λ cases, PS is slightly better than DS in case of call blocking prob-
abilities. Because many mobile hosts generate in poor bandwidth, estimation of
the hand off probability and remaining time are inaccurate. But, 10Mbps is low
bandwidth to service multimedia data in a cell at future. And, figure 6 shows the
call dropping probability for ongoing calls. We change 2 parameters(maximum
bandwidth and generation rate) in simulation for call dropping probability, too.
In figure 6, DS is better than PS. Increasing maximum bandwidth provide more
correct estimation of the hand off probability and remaining time.



126 Si-Yong Park and Ki-Dong Chung

6 Conclusions

In this paper, we proposed the differentiated handoff estimation model based
on inner regions in a cell and a dynamic resource reservation scheme. The dif-
ferentiated handoff estimation model was modeled with the reducible Markov
chain. And we provided the differentiated hand off probability and remaining
time for the dynamic resource reservation scheme. The model provided differ-
entiated handoff probability and remaining time according to mobility classes
of mobile host. Our dynamic resource reservation scheme can dynamically con-
trol the mobility class of mobile host by remaining time. And, the dynamic
resource reservation scheme utilizes the changing mobility class of mobile host
immediately. We compared the dynamic resource reservation scheme with the
semi-reservation scheme. In the results of our simulation, our dynamic resource
reservation scheme is superior to the semi-reservation scheme. Our schemes im-
proved the call blocking probability and the call dropping probability.
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Abstract. This paper presents a novel Generic Communication Model (GCM) 
for integrated mobile and Internet web services. GCM is an adaptive protocol 
selection mechanism to ease the balance of transmission performance and 
communication interoperability in wired networks and wireless mobile net-
works. With GCM, end users can select a suitable protocol among different pro-
tocols for adapting different situations intelligently without any interruption and 
disconnection. In this way, it can provide seamless mobile communication by 
integrating both 3G telecom networks and IEEE 802.11 wireless networks 
through GCM which allow various client devices to communicate at their best 
acceptable QoS level through consistent and simple APIs. We present a pre-
liminary prototype of GCM to illustrate its functionalities of communicating 
with heterogeneous mobile devices by using various communication protocols.  

Keywords: Mobile Data Management, Web Services Technology. 

1   Introduction 

With the popularity of mobile devices, people can communicate easily at anytime 
anywhere. There are a large number of newly developed services for mobile devices. 
In current market, mobile devices including mobile phones and PDAs (Personal Digi-
tal Assistants) are able to support different platforms. It is necessary to maintain a 
centralized storage with an easy access interface, so it can provide QoS (Quality of 
Services) guaranteed services to any wired and wireless devices. To achieve this, we 
devise a platform called AnyServer [2] for supporting generic web and mobile ser-
vices (such as mobile game services and mobile web contents services) to any wired 
and wireless devices. The objective of AnyServer platform is to provide any kind of 
services to any kind of client devices at anytime anywhere with the following phi-
losophies: 
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7001587. 
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• Anytime and anywhere: AnyServer platform can be served as an information 
gateway and ensures web contents to be delivered smoothly from internet to 
mobile telecom network. 

• Any kind of heterogeneous devices: AnyServer platform aims at integrating 
both Internet network and mobile telecom network, so heterogeneous mobile 
devices can interoperate with seamless communication and content can be 
displayed uniformly in devices of receivers. 

• Any kind of services: AnyServer platform can serve as a service broker and 
provider to provide sets of services and common interfaces to clients on behalf 
of third party service providers through different network connection proto-
cols. 

To achieve the objective, a novel integrated wireless and Internet communication 
model for AnyServer platform called Generic Communication Model (GCM) has 
been proposed. By combining telecommunication paradigm with the unlimited bor-
ders of Internet (IP-network), AnyServer platform takes advantage of readily avail-
able mobile telecom network and powerful Internet to provide better services to those 
mobile users. As a result, AnyServer platform brings a comprehensive, cross-
platform solution to people who enjoy seamless wireless communication. 

Currently, a preliminary prototype of AnyServer platform has been implemented 
to illustrate the basic framework of the platform. The AnyServer prototype includes 
the mobile client module and the server module that inside the platform. With GCM 
in AnyServer platform, the mobile users using heterogeneous devices at the coverage 
area of wireless access points can have high speed connection to AnyServer platform. 

This paper presents the novel Generic Communication Model in AnyServer plat-
form. Section 2 introduces the overview of GCM and its functionalities. Section 3 
presents the design and implementation issues of GCM. Conclusion is drawn in Sec-
tion 4. 

2   Overview of Generic Communication Model 

Generic Communication Model (GCM) in AnyServer platform is an adaptive proto-
col selection mechanism to ease the balance of transmission performance and com-
munication interoperability among various clients and servers in wired networks and 
wireless mobile networks. Fig. 1 depicts the overall architecture of AnyServer plat-
form with GCM. Based on features and popularities of different existing protocols, 
the transmission protocols used in GCM are classified as: 

• TCP (Transmission Control Protocol) or UDP (User Datagram Protocol), 
• Pure HTTP (HyperText Transfer Protocol) [7], and 
• A web services protocol, SOAP (Simple Object Access Protocol). 

TCP and UDP can provide efficient and fast data transmission. Especially, it en-
ables real-time data transmission using UDP with the support of certain protocols like 
RTP (Real Time Protocol). However, it is difficult to implement with either TCP or 
UDP because they may not be interpretable between different OS platforms. As a  
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Fig. 1. Overall Architecture of AnyServer Platform with Generic Communication Model 
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result, TCP/UDP implementations in a specific OS platform may not be reused in 
another OS platform. Pure HTTP enables communications across different platforms, 
and also allows communications penetrating some firewalls. However, it is not flexi-
ble for developers to support new services due to its limited number of services and 
commands provided. As web services protocols work based on XML (eXtended 
Markup Language) [1], they have similar functionalities as HTTP. The only differ-
ence is that, web services protocols can provide a consistent and simple interface for 
developers to support connection services in a uniform way. Since both pure HTTP 
and web services protocols are used in application layer, their data transmission rate 
is low and may not be suitable for real-time data transmission. 

As these popular transmission protocols have different advantages and disadvan-
tages, they are used under different situations. To effectively communicate among 
different platforms and varies devices, a mechanism for protocol selection is neces-
sary to balance the interoperability and performance issues. Therefore, GCM is de-
signed to have the following four functionalities: 

• Allow different kinds of client devices to communicate with AnyServer plat-
form with monitoring the communication performance at an acceptable level 
in most of the time. 

• Allow clients to select a suitable protocol among a number of protocols for 
adapting different situations intelligently without any interruption and discon-
nection.  

• Provide consistent APIs for different protocols thus ease the development of 
service modules regardless of platforms and devices. 

• Provide simple APIs for different service modules so that the APIs are reus-
able and extensible for supporting new services. 

3   Implementation of Generic Communication Mechanism 

Before proceeding further, we briefly describe the design issues of GCM for handling 
interactive communication among AnyServer platform and various client devices. In 
AnyServer platform, each specified port is reserved for one kind of communication 
protocols, and ports used by client devices are randomly generated in real-time. Once 
AnyServer platform is set up, listeners and receivers of all communication protocols 
are already set at their corresponding ports at AnyServer platform. Besides, parsers 
supporting data formats of all transmission protocols are installed at AnyServer plat-
form as well. Information of all the ports is given to client devices once our applica-
tion programs are installed at the client devices. The design issues of GCM are cate-
gorized into two parts: connection establishment and transmission protocol selection. 
They are presented in Section 3.1 and Section 3.2 respectively. For the implementa-
tion issues of GCM, the TCP implementation and the web services implementation 
are described in Section 3.3 and Section 3.4 respectively. Note that we do not intro-
duce the implementation of pure HTTP because it is similar to that of web services.  
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3.1   Connection Establishment  

Initialization of communication session between AnyServer platform and client 
device. The communication session between AnyServer platform and client device 
can be initialized either by AnyServer platform or mobile client device depending on 
situations. In Fig. 2, a sender sends a request message to a receiver through 
AnyServer platform. In this case, the connection between the sender and AnyServer 
platform is initialized by the sender, while the connection between AnyServer plat-
form and the receiver is initialized by AnyServer platform. By considering different 
protocols used by client devices, the way of communication between AnyServer 
platform and client devices is defined during the communication initialization stage. 

 

 
Fig. 2. Connection between Sender and Receiver through AnyServer Platform 

Notification of both protocol and platform of all communication parties in 
AnyServer platform. Whenever communication is initialized either by AnyServer 
platform or client devices, AnyServer platform has to know the type of both protocol 
and platform of client devices. It is because negotiations between AnyServer platform 
and client devices may be required for having services of the best performance. Be-
sides, client devices have to detect the available transmission protocols provided by 
AnyServer platform during the communication initialization stage. It is useful for 
selecting the most adequate transmission protocol in later step. Note that installations 
of firewalls at AnyServer platform may cause client devices not able to detect the 
protocols provided by AnyServer platform during selection of protocol. For simplic-
ity, in the first stage of implementation of GCM, we may only consider PDA as the 
client device which AnyServer platform already knows its platform and protocol, and 
adopt them without any selection. 

3.2   Transmission Protocol Selection  

Definition of the common APIs (Application Program Interfaces) of supported 
transmission protocols. To support most of the services provided by transmission 
protocols, we have to define the common APIs of the transmission protocols avail-
able in AnyServer platform. In this way, each service module has a set of APIs for 
providing its service to client devices where the APIs are able to support different 
protocols, platforms and client devices.  

 
Selection of the most suitable transmission protocol in different situations. There 
exist a number of data type, such as non real-time text data and real-time video data. 
By considering the performance (user’s point of view) and the ease of development 
(developer’s point of view), different transmission protocols are suitable for different 

Receiver AnyServerSender 
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natures of data transmission. To select the most suitable transmission protocol ac-
cording to different situations, we have to find out the properties of data transmission 
way, the available protocols supported by client devices and the protocols provided 
by AnyServer platform. Once client devices have these information, they determine 
the most adequate transmission protocol for specific data. Then the AnyServer plat-
form responds to the requests of client devices by providing an appropriate data 
transmission process using the most adequate protocol.  

3.3   TCP Implementation  

TCP (Transmission Control Protocol) serves as one of the efficient solutions in GCM 
because it can provide high speed data transmission. Fig. 3 illustrates the TCP im-
plementation and the data transmission procedure when TCP is the selected protocol 
in GCM. 

PDA Client Device

IEEE802.11b Wireless
Network

TCP Port:22222

TCP Port

2.4G Hz wireless signal

AnyServer
Main Listener

(a) Redirect Send Request

Send Worker
Port

(a) Send
Message Request

(b) Retrieve
Message Request

(b) Redirect Retrieve Request

Retrieve
Worker Port  

Fig. 3. TCP Implementation and its Data Transmission Procedure 
 

To handle incoming requests, a Main Listener thread, which is independent of 
AnyServer platform, continuously listens on TCP port. At the current stage of our 
prototype design, it has not been extended to demonstrate the implementation of tele-
communication networks. In this way, incoming requests are mainly initiated by 
mobile devices such as PDA through IEEE802.11b wireless networks [6] connecting 
to AnyServer platform. Main Listener distinguishes all incoming requests into two 
categories: Send Message Request and Retrieve Message Request. After that, based 
on categories of requests, Main Listener initiates a specific worker thread to handle 
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actual transmission of messages. Send Worker Thread and Retrieve Worker thread 
are created for handling Send Message Request and Retrieve Message Request re-
spectively. This approach provides a very efficient and effective data transmission 
way particularly when incoming requests are bursty and in substantial amount. Fig. 4 
shows the Algorithm applied in Main Listener of TCP. 
 

  Continue Loop 
        Listener.Accept ← New_Req 

        If New_Req.Req_Type = Send_req Then 
 
            int ST0 ∈   Sender_Pool() 
            new S_Worker_Thread( ST0 ) 
            S_Worker_Thread.Listen; 
            SendWorker_port ← ST0  

            Reply( SendWorker_port  ) 
 
        ElseIf New_Req.Req_Type = Recv_req Then 
 
            int RT0 ∈Recv_Pool() 
            new R_Worker_Thread( RT0 ) 
            R_Worker_Thread.Listen; 
            RecvWorker_port ←  RT0  

            Reply( RecvWorker_port ) 
 
        End If 
 
            Listenr.ConnectClose() 
    End Loop 

Fig. 4. Algorithm applied in Main Listener of TCP 

When TCP is selected as the transmission protocol in GCM, Main Listener of TCP 
is initialized and starts listening on the TCP port continuously. Once a new request 
arrives, Main Listener accepts the request first. Then a field inside the request called 
Req_Type is examined to determine whether it is a sending request or a retrieving 
request. In next step, Main Listener selects an available port number from the corre-
sponding pool base, and initiates a worker thread that listens to the selected port to 
handle the detailed data transmission issues. After that, Main Listener replies to the 
client devices with the port number of the new worker thread, so the client devices 
further connect to the corresponding worker port. Once the data transmission is com-
pleted, Main Listener closes the connection and waits for the next incoming request.  

3.4   Web Services Implementation 

Web services is defined as a technology that can provide an interface for some func-
tionalities to enable the accessibility from other programs across the web [5]. How-
ever, to achieve the design objectives of web services, several technologies associated 
with the same purposes have to be used together and they are listed as follows. 
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• Extensible Markup Language (XML) which is a standard data exchange for-
mat for cross-platform. XML schema for describing the structure of data.  

• Simple Object Access Protocol (SOAP) [8] which is a standard data packag-
ing method used for transmission over the Internet.  

• In Web Services Description Language (WSDL) [4], Universal Description, 
Discovery and Integration (UDDI) which describes operations of web services 
and locates web services via capabilities or descriptions. 

With these standards and protocols, web services can be consumed by anyone 
through Internet connection. In AnyServer platform, web services technology has 
been applied to increase the interoperability of AnyServer platform across heteroge-
neous operating systems. Microsoft C# [3] programming language is applied for the 
development of web services implementation in GCM. It not only automates building 
processes, but also self-generates the codes associated with above standards and pro-
tocols. It makes the entire development cycle to be reduced to a short period of time. 
In addition, because of web services having characteristics of passing through fire-
walls, it is adopted and implemented in GCM in AnyServer platform to support vari-
ous connection protocols to end users without resistant from firewalls. The web 
methods functions like the way of a traditional Remote Procedure Call. It means that 
client devices can retrieve data from a remote server by simply calling the methods 
transparently through HTTP layer. In the following tables, some web services meth-
ods used in AnyServer platform are shown in details. 

Table 1 describes the web services methods related to user profile management is-
sues. In the user profile related web methods, end users can manage their detailed 
user information such as phone book entries and user preferences.  

Table 1. Web Services Methods of User Profile Manipulation 

NAME OF METHODS DESCRIPTION OF METHODS 
GetUser (void) Get the user object from AnyServer platform. 
SetPassword (string oldPassword, string 
newPassword) 

Set or change the password of the user account. 

UpdateUser (User user) Update the user information by modifying the 
values of properties in the input User object. 

UpdatePreference (Preference prefer-
ence) 

Update the preferences of the login user. 

DelPhoneBookEntry (ulong phoneNu-
mId) 

Delete the phone book entry from the phone book 
of the user by giving the phone number. 

UpdatePhoneBookEntry (PhoneBookEn-
try phoneBookEntry) 

Update the phone book entry of the phone book of 
the login user. 

AddPhoneEntry (PhoneBookEntry 
phoneBookEntry) 

Add a phone book entry into the phone book of the 
login user.  

Login (string userName, string password) Authenticate the login user in AnyServer platform. 
Logout (void) Logout and remove any user login states asscoci-

ated with the user. 
GetPhoneBook (void) Get the phone book of the login user. 
AddUser (User user) Add a new user in AnyServer platform using the 

input User object. 
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In Table 2, it describes the web services methods for displaying node manipulation 
issues. By using these web methods, when users change the displayed nodes in their 
mobile client devices, the associations among the nodes are recorded in AnySer plat-
form. 

Table 2. Web Services Methods of Node Manipulation 

NAME OF METHODS DESCRIPTION OF METHODS 
NewDirNode (string path, string 
name) 

Create and add a DirNode under the given path using 
the given name.  

DelDirNode (ulong nodeId) Delete the DirNode and all its child nodes by giving 
the nodeId.  

GetDirNode (string path, uint nu-
mOfLevel) 

Get sub-directories and files under the given path. 

DelFileNode (ulong nodeId) Delete the node and its associated objects by giving 
nodeId.  

GetFileNode (void) Get the content files associated with the tree nodes. 
 
Table 3 describes the web services methods for handling text message transmis-

sion. To limit the data volume transmitted in wireless networks, only the message 
headers are retrieved firstly to client devices through method GetAllMessageHeaders 
(void). After the user selects a particular message entry, the content of the selected 
message is transmitted to the client device through method GetMessageBody (ulong 
id,bool isInfoId). This approach can reduce the data volume transmitted as low as 
possible. Since mobile services providers charge end users based on the data volume 
transmitted, this approach can largely save the cost of data transmission for end users.  

Table 3. Web Services Methods of Text Message Transmission 

NAME OF METHODS DESCRIPTION OF METHODS 
GetAllMessageHeaders(void)  Get the message headers of all message entries.  
GetMessage (ulong infoId) Get a particular message including all the parts, us-

ing the given message ID.  
GetMessageHeader (ulong infoId) Get the message header of a particular message using 

the given message ID.  
GetUnreadMessageHeaders (void) Get the message headers of all the unread messages.  
GetMessageBody (ulong id,bool 
isInfoId)  

Get the message body of a particular message using 
the given message ID. 

4   Conclusion 

In this paper, a heuristic Generic Communication Model (GCM) for an integrated 
wireless platform, AnyServer platform, has been illustrated. The functionalities of 
GCM for communicating with heterogeneous mobile devices under different situa-
tions are given. Besides, the preliminary TCP and Web Services implementations of 
GCM are also presented. Since the entire AnyServer platform is still evolving, the 
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future development will consider providing a concrete solution in seamless wireless 
communication through integrating both mobile telecommunication networks and 
IEEE802.11b wireless networks by using Session Initialization Protocol (SIP) [9]. 
Since SIP identifies an incoming connection request as a session unit rather than 
handling a request on the application level of message, it is particularly suitable in 
various heterogeneous natures of networks. 
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Abstract. Spatio-temporal information process grows up quickly in these years. 
Although uncertain and multi-granularities is the common features of spatio-
temporal data, those problems were not well solved yet. A new spatio-temporal 
granularity representation method which supports multiple granularities and 
uncertain spatio-temporal objects is put forward. Then this method is applied to 
a spatio-temporal database ASTD. By supporting multiple granularities and ap-
proximate region, ASTD can process the multiple level data together, perform 
the query in variant precision and handle uncertainty. Compared with similar 
systems, ASTD is more powerful in multiple granularities, uncertainty, object 
type and granularity operations. 

1   Introduction 

Spatial (or geographical) information process becomes more and more important now, 
so does the spatio-temporal information since spatial and temporal information are 
inherently interrelated. Langran identified the need to describe spatial change over 
time and examined the design of temporal GIS in 1992[1]. Abraham reviewed the 
research of spatio-temporal database in 1999[2]. Hornsby and Egenhofer[3] presented 
an approach to represent and model geographic entities in time in 2000. In 2001, 
Peuquet[4] gave a detailed overview on today�s issues in spatio-temporal representa-
tion.Many spatio-temporal data model have been proposed. But some critical prob-
lems such as uncertainty are still open. Multi-granularities is also a critical problem. 
Spatio-temporal Reasoning (STR for shot) has wide variety of potential applications 
in AI and other application fields. Within the researches of STR , many efforts has 
been made in spatio-temporal (or spatial or temporal ) granularity and uncertainty. 
From 1998 to 2001 , Bettini proposed the Calendar Algebra which formally expressed 
the temporal granularity, and applied it to temporal database ,temporal CSP and tem-
poral data mining [5,6]. Based on Calendar Algebra and automata , Lago automatically 
named the time granule in 2001[7]. Bittner proposed the Rough Location method to 
represent approximate spatial region[8] or temporal interval[9] in 2000. The Rough 
Location is a rough set theory based spatial or temporal granularity theory. In 2003, 
Stell investigated the qualitative extents for spatio-temporal granularity[10]. Hornsby 
and Egenhofer proposed the multi-granularity method of moving object database 
(MOD) which is a simplified spatio-temporal database in 2002[11].  
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Unfortunately no mature theory of spatio-temporal granularity is proposed yet. 
Bittner�s[8,9] and Bettini�s[5,6] theories are only suitable for single spatial or temporal 
aspect. Stell [10] described spatio-temporal granularity only by picture , no formal 
definitions or operations were given. Hornsby�s work [11] on MOD can�t be general-
ized to common spatio-temporal data (MOD only supports points object not regions 
which are known as ontology of objects[12]).  

The overall goal of this paper is to propose a formal spatio-temporal granularity 
theory which inherently supports multiple granularities and uncertainty. Then applies 
it to a spatio-temporal database in a precision agriculture project. 

2   Spatio-temporal Granularity 

Definition 1. 
S is the spatial domain which we study. There are m subparts of S , and they do not 
overlap each other : 

m)i,i(1  )SG(i)SG(i and  m)i(1  SSG(i) 2121 ≤≤∅=∩≤≤⊆  
they form a spatial granularity SG , the SG(i) (1 ≤ i ≤ m ) is called a spatial gran-
ule . 

In a finite spatial domain S , any spatial granularity SG has finite spatial granules , 
and they can be identified by the index . Index may be an integer : SG(1),SG(2),... ; 
or a text label , such as SG(�Heilongjiang�), SG(�JIlin�),... . For example, China map 
is the spatial domain S, each province is one spatial granule.  

SG1 and SG2 are two spatial granularities under the same spatial domain S. SG1(i) 
and SG2(j) are spatial granules of SG1 and SG2 respectively. If the space occupied by 
SG1(i) is contained by the space occupied by SG2(j) , then SG1(i) is a finer granule 
than SG2(j) ,denoted by SG1(i) <* SG2(j) . If every granule of SG1 is composed by 
some finer granules in SG2 :  

2 1

1 1 1 2
 SG (k) * SG (i)

SG (i)  SG    SG (i)    SG (k)
<

∀ ∈ → = U  then SG2 is finer 

than SG1 , denoted by SG2 =| SG1 .  (SG, =| ) forms a partial order. 
Definition 2. 
T= [t0,tn] is the temporal domain. There are n continuous time intervals in domain T , 
named by TG(1),TG(2),... . 0 nTG(1) [t ,t']   ,TG(n) [t'',t ]= =  and 

1 2 2 3 0 1 2 3 nTG(j) [t ,t ]   ,TG(j+1) [t ,t ], 1 j n-1, t t t t t= = ≤ ≤ ≤ < < ≤  . TG(j) 
is a temporal granule, TG is a temporal granularity.  

The index of TG can also be integers or text labels. TG1 and TG2 are two temporal 
granularities under the same temporal domain S.  

]t,[t(j)TG,   ]t,[t(i)TG 2
j

1
j2

2
i

1
i1 ==   are temporal granules of TG1 and TG2 re-

spectively. If 2
j

2
i

1
j

1
i t tand tt ≤≥  then TG1(i) is a finer granule than TG2(j) ,denoted 

by TG1(i) <* TG2(j) . If every granule of TG1 is composed by some finer granules in 
TG2 : 
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2 1

1 1 1 2
 TG (k) * TG (i)

TG (i)  TG    TG (i)    TG (k)
<

∀ ∈ → = U  

then TG2 is finer than TG1 , denoted by TG2 =| TG1 .  (TG, =| ) forms a partial order. 
For example , Domain T is one day, there are 3 granularities: hour, minute and sec-

ond. TGsecond =| TGminute =| TGhour   
Since the above conceptions of spatial granularity and temporal granularity are 

consistent and parallel, the definition of spatio-temporal granularity is formed by 
merging them together. 
Definition 3. 
SG is a spatial granularity in spatial domain S, TG is a temporal granularity in tempo-
ral domain T. Given two granules SG(i)∈SG and TG   ]t,[tTG(j) 2

j
1
j ∈= , 

STG(i,j)=SG(i) ⊗ TG(j) is a spatio-temporal granule , STG= SG ⊗ TG is a spatio-
temporal granularity. 

If STG= SG ⊗ TG , the projection from STG to SG and TG is denoted by :  
SGSTG

S
=∏ , SG(i)j)STG(i,

S
=∏ , 

TGSTG
T

=∏ , TG(j)j)STG(i,
T

=∏  

If 
2S

STG∏  =| 
1S

STG∏  and  
2T

STG∏  =| 
1T

STG∏ , then STG2 is 

finer than STG1 , denoted by  STG2  =| STG1 .  (STG, =|) is a partial order. 

3   Uncertain Spatio-temporal Representation 

According to spatial ontology theory , a spatial object denoted by the region it occu-
pied[12,13]. Due to the reasons of imprecision, vague conception or fuzzy data etc. , 
most spatial objects are approximate[12,13,14]. That is to say, we can not exactly de-
scribe the detail of a object (or a region). Since the spatial granule is the minimal 
spatial unit which we can perceive, the approximate region can only be approximately 
represented by the spatial granule. According to Bittner's result[8], the relationship 
between an approximate region R* and one spatial granule could be: fully covers (F), 
partly overlaps(P) or not overlaps(N). So by enumerating all the granule with the 
value of {F,P,N}, R* can be qualitatively described.  

By generalizing this method to spatio-temporal field, we get the representation of 
spatio-temporal object with spatio-temporal granularity . In a spatio-temporal granule, 
the spatial relation of approximate relation and spatial granule may various at differ-
ent time. A grid is used to visually show dynamic state in a granule. Each row stands 
for one constant state (Fig. 1). 

Fig. 1. Spatio-temporal granule 

t F 
P 
N 
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Without concerning the order (just enumerates all the appeared states), there are 7 
JEPD (Jointly Exhaustive and Pairwise Disjoint) spatio-temporal relations for R* and 
STG(i,j). Note that all the grids in Fig.2 except F and N show only one possible in-
stance. The relations are not strictly defined by the grid pictures which just help un-
derstanding. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 2. Relation between STG(i) and R* 

Under a certain and fixed spatial granularity, the basic spatial operations on ap-
proximate region is ∩s ,∪s and −s . Table 1 is the operation rules of spatial granule . P 
∩s P = {P,N} means that the result is uncertain, either P or N is possible. 

Table 1. Operations on spatial relation 

∩s F P N 
F F P N 
P  P,N N 
N   N 

 

∪s F P N 
F F F F 
P  P,F P 
N   N 

 

−s F P N 
 N P F 

F region always fully covers granule 

P region always partly overlaps granule 

N region never overlaps granule 

FP sometime fully covers and sometime partly overlaps 

FN 

PN 

FPN 

sometime fully covers and sometime does not overlap  

sometime partly overlaps and sometime does not overlap  

sometime fully covers, sometime partly overlaps 
sometime does not overlap  
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Table 2. Rules of ∩st 

∩st F P N FP FN PN FPN 
F F P N FP FN PN FPN 
P  P,PN,N N P,PN PN PN,N PN 
N   N N N N N 
FP    FP,P FN,FPN,PN PN,N FN,PN,FPN 
FN     FN, N PN,N FPN,PN,FN,N 
PN      PN,N PN,N 

FPN       FPN,PN,FN,N 

Table 3. Rules of ∪st 

∪st F P N FP FN PN FPN 
F F F F F F F F 
P  P,F,FP P F,FP FP P,FP FP 
N   N FP FN PN FPN 
FP    F,FP F,FP F,FP F,FP 
FN     F,FN FN,FP,FPN F,FN,FP,FPN 
PN      P,PN,FP,FN,FPN FN,FP,FPN 

FPN       F,FP,FN,FPN 

Table 4. Rules of −st 

−st F P N FP FN PN FPN 
 N P F PN FN FP FPN 

 
Under a certain and fixed spatio-temporal granularity, the basic operations on ap-

proximate region is ∩st ,∪st and −st. To calculate this , Every possible time sequence 
combinations should be considered.  

Take FN ∩st FPN for example, from the following combinations: 
(F ∩s F) (F ∩s P) (N ∩s N) = (F)(P)(N)=FPN 
(F ∩s P) (F ∩s N) (N ∩s F) = (P)(N)(N)= PN 
(F ∩s F) (N ∩s P) (N ∩s N) = (F)(N)(N)= FN 
(F ∩s N) (N ∩s F) (N ∩s P) = (N)(N)(N)= N 

we know {FPN,PN,FN,N}⊆ (FN ∩st FPN). And {F,P,FP}⊄ (FN ∩st FPN) is deduced 
from (N ∩s * )=N . So we have (FN ∩st FPN) = {FPN,PN,FN,N}. Repeating the 
similar reasoning, we got Table 2 ,Table 3 and Table 4. 

4   Granularity Conversion 

In spatio-temporal database , GIS or other systems, data flows into system from mul-
tiple ways, so multiple granularities may exist simultaneously. In most cases, the data 
representations on different granularities can�t be converted into each other. But 
coarsening granularity (transform information representation from finer granularity to 
coarse one) is feasible in theory. Coarsening information is also helpful in data min-
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ing, database warehouse and hierarchy reasoning [12,15]. The method of transforming 
uncertain spatio-temporal representation form finer granularity to coarse one is dis-
cussed in this section. 

To coarsen the representation of approximate region, firstly we coarsen the tempo-
ral granularity then the spatial one , or reverse the two steps.  

 
Definition 4. Coarsening temporal granularity 
Given two temporal granularities TG1 and TG2, assume TG2 =| TG1. 

11 TG  (j)TG ∈ , U
mk≤

= )(iTG   (i)TG k21 , 2k2 TG)(iTG ∈ . Let R1(j) , R2(jk) 

be the spatio-temporal relations of TG1(j) and TG2(jk) respectively. Then R1(j) = R2(j1) 
t R2(j2) t ... t R2(jm), where operator t is to union the spatio-temporal relations 
by letters {F,P,N}.  

Table 5. Coarsening temporal granularity 

t F P N FP FN PN FPN 
F F FP FN FP FN FPN FPN 
P  P PN FP FPN PN FPN 
N   N FPN FN PN FPN 
FP    FP FPN FPN FPN 
FN     FN FPN FPN 
PN      PN FPN 

FPN       FPN 
 

Definition 5. Coarsening spatial granularity 
Given two spatial granularities SG1 and SG2 , assume SG2 =| SG1 . 11 SG  (i)SG ∈ , 

U
mk≤

= )(iSG   (i)SG k21 , 2k2 SG)(iSG ∈ . Let R1(j) , R2(ik) be the spatio-

temporal relations of SG1(i) and SG2(ik) respectively . Then, R1(i) = R2(i1) s R2(i2) 
s ... s R2(im). 
s can�t be calculated automatically , all the possible cases have to be considered. 

All the s are given in Table 6. 

Table 6. Coarsening spatio-temporal granularity 

s F P N FP FN PN FPN 
F F P P FP FP P FP 
P  P P P P P P 
N   N P PN PN PN 
FP    FP,P FP,P P FP,P 
FN     P,FN,FP,PN,FPN P,PN P,FP,PN,FPN 
PN      P,PN P,PN 

FPN       P,PN,FP,FPN 
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5   Spatio-temporal Database 

The methods and theories discussed above were applied to Agrarian Spatio-Temporal 
Database (ASTD) which is a subproject of Integrated Development Platform of Intel-
ligent Agriculture Information System(IDPIAIS) project supported by National �863� 
Project. ASTD is a spatio-temporal database manage system which can manage, 
query and analyze spatio-temporal agrarian information. Later the information would 
be send to other parts of IDPIAIS such as expert system for further reasoning. In this 
section, we focus on the ASTD of Nongan county (located in Jilin Province , China) , 
the spaito-temporal granularity theory had been applied to it. 

In Nongan county, soil sampling is performed to gather and manage agrarian in-
formation every week from 1999 , four years saptio-temporal agrarian data was man-
aged by ASTD. The soil sample data contains one hundred or so fields including 
nutrient concentrations (such as nitrogen, phosphor, kalium), meteorologic data(such 
as rainfall, air temperature, humidity ) ,organic matter, agrotype, breed, yield etc. . 
Each soil sample data was combined with time and location. Mobile GPS devices 
were used to locate the sample points. 

Fig. 3. Spatial Granularities 

Depending on soil sample points, the land is divided into small polygons by vo-
ronoi graph. method. All the area within a voronoi polygon has the same attributes as 
the sample point in it. The voronoi graph forms a spatial granularity, and the time 
interval of sampling forms a temporal granularity. A spatio-temporal granule is 
formed by  combining them.Besides sample, there are other three levels of spatial 
granularities in ASTD: Cun, Xiang and County(Fig. 3). They are all Chinese 
regionalism, ordered by gradual higher level. The relation of them is : SGsample =| 
SGcun  =| SGxiang =| SGcounty . As for temporal granularity, ASTD has four levels of 
granularities (TGweek =| TGmonth =| TGquarter =| TGyear). There are totally 4×4=16 spatio-
temporal granularities. All these spatio-temporal granularities form a Granularities 
Lattice. The most finer granularity is STGsample-week= SGsample ⊗ TGweek. 

As soil sampling is the data source. of ASTD, the voronoi graph regions (or say the 
granules of STGsample-week ) is the smallest element of information. The soil sample 
data is associated with those regions as attributes. More coarser information can also 
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be get in ASTD, such as " Rainfall of Huajia in 2001". This kind of query need some 
coarse granularities. To get the attribute of coarse granule, we must merge the attrib-
utes of all the STGsample-week granules within it. For the non-numeric type attributes 
such as text, all the different values must be united. For the numeric type attributes, 
the coarse value may be the sum , average , maximum, minimum,..., or weighted sum , 
weighted average,... of all the fine ones. 

With the spatio-temporal granularities system of ASTD , approximate regions can 
be represented. Some spatial objects can be exactly described (such as rivers, facto-
ries, schools) while others can't (such as classifications of soil, pollution area ). By 
applying the theories and methods we mentioned early, all uncertain objects could be 
denoted with special STGs respectively. During its lifetime, snapshots of the ap-
proximate region were recorded.  

In ASTD or other similar systems, besides uncertainty there is another critical 
problem. Too many granularities exist and users as well as requires are variant , so 
information is often recorded and retrieve with different granularities. Thus granula-
rities conversion is an absolutely necessarily operation. But no up-to-date Temporal 
GIS or spatio-temporal database systems supports such operation.  

By the methods discussed above, ASTD supports uncertain objects and the granu-
larity of uncertain objects can be coarsened as required.  

In ASTD , uncertain objects as well as attributes of multi-granularities can be que-
ried by visual GUI and spatio-temporal query language. The syntax of query language 
is based on XML , technology details are introduced in another paper[16]. 

GUI and query language can process such requests as: 
�phosphor concentration of Huajia Xiang in 1999�  
(attribute of granule STGxiang-year(�Huajia�,1999) ) 
�rainfall of Sample Point 0268 in 2001.3�  
(attribute of granule STGsample-month(268,�2001-3�) ) 
Uncertain information can be retrieve by querying the approximate region:  
�which Cun were disserved by locust all through the third quarter of 2002�  
(approximate region in STGcun-quarter , spatial granules with the relation of F,P or FP ) 
�which Cun were whole disserved by locust in the third quarter of 2002�  
(approximate region in STGcun-quarter , spatial granules with the relation of F, FN, FP 

or FPN ) 
And some query need perform operations on two or more approximate region: 
�which Cun are disserved by locust and aphid simultaneously in 2001�  
(∩st operation on granules in STGcun-year) 
ASTD is developed by WebSphere with J2EE standard . The console and user in-

terface are all performed in web browser. The attributes are stored in ORACLE while 
spatial objects are manage by SDE(spatial data engine) of ORACLE. The spatio-
temporal data was transformed through Internet by XML. 

6   Conclusion 

Granularity is an important subject of data representation. Although spatio-temporal 
information process grows up quickly in these years, its granularity and uncertain 
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question were not well solved. In this paper, we put forward a new spatio-temporal 
granularity representation which support multiple granularities and uncertain spatio-
temporal objects. Finally, the theories and methods were applied to a spatio-temporal 
database ASTD. By supporting multiple granularities and approximate region, ASTD 
can process the multiple level data together, perform the query in variant precision 
and handle uncertainty. Compared ASTD with similar systems , it is more powerful in 
multiple granularities, uncertainty, object type (point is a special case of regions) and 
granularity operations such as coarsening. The theory discussed here can also be 
applied to spatio-temporal data mining, spatio-temporal CSP, spatio-temporal Logic 
etc. 

Acknowledgments 

This research was supported by the project from NSFC of China (Grant No. 
60373098) and the project from �863� Project(Grant No. 2003AA118020). 

References 

1. Gail Langran, Time in Geographic Information Systems, Technical Issues in Geographic 
Information Systems. Taylor & Francis, 1992 

2. Tamas Abraham AND John F. Roddick, Survey of Spatio-Temporal Databases, GeoInfor-
matica 3:1, 61~99 (1999) 

3. Hornsby, K. and Egenhofer, M. Identity-Based Change: A Foundation for Spatio-Temporal 
Knowledge Representation. International Journal of Geographical Information Science 
14:3 (2000) 207-224 

4. D.J. Peuquet, Making Space for Time: Issues in Space�Time Data Representation. GeoIn-
formatica, 5:1 (2001) 11-32  

5. C. Bettini, X. S. Wang, and S. Jajodia. A general framework for time granularity and its 
application to temporal reasoning. Annals of Mathematics and Artificial Intelligence, 22(1-
2):29-58, 1998 

6. C. Bettini and R. De Sibi. Symbolic Representation of User-Defined Time Granularities. 
Annals of Mathematics and Artificial Intelligence, 30(1-4), 2001 

7. Ugo Dal Lago and Angelo Montanari ,Calendars, Time Granularities, and Automata, C.S. 
Jensen et al. (Eds.): SSTD 2001, LNCS 2121, pp. 279-298, 2001 

8. Thomas Bittner, T & Stell, J., Rough sets in Approximate spatial reasoning, Proceedings of 
RSCTC'2000,Berlin-Heidelberg Springer-Verlag,2000:145-156 

9. Thomas Bittner, Approximate Qualitative Temporal Reasoning , AAAI 2000:200-215 
10. John G. Stell, Qualitative Extents for Spatio-Temporal Granularity Spatial Cognition and 

Computation, 2003,vol 3 no 2 & 3, pp119-136 
11. Hornsby, K. and M. Egenhofer ,Modeling moving objects over multiple granularities, 

Special issue on Spatial and Temporal Granularity, Annals of Mathematics and Artificial 
Intelligence, Kluwer Academic Press., 2002 

12. A.G.Cohn and S.M. Hazarika, Qualitative Spatial Representation and Reasoning: An 
Overview , Fundamental Informatics, 2001,46 (1-2):1-29 

13. WANG Sheng-sheng , LIU da-you ,YANG Bo. Multi-dimensional Qualitative Spatial 
Query Language MQS-SQL, Acta Electronica Sinica , 2002,12A,1995-1999 



146      Sheng-sheng Wang and Da-you Liu 

14. WANG Sheng-sheng , LIU Da-you , HU he. Approximate Spatial Relation Algebra ASRA 
and Application. Journal of Image and Graphics , 2003(8): 946~950 

15. WANG Sheng-Sheng, LIU Da-You, XIE Qi. Integrating Multi-aspects Information for 
Qualitative Spatial Reasoning and Application, Journal of Software, 2003, 14(11): 
1857~1862 

16. WANG Sheng-Sheng, LIU Da-You. Spatio-temporal Query Language Based on Spatio-
temporal Reasoning and XML. Computer Applications. 24(2),2004:118~121 

 



A Simple but Effective Dynamic
Materialized View Caching

Chi-Hon Choi1, Jeffrey Xu Yu1, and Hongjun Lu2

1 The Chinese University of Hong Kong, Hong Kong, China
{chchoi,yu}@se.cuhk.edu.hk

2 The Hong Kong University of Science and Technology, Hong Kong, China
luhj@cs.ust.hk

Abstract. Dynamic materialized view management problem has re-
cently received considerable attention. The problem is how to dynami-
cally maintain some results of online analytical processing (OLAP)
queries for the purpose of maximizing the possibility to answer sub-
sequence ad-hoc OLAP queries as well as minimizing the total query
processing cost. However, the existing dynamic view management ap-
proaches have their limit to support OLAP queries. In this paper, we
propose a dynamic materialized view management approach with a new
hit prediction, which can predict the users’ interest in an ongoing fashion
and adapt to changes if necessary. Extensive performance studies show
that our approach achieves a high cache hit ratio and speeds up the
response time or throughout for different kinds of OLAP queries.

1 Introduction

Data warehouse and OLAP systems have been widely used for business data
analysis. Pre-computing OLAP queries (materialized view) becomes a key issue
to achieve high query performance in data warehouses. Static materialized view
management selects materialized views based on historical data, and attempts to
use those materialized views for later reuse [1, 5–8, 12, 14]. However, users’ inter-
est may change over time and their OLAP queries may change as time proceeds
accordingly. As a result, their ad-hoc query patterns, which are unknown in ad-
vance, are difficult to predict and make the selected materialized views quickly
become outdated.

In order to effectively and efficiently handle unpredictable ad-hoc query pat-
terns and minimize the total OLAP query processing costs, dynamic view man-
agement has been received significantly attention [3, 4, 9, 11, 13, 15]. The dynamic
view management problem is to maintain the materialized views dynamically in
the cache to retain up-to-date materialized views, and fully utilize the existing
materialized views for maximizing the possibility to answer subsequence ad-hoc
OLAP queries under a given limited space. The strategy of using cached results
to process a query is effective when the query stream exhibits a high degree of
locality.

Q. Li, G. Wang, and L. Feng (Eds.): WAIM 2004, LNCS 3129, pp. 147–156, 2004.
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The most important issue that has impacts on the performance of the dy-
namic materialized view management is the cache replacement policy. A cache
replacement policy determines which view should be retained in the cache under
a limited cache space. As time passes, some new views may need to be addi-
tionally materialized while the existing materialized views may not be able to
answer the new incoming OLAP queries. Due to the limited cache size, some
old materialized views are replaced by the new materialized views. In general, a
replacement policy is a function which returns a value for a cached view. When
space must be made available in the cache, the view(s) with the smallest values
are selected as victims to release memory space.

In this paper, we extend the work in [2] and study a simple but effective
caching mechanism that can support OLAP queries without predicates as well as
those with predicates. Our dynamic materialized view management can dynam-
ically detect the change of the users’ interest and adapt the changes. Therefore,
it results in retaining the up-to-date and most beneficial materialized views in
the cache. Our new approach can reach a higher hit ratio and minimize the total
query processing cost.

2 Preliminaries and Problem Definition

An M -Multidimensional Database (MDDB) is a collection of relations, D1, · · · ,
DM , F , where Di is a dimension table and F is a fact table as described in
[1, 10] (also known as star-schema). Each dimension table has a key attribute.
The fact table keeps the foreign keys of the M dimension tables, with additional
measures. Given an M -dimensional MDDB, a dependent lattice can be defined
as (L,�) [8], with a set of OLAP queries (group-by queries) L, and a dependence
relation � (derived-from, be-computed-from). Given two queries qi and qj . We
say qi is dependent on qj , (qi � qj), if qi can be answered using the results of qj .
A dependent lattice can be represented as a directed acyclic graph, G = (V, E).
Here V represents the set of OLAP queries, as vertices. We use V (G) and E(G)
for the set of vertices and the set of edges of a graph G. An edge, vi → vj , exists
in E, if and only if vj � vi and �vk(vj � vk ∧ vk � vi), for vi �= vk �= vj . A
datacube is a dependent lattice with 2M vertices, for an M -dimensional MDDB,
where each vertex represents a group-by.

The dynamic materialized view management is defined as how to maintain
some results of OLAP queries in a limited space, in order to maximize the
possibility to answer incoming OLAP queries in runtime.

3 Related Work

In this section, we outline three approaches [2, 4, 11] for dynamic view man-
agement, Chunked-file, DynaMat, and Predicated-based. The first two ap-
proaches cache the granularity of data as either chunk or fragment to support
OLAP queries while the last one uses a dynamic predicate-based partitioning
approach. Then, we address our concerns with the three approaches.
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– Chunked-file [4]: Deshpande et al proposed a Chunked-file which divides
the multidimensional query space into uniform chunks. Chunked-file uses
multi-dimensional arrays to store chunks, where a chunk, ranging at any
level in the hierarchy, is proportional to the number of distinct values in the
corresponding dimension at that level. When a query is issued, the system
determines whether the query can be computed in three ways: (i) directly
from the previous query results which are stored in the cache or a dedicate
disk storage; or (ii) partially from the cached query results and partially
from the base table; (iii) entirely from the base table.

– DynaMat[11]: Kotidis and Roussopoulos proposed a system, called DynaMat,
which constantly monitors incoming queries and dynamically materializes
information at multiple levels of granularity in the form of fragments. How-
ever, DynaMat puts some restrictions on the query patterns. DynaMat can
only efficiently support the following three types of multidimensional range
queries: (i) select a full range, that is the value is between the minimum
value and maximum value of a particular dimension; (ii) a single value; and
(iii) an empty range which means the dimension is not in the present in the
query.

– Predicated-based [2]: Choi, et al proposed a dynamic predicate-based ma-
terialized view management approach for selecting and partitioning mate-
rialized views to reduce the query response time and maintenance cost. Its
aims are to minimize the space consumption in a relational database system
and fine-tunes the materialized views as much as possible to serve the future
queries.

Despite the efficiency of the above these three approaches as reported in [2,
4, 11]. Some observations can be made below.

– The majority of data warehouses are built on top of existing relational
database systems. The chunk-based caching approach, Chunked-
file, is not directly applicable, and cannot be widely used. The efficiency
of Chunked-file is at the expense of space consumption. Chunked-file
may result in a huge number of empty chunks, in particular, when data is
sparse. Consequently, the query processing cost using a chunked file can be
high, because it needs to access a large number of chunks. The high space
consumption is somehow against its goal to maximize the possibility of sup-
porting more queries using a limited space. In addition, it is difficult for
Chunked-file to determine the optimal chunk sizes.

– DynaMat partitions data into fragments. Only some types of OLAP queries
can be supported efficiently. The reason that DynaMat cannot support a wide
range of OLAP query types is due to the fact that the cost of finding a set
of fragments to answer an OLAP query can be high itself. In addition, it is
difficult for DynaMat to select a dimension(s) as the basis to partition data.

– Predicate-based caches OLAP queries in a relational multidimensional
database and uses user predicates to partition views into horizontal frag-
ments such that minimizing the total query processing cost. But, it can only
support OLAP queries efficiently in the presence of user predicates.
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4 A Simple but Effective Dynamic Materialized
View Caching

We have developed a ROLAP-based dynamic materialized view management
system, which can be easily adopted on top of relational database management
systems. Our system consists of four main components: a query analyst, a view
advisor, an adaptive learning cache manager, and a view cache. These compo-
nents are described as follows, in brief.

– The query analyst parses an incoming query and converts the necessary
information into internal data structures that will be used in other compo-
nents.

– The view cache is the information repository that stores the materialized
views.

– The view advisor selects the best view among the set of view candidates in
the view cache to answer the query based on the derived-from relationship.
If there are no qualified view, the query will be answered by the base tables.
In brief, for an incoming query q, the view advisor will determine the set of
materialized views that can answer q by checking if there are views in the
view cache such that q � vi on the following conditions: i) all attributes in q
must also be in vi, ii) the selection conditions specified in q implies that it is
a subset of vi, and iii) the aggregate functions used in the two queries are the
same. In order to eliminate the overhead, our view advisor only selects one
view to answer a given query. It is because, in general, the cost of selecting
best multiple views to answer q is high, and is exponential in terms of the
number of views available. When there is no single view that can answer the
query, the view advisor simply uses the base tables to answer the query.

– The adaptive learning cache manager applies a replacement policy to add
some beneficial materialized views to replace outdated materialized views in
the view cache, when the view cache becomes full. The replacement policy
applies a value function to each of the cached views. The views with the
lowest values are chosen as replacement victims for utilizing cache space.

We process OLAP queries in a unit of batch. By doing so, even a query
cannot be answered by the existing materialized views in the view cache, it may
be answered by a query result which appears in the same batch. Hence, within a
batch, we assign a priority to each query according to their ability to serve other
queries within the same batch. In other words, a query which can answer more
queries in the same batch will be answered first. As a result, its query result is
used to answer other queries. Batches offer an advantage to detect users query
pattern changed.

In the following, we will discuss adaptive learning cache manager in detail.
The key issue is replacement policies. In general, we consider such a policy as
a function G (for goodness). For an existing view, Vi, in the view cache, G(Vi)
returns a value to indicate how important it is for us to maintain it in the view
cache for later reuse. When space must be made available in the view cache,
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the views with the lowest values are chosen as replacement victims. It is worth
of noting that the two commonly used caching techniques, Least Recently Used
and Most Recently Used, are based on the assumption of that views that have
been referenced recently are likely to be referenced again in the near future.
They are not suitable for handling OLAP queries, because OLAP queries are
group-by queries in nature, and the derived-from relationships cannot be easily
managed by them.

In [11], Kotidis and Roussopoulos studied several functions including a Small-
Fragment-First (SFF), and Small-Penalty-First (SPF). The intuition behind SFF
is that larger views are more likely to be hit by a future query. A larger view
implies fewer number of views stored in the view cache. Fewer number of views
will reduce the overheads to find better views and replace views. But, SFF does
not consider query frequency. If a larger partition is not a hot access region, it
may waste the space and slow down the whole query response time as other hot
queries have to access the base table. The goodness of a view Vi is measured by
its size below.

G(Vi) = |Vi| (1)

SPF considers query frequency, query processing time and size of a materialized
view. The goodness of Vi is defined as

G(Vi) =
fVi × qcost(Vi)

|Vi| (2)

where fVi is the query frequency of accessing Vi, qcost(Vi) is the cost of recom-
puting Vi if it is removed, and |Vi| is the view size.

We observe that SFF and SPF cannot detect the changing of users’ query
patterns, and propose a new function, HP (Hit-Prediction) that can detect and
adapt users’ interest changes from the previous query patterns. Here, suppose
Vi is a view that can be used to answer a new OLAP query.

G(Vi) = (|T | − |Vi|) × (Li + Pi) (3)

where |T | is the table size of the base table in the data warehouse and |Vi| is
the table size of the materialized view Vi. The difference of |T | − |Vi| represents
the cost saving of keeping Vi in the view cache. Also, we consider two values,
Li and Pi, where Li is a max local hit of Vi in the current batch of queries,
and Pi is a predicted hit for the materialized view Vi in the future. The max
local hit Li is the total number of times a view Vi can be used to answer queries
in the current batch. The max local hit is used to test whether the pattern of
using Vi is changed or not. If the pattern of using Vi is changed, then we lower
its Pi value, because we may not use it in a long term. If the pattern of using
Vi is very similar with the past patterns, we give Pi a higher value, in order to
keep it long. We attempt to maximize the cache hit to improve the total query
processing time in long term.

Consider a view Vi that can be used to answer OLAP queries in the current
batch. We explain how we calculate Pi for Vi as shown in Algorithm 1. When
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Algorithm 1 Hit Prediction.
Input: a view Vi;
Output: a predict hit Pi.

1: begin
2: obtain the max hit, Li, for Vi in the current batch of queries;
3: if Li = 0 then
4: Pi ← 0;
5: else if Vi is first hit in the current batch then
6: Pi ← Li;
7: else
8: let Mi and Stdi be the mean and standard deviation of hits for Vi in all batches;
9: if Li is in the range of [Mi − Stdi, Mi + Stdi] then

10: Pi ← Li;
11: else
12: Pi ← γ × Li+Mi

2
where 0 < γ ≤ 1;

13: end if
14: end if
15: return Pi;

Li = 0, that is, there are no queries in the current batch that can utilize Vi based
on the derived-from relationship, Pi is simply set to zero. If it is the first time
that the materialized view Vi is possibly hit, Pi is set to the max local hit Li,
because it is considered as a bursting pattern. Otherwise, we calculate Pi for Vi

as follows. We introduce a statistical quality control to control Pi. The idea is
to determine whether the usage of Vi is changed or not, by testing whether or
not the max local hit Li is within an acceptable range. In other words, if Li is
in a range of [Mi −Stdi, Mi + Stdi] then the pattern of using Vi is not changed,
where Mi and Stdi are the mean and standard deviation of the view Vi being
hit up to date. If there is no changed, Pi is set to Li. It avoids noise and impulse
and reach a nature fluctuation. If there is a possible change, we balance the max
local hit Li and Mi, and set Pi to γ × (Li + Mi)/2) where 0 < γ ≤ 1.1 We will
discuss its efficiency in our experimental studies.

5 A Performance Study

We conducted extensive experimental studies on a Sun Blade/1000 workstation
with a 750MHz UltraSPARC-III CPU running Solaris 2.8. The workstation has a
total physical memory of 512M. We employed the TPCH (http://www.tpc.org)
benchmark dataset, and conducted our testing using IBM DB2 version 7.1. The
TPCH benchmark is a decision support benchmark for ad-hoc queries.

We mainly studied our hit prediction HP (Hit Prediction) in comparison with
SFF (Small-Space-First) and SPF (Small-Penalty-First). We also compared our
HP with the predicate-based approach [2]. In order to evaluate the performance

1 In our testing, we set γ = 1.
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of our approach, two performance metrics: hit ratio and cost saving ratio are
used.

– Hit Ratio: it is the percentage of queries which can be answered by materi-
alized views. A higher hit ratio represents more queries can be answered by
the existing materialized views.

– Cost Saving Ratio (CSR) [4]: it measures the results as follows.

CSR =
n∑

i=0

wcost(qi) − cost(qi)
wcost(qi)

× 1
n

where cost(qi) is the query processing cost using materialized view and
wcost(qi) is the query processing cost using base table in the data ware-
house.

5.1 The Effect on Query Number per Batch

In this experiment, 600 queries are issued under 10% of base table cache space
to investigate the effect on query number per batch. In Figure 1, 1, 10, 20, 30, 40
and 50 means each batch contains equal constant query number: 1, 10, 20, 30, 40
and 50 respectively. And 1-10, 1-30, 10-30 and 30-50 represent that each batch
contains randomly generated query number which is between 1 and 10, 1 and 30,
10 and 30, and 30 and 50, respectively. Figure 1 shows that HP reaches a higher
CSR and hit ratio than SFF and SPF no matter how many queries contained in
a batch.

In the later experimental studies, we use 30 as a default query number for
each batch.
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Fig. 1. Performance on varying the query number per batch.

5.2 Query Locality

To study the query locality, we conduct two sets of experiments based on data
access locality and hierarchical access locality. As most users have their own
preferences which may last for a while, they may be interested in one part of
data at one time. To simulate the data access locality, a certain percentage of
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the database is designed as a hot region such that the queries are most likely
to access the designated part of the database. Here, H60, H70, H80 and H90
represents 60%, 70%, 80% and 90% of the queries access 20% of the datacube,
respectively. The rest of queries are uniformly distributed over the database. On
the other hand, proximity queries are used to model hierarchical access locality.
Q60, Q70, Q80 and Q90 mean 60%, 70%, 80% and 90% queries are proximity
queries and 40%, 30%, 20% and 10% are random generated, respectively.
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Fig. 2. Testing Different Data Access Locality Patterns.
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Fig. 3. Testing Different Hierarchical Access Locality Patterns.

Assume that the cache space available is to hold 10% of the base tables.
For each of the query patterns above, we issue 600 queries and calculate the
CSR and hit ratio. Figure 2 and 3 show that the HP replacement policy exploits
the locality very good. Figure 2 (a) shows the performance for query pattern
with a designated hot region. CSR increases while more queries hit at the hot
region of the database. Figure 2 (b) shows the hit comparison among HP, SFF,
and SPF replacement policies. HP has significant hit ratio compared with other
two approaches. Figure 3 shows the performance for proximity query pattern. In
Figure 3 (a), CSR increases sharply as the proximity percentage increases. This
is because more incoming queries can be derived from the cached query result.
In Figure 3 (b), the HP replacement policy reaches a stable high hit ratio than
other two replacement policies.
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For simplicity, we choose Q80 as the default query proximity pattern in the
following experimental study.

5.3 Query Sharing

In this experiment, given 10% of base table cache space, 600 queries are issued
by varying the percentage of query sharing in 10%, 15% and 20%. That is, 10%,
15% and 20% of queries are the same.

As expected, Figure 4 (a) and (b) show that CSR and hit ratio increase
while the sharing percentage increases. A higher sharing percentage means more
queries can be answered by previous query result. The HP replacement policy
outperforms than SFF and SPF.
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Fig. 4. Performance on varying the query sharing percentage.

6 Conclusions

In this paper, we propose a new dynamic materialized view management with
a new hit-prediction approach for caching OLAP queries. Our approach can
detect and adapt the change of users’ interest, and predict the probability of
future reuse, such that it retains the most beneficial materialized views for fully
utilizing the cache space during the dynamic materialized view management.
The experimental results show that our replacement policy exhibits higher query
locality and outperforms effectively and efficiently.
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Abstract. Although storage technologies are in great progress, hierarchical 
storage is still an efficient way to manage massive data, especially massive 
Continuous Media (CM) data. In some large web based CM applications such 
as DL (Digital Library) and VOD (Video-On-Demand), cache replacement al-
gorithms are used to keep the hot data on the disk, and migrate out those rarely 
accessed. The existing algorithms always treat all files equally, and use cache 
miss rate to evaluate the performance. However, in actual CM applications, 
most video objects are stored as several separated files that will be played one 
by one, so the strong relationships among the access time of these files make 
pre-fetch practicable and efficient. If all the files are taken as the same, the per-
formance of systems will degrade. Meanwhile, the cache miss rate cannot 
evaluate the performance comprehensively. In this paper, a new metric, User 
Waiting Rate, is defined to evaluate the performance, and a novel cache re-
placement algorithm, Least Waiting Probability (LWP) algorithm, is proposed. 
Experiment results show that it can improve the performance a lot, and is highly 
adaptive. 

1   Introduction 

Typical web based Continuous Media applications, such as Video-On-Demand, re-
quire very large storage capacity to store and manage tens of terabytes or even 
petabytes of data that can hardly be put on disk storage alone. A solution to this prob-
lem is to use Hierarchical Storage Management (HSM) Systems taking tertiary stor-
age to expand capacity with reasonable performance assurance.  

Fig. 1 shows the structure of a hierarchical storage based CM server. All the data 
resides on the HSM system (normally, in its tertiary storage devices). And the local 
secondary storage device (disk or RAID) of application server, which can be taken as 
the cache of HSM system, only holds the frequently accessed (hot) data. If the data 
requested by user exist in local disk cache, the request will be fulfilled immediately. 
Otherwise, data will be migrated from HSM system to disk cache. If there is no suffi-
cient space in disk cache, cache replacement will be taken. 

                                                           
*  Supported by the National Natural Science Foundation of China under Grant No. 

60221120146; the National Grand Fundamental Research 973 Program of China under Grant 
No.G1999032704. 



158      Yaoqiang Xu, Chunxiao Xing, and Lizhu Zhou 

Users

VOD Server

Local Disk( RAID) Tape Library
HSM System

HD

Hierarchical Storage Manager
network

Computer
Network

 
Fig. 1 Structure of Hierarchical Storage Based Media Application 

Cache replacement algorithm is the key part in data migration. An ideal replace-
ment algorithm is supposed to keep the data that WILL be accessed in cache, avoiding 
the long waiting of cache missing. Almost all the current algorithms such as LRU, 
LFU, ELFU, OLRU, etc. take the data as the same, and use cache miss rate as the 
only performance evaluation[1,5,7]. However, in actual CM applications, most video 
objects are stored as several separated files, which will be played one by one. There 
exist strong relationships among the access time of these files. And these make pre-
fetch practicable and efficient. When users request an object, the playback can start 
immediately if the first file is in disk. For, the second file can be read during the play 
of the first file even if it is not in disk. Thus, taking all the files as the same will de-
grade the performance. At the same time cache miss rate cannot evaluate the perform-
ance comprehensively. 

In this paper, User Waiting Rate is defined as the performance evaluation. By tak-
ing into account the relationship between the Expected Access Time of files and the 
access characteristic of HSM system, new file ranking function and data replacement 
algorithm are proposed. 

The rest of this paper is organized as follows: section 2 introduces relative work, 
section 3 and 4 define User Waiting Rate and File Waiting probability. The new algo-
rithm, LWP, is described in section 6. Simulation results and performance analysis is 
also given in this section. Section 7 is the conclusion.  

2   Related Work 

Cache and its data replacement algorithm are used on almost every level of the mem-
ory hierarchies. The most popular algorithms are LRU (Least Recently Used), LFU 
(Least Frequently Used), etc. Reed and Long introduced these algorithms in [1], and 
pointed out that LRU is a good algorithm in NFS server. LRU records the last access 
time for every data (block, or file), and migrates out the data with the oldest access 
time, while LFU records the access count for every data, and migrates out the data 
with least access count. LFU algorithm has a problem of cache pollution [2], that is, if 
an object once has been accessed many times and is not currently used, it may still 
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stay in the cache. A round robin like method was proposed in [3], it only records the 
access count in the recent period of time. 

And there have been many researches on the replacement algorithms of disk cache 
in HSM systems. Lau and Liu proposed LEAT algorithm in [4], Yang, Ren and Chang 
described ELFU algorithm in [5]. Both of the two algorithms are based on block cach-
ing, and reduced the cache miss rate. For file-based caching, there are VBB algorithm 
[6], OLRU algorithm [7], etc. 

File based caching is more popular in CM applications, for it�s easier to combine 
current applications with HSM system. Besides, in CM applications, a CM object, say 
a movie, is always stored as two or more separated files. These files will be requested 
one by one, and so there is strong relationship between these files. It�s a great pity that 
nearly all the algorithms do not utilize the relationship. 

Other researches on hierarchical storage include data placement, scheduling, etc. 
Optimal data placement methods in tertiary storage libraries are presented in [8]. Li 
and Prabhakar study data placement using the information of objects relationship in 
[9]. We proposed a data placement method to reduce the system response time to 
almost 0 in [10]. 

3   User Waiting Rate 

To make full use of the relationship among the files of a CM object, and improve the 
performance of the system by effective pre-fetching, User Waiting Rate (UWR) is 
defined to be the new metric of performance evaluation. 

Let Oi denote the ith object in the system; F denote a file in the system; D denote 

the set of files located in the disk; Fi,j ∈ Oi denote Fi,j is the jth file of Oi. A file has 
attributes s, EAT, and Pa. For Fi,j(s,EAT,Pa), s is the size, EAT is its Expected Access 
Time and Pa is the access probability of Oi and Fi,j.  
 
Definition 1. File Ready Time (FRT): When fetching a file from HSM system, FRT 
is the time period between the time the request was sent and the time the file was 
ready in local disk for accessing. If pipeline mechanism is used, a file is ready if there 
is enough data in disk cache to start the pipeline. Otherwise, a file is ready only if the 
whole file is existed in disk cache. 
 
Definition 2. Expected Access Time (EAT): If Fi,j∈Oi, then EAT(Fi,j) is the time 
period from object Oi being requested to file Fi,j being requested. It can be calculated 
as follow: 
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Where L(F) means the playback time of file F.  
When Oi is requested by a user, pre-fetch all the files Fi,j satisfy 

DFandOFPaEATsF i,jii,jjiji ∉∈∀    ),,,( ,, ,  immediately. Let Wi,j denote FRT(Fi,j), if 

Max(Wi,j- EATi,j)<0, which means all the files can be retrieved before its play, Oi can 
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be played immediately. Otherwise, in order to ensure the consistency of playback, the 
system must wait Max (Wi,j- EATi,j) before playing the first file. 

Definition 3. User Waiting Rate (UWR): UWR is the Rate of the count that a CM 
object cannot be played immediately on user request to the total request count. 

UWR is counted from the aspect of the user. It can reflect the system performance 
more exactly and clearly. While, if cache miss rate is counted at the time of file ac-
cessing rather than object accessing, UWR is really the same as cache miss rate.  

User Waiting Rate is used to evaluate the performance of the system in this paper, 
for it need not clarify the inspection time, and is logically clearer. 

4   File Waiting Probability 

File Waiting Probability (FWP) is presented to decide whether a file should be kept in 
the disk cache. 
 
Definition 4. File Waiting Probability (FWP): For F(s, EAT, Pa)∈O, its FWP is the 
probability of FRT(F)>EAT when object O is requested by user and DF ∉ . 

FWP means the probability that the user needs to wait when the object is not in disk 
at the time requested. The file with larger FWP should be more likely to be kept in the 
disk cache than files with smaller FWP. Otherwise, UWR of the system will increase. 

Assume the response distribution of HSM system is known, and R(t) denote the 
probability of FRT(F) >t when fetching file F from HSM system. Then the FWP of 
F(s, EAT, Pa) can be calculated as following: 

FWP(F) = Pa * R(EAT) (1) 

In fact, the response distribution of HSM system is very complex. The approxima-
tion of R(t) will be discussed later. However, it is obvious that R(t) will reduce when t 
increases. So even when the access probability of Oa is lager than Ob, the result may 
be FWP(a,1)<FWP(b,2), where FWP(i,j) denotes the FWP of the jth file of object i. 
So Fb,2 should remain in the disk, not Fa,1. 

5   Least Waiting Probability (LWP) Algorithm 

Least Waiting Probability algorithm (LWP) uses File Waiting Probability (FWP) as 
the file ranking function. The file with least FWP will be replaced.  

In this section, we will discuss the implementation of the algorithm, including the 
approximation of R(t), calculation of Pa, and a simplification of the algorithm.  

5.1   Approximation of R(t) 

The major storage device in HSM system is tape library. As discussed in [10], tape 
library is an M/G/K queuing system (or harder). So there is no analytical method to 
get the mean queuing time and other values, neither R(t). The only way available is 
simulation.  
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We use simulation similar to that discussed in [10] to get the distribution of R(t). 
Figure 2 shows R’(t) which is the distribution of File Ready Time under different 
workloads when pipeline mechanism is used. A point (t, p) on the curve means that 
under that workload, the ratio of files with FRT <= t to all requests is p. Obviously, 
R’(t)=1-R(t). 

 

 

Fig. 2 Distribution of File Ready Time 

We use lookup table to express these curves. Table 1 shows the lookup table corre-
sponding to Fig. 2. The first column is the value of t, and the second column is the 
value of R’(t) when ρ=0.19, etc. 

Table 1. Lookup table of R’(t) 

T ρ=0.19 ρ=0.475 ρ=0.666 ρ=0.761 ρ=0.808 ρ=0.856 
0 0 0 0 0 0 0 
100 0.9115 0.6489 0.3713 0.1723 0.069 0.0149 
200 0.9803 0.8053 0.5383 0.2809 0.1152 0.0255 
400 0.9967 0.9245 0.7532 0.4702 0.2297 0.0606 
500 1 0.9543 0.8181 0.5617 0.293 0.0809 
800 1 0.9851 0.9319 0.7628 0.4468 0.1936 
1000 1 0.9926 0.9713 0.8553 0.5329 0.267 
1300 1 1 0.9862 0.9415 0.6468 0.3585 
1500 1 1 0.9915 0.9766 0.7297 0.3798 
2000 1 1 1 1 0.8797 0.4415 
2500 1 1 1 1 0.9595 0.5085 

 
For specified t and ρ, R’(t, ρ) can be calculated as follows: 
1) Find ρ1 and ρ2 which are the nearest two workloads to ρ;  
2) Find t1 and t2 which are the nearest two times to t;  
3) Get R’(t, ρ1) from R’(t1, ρ1) and R’(t2, ρ1) using interpolation;  
4) Get R’(t, ρ2) from R’(t1, ρ2) and R’(t2, ρ2) using interpolation;  
5) Get R’(t, ρ) from R’(t, ρ1) and R’(t, ρ2) using interpolation;  
Then, R(t, ρ) = 1-R’(t, ρ). 
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The workload of HSM system is determined by not only the arrival rate of user re-
quest, but also cache replacement algorithm. When the user requests’ arrival rate is 
approximately steady, the workload will be light if hot files are cached in disk. Oth-
erwise, it will be heavier.  

To get a dynamic balance, the workload ρ should be proportional to Pa when calcu-
lating the R(t, ρ) of F(s, t, Pa). 

Let ρ0 be the mean workload of HSM system, Pa0 be the mean access probability of 
files not cached in disks, then the corresponding workload of file F(s, t, Pa) can be 
calculated as:  

Pa
Pa

*
0

0ρ
ρ =  (2) 

5.2   LWP Algorithm 

In LWP algorithm, we record the access count of file using the method similar to 
improved LFU. During the calculation, Pa is replaced by Ca, which is the access 
count and will decrease by 1 everyday. 

The algorithm can be described as follows: 

(1) User request arrives. Update the access count record of the requested object Oi: 
Cai++. For every file belongs to Oi, update its File Waiting Probability.  

(2) If all files of Oi exist in the disk, apply the service immediately. 

(3) Otherwise, for every Fi,j(s,EATi,j,Ca), DFO jii ∉∈ ,ji, ,F , begin to fetch it from 

HSM system, and get Wi,j, which is its File Ready Time. If all Wi,j < EATi,j, 

apply the service immediately; otherwise increase the waiting count, wait for 
Max(Wi,j - EATi,j), and then apply the service. 

(4) Every 24 hours, decrease the access record of every object by 1, and update the 
File Waiting Probability of every file. 

Wi,j is calculated by HSM system, which is possible when FIFO scheduling is ap-
plied.  

5.3   The Simplified LWP (SLWP) Algorithm 

The core idea of LWP is to migrate out the latter files of some hotter objects, and 
cache the first files of some colder objects. But it’s difficult to provide the distribution 
of FRT. And the distribution needs to change with the configuration of the HSM sys-
tem. To migrate out the latter files, algorithm can be simplified as follows if every 
object contains two files with the same size: Suppose the disk can cache N objects 
totally. We sort objects by their access count in descending order, and define ∆ be the 
exchange factor (0≤∆<1). Then: 

For the hottest N(1-∆) objects, both of the files are cached in the disk; 
For objects after N(1+∆), both of the files are stored in HSM system; 
For Objects between N(1-∆) and N(1+∆), the first file is cached in the disk. 
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6   Simulation Result 

To compare the performance of different algorithms, simulation program is designed 
using Sim++[12,13] for a VOD system. Figure 3 shows the queuing model of the 
system.  
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Fig. 3 Queue Model of The System 

The arriving time of users’ requests has exponential distribution, and the object re-
quested has Zipf distribution. The tape library in HSM system is Sony DTF and the 
robot arm is Sony DMS-B9. The main parameters are listed in the table 2. 

Table 2. Main Parameters Of The System 

Symbol Value Note 
TapeLoad_time 12.8s Time for robot arm to load a tape 
TapeUnload_time 17.2s Time for robot arm to unload a tape  
TapeMount_time 51s Time period between the time when the tape is placed 

into the drive and the time when the tape can be oper-
ated 

TapeUnmount_time 18s Time period between the time when the “unmount” 
command is issued and the time when the tape is 
extracted from the drive by the robot arm 

Transfer_rate 12MBps Persistent read/write rate of the tape 
Seek_rate 300MBps Quick seek rate of the tape 
Tape_size 42G Tape capacity 
Object_size 2G Size of each media object.  
Tape_count 60 Total tape count in the tape library 
Drive_count 2 Drive count in the tape library 
Object_count 2000 Total media object count in the system 
CachedObject 100 Object count that can wholly stored in the disk 
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In the experiment, each media object contains two files. Their size may be different 
in LWP algorithm, but be equal in SLWP algorithm. We compare the LFU, LWP and 
SLWP algorithms in various workloads.  

 

 

Fig. 4 Performance Result of LWP Algorithm 

Fig. 4 shows the User Waiting Rate of LWP algorithm. When the workload is not 
very heavy (ρ<0.8), LWP has good performance. If the two files of the object have 
the same size, LWP can reduce the UWR by 13%. And if the first file is smaller than 
the second file, the reduction may be greater than 26%. 

While, if the workload turns to be heavier, the UWR of LWP increases quickly, and 
may be worse than LFU. The reason is that the performance of HSM system changes 
with workload very rapidly when the workload is heavy. LWP algorithm replaces hot 
files from disk cache out to HSM system, thus increase the workload of HSM system.  

Fig. 5 shows the performance of Simplified LWP algorithms with different ∆, 
comparing with LWP and LFU algorithms. When the workload is low, SLWP per-
forms well and may reduce the UWR by 18.3%. A larger ∆ may cause the better per-
formance in low workload. However, in heavy workload, for the same reason as 
LWP, the performance of SLWP turns to be worse quickly.  

Fig. 5 also compares the performances of SLWPs with LWP. We can see that the 
performance of LWP is better in most cases. And its effective range is larger than 
those of SLWPs. By changing the ∆, we find that the 0.23 is the best balance point for 
SLWP in that satiation. The curve of LWP is almost the same as SLWP with ∆=0.23 
in low workload, and it performs better that SLWP with ∆=0.1 in heavy workload. So 
we can say that LWP algorithm has strong self-adaptive ability. It finds good ex-
change factor for specified workload automatically (∆=0.23 for low workload, and 
∆<0.1 for heavy workload). Because of the complexity of HSM system, the adaptive 
ability of LWP algorithm is not very ideally in heavy workload. But in actual CM 
applications, the workload will never be too heavy to ensure a reasonable perform-
ance. 
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Fig. 5 Performance Result of SLWP Algorithm 

This result also points out that File Waiting Probability is a good file ranking func-
tion. 

7   Conclusions and Future Work 

In the hierarchical storage system of CM files, by analyzing the characteristics of CM 
applications, the User Waiting Rate is proposed to evaluate the performance of differ-
ent cache replacement algorithms and a novel cache replacement algorithm, Least 
Waiting Probability algorithm, is designed. The User Waiting Rate of LWP is lower 
for about 13% than LFU. The Simplified LWP performs well too. 

A better response distribution curve of HSM system may be found in future work 
to improve the performance of LWP. Besides, a self-adaptive mechanism of the factor 
in the Simplified LWP may be designed to make it perform well under various work-
loads. 
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Abstract. The small world model has been used to improve the routing per-
formance in P2P networks recently. In this paper, we proposed CCAN, a cache-
based CAN, which is based on the small world model. CCAN caches the long 
contact and takes a novel probabilistic cache replacing strategy. The probabilis-
tic cache scheme proves to be a new approach to model the small world phe-
nomenon. Experiments in both the static and the dynamic network show that 
CCAN can be converged to a stable status with the cache scheme, and the rout-
ing performance is improved with almost zero overheads in the network com-
pared with CAN.  

1   Introduction 

Peer-to-Peer (P2P) overlay networks have been growing rapidly in the last few years. 
It aims to aggregate large numbers of computers that join and leave the network fre-
quently and represents the notion of sharing resources available at the edges of the 
Internet. 

The existing peer-to-peer networks can be broadly classified as either unstructured 
or structured. Resource location in unstructured P2P networks is generally based on 
flooding [1] or random-walkers [2]. It arises too many query messages and is not 
deterministic to find the resource in the network. In contrast to this, structured P2P 
networks can provide a deterministic resource location using  DHT (Distributed Hash 
Table) schemes but have to face the high overhead of maintaining DHT routing data 
structures. This paper focuses on structured P2P Networks and investigates how to 
realize an efficient resource location with low maintaining overheads on CAN [3]. 

Our ideas are originated from the small world phenomenon in P2P networks [4] 
and illuminated by Kleinsberg’s recent work [5].  Kleinsberg generalizes a class of 
small network model. This model proposes that node S should choose long range 
contact T with the probability of L-r, where L=||S-T|| 1  is the Manhattan distance be-
tween node S and T, and r is the dimension degree of the underlying topology. The 
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1  We define ||n1-n2|| as the Manhattan distance between node n1 and node n2. In a d-
dimensional grid with two point X and Y, the Manhattan distance is 

1

| |
d

i i
i

X Y
=

−∑ . 



168      Futai Zou et al. 

distribution of long contact is called the inverse rth-power distribution by Kleinsberg. 
It gives an upper-bound path length O(log2n) even with one long range contact. 

Kleinsberg’s construction is especially useful for constructing and improving the 
low-degree P2P systems. There are a serial of Kleinsberg-style networks such as [6] 
[7]. It is an intuitive idea to construct the small world on CAN because CAN has a 
topology similar with Kleinberg’s model. However, Kleinsberg’s model is a static 
model which uses the global information of all nodes to construct the small world 
phenomenon. In the contrast, nodes join and leave freely in P2P systems and each 
node has just a little information about the whole system. For example, each node 
only knows its 2d neighbor nodes and nodes join and leave freely in CAN. Therefore 
we try to use the technique of cache nodes with a probabilistic cache replacing strat-
egy to model the small world phenomenon instead of the static construction in 
Kleinsberg’s model. The potential benefit is an improved performance with almost 
zero overheads in the network. Because the cache technique is critical for our design, 
so we name it CCAN (Cache-based CAN).   

The remainder of the paper is organized as follows. Section 2 presents CCAN sys-
tem model. The feasibility of cache mechanism and routing performance is simulated 
in Section 3. We conclude our research in the last section. 

2   CCAN 

In this section, we discuss the topology and the cache mechanism of CCAN. 

2.1   Topology 

CCAN equips peer nodes on a d-torus, d is the positive integer and presents the di-
mension degree of the topology. CCAN uses DHT scheme and the entire CCAN 
space is divided among the nodes currently in the system. Each object is assigned a 
key uniformly chosen from the key space M. Assume n nodes in the node space N  
and N M⊂ . Each node stores objects that correspond to a certain portion of the key 
space and uses a routing table to forward the request for an object not belonging to its 
key space to appropriate ‘‘next hop’’ nodes. 

The routing table of CCAN includes two parts: local neighbors and cached long 
contacts. First we just discuss one cached long contact, and then we would extend it to 
multi cached long contacts. CCAN uses the greed routing algorithms and a query 
message is forwarded to the node that is the closest to the query id.  

2.2   Cache Replacing Scheme 

When the system runs, a node S answers a query request from node T. Suppose node 
S has already node K as its cached long contact in the cache. Upon answering the 
request from T, it replaces K with T with probability ||S-K|| d / (||S-K||d + ||S-T||d). Oth-
erwise it keeps the key. During the routing process, the forwarding nodes always use 
the original node to do the cache replacement. For the approach is like a worm model, 
we call it the worm cache replacing mechanism.  
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When one node receives a query request message, first, it uses its routing table to 
forward this message, and then uses the message to update its cache. It is almost zero 
overheads attached to the node. Furthermore, a worm cache replacing process can 
avoid the hot key and make the replacing process faster.  

Intuitively, a small phenomenon may exist because the replacement is related with 
the position in the underlying topology and favors the short distance nodes, which is 
the spirit of Kleinsberg’s model. Here we prove the validity of this intuition by the 
following theorem: 

 
Theorem 1. Repeating the cache replacing procedure in the system. Considering the 
node space N, ,s N∀ ∈  s would cache t ( t N t s∈ ∩ ≠ ) with probability propor-
tional to ||s-t||-d  in CCAN with d dimension degree. 

 

Proof. 
Assume there are n nodes in the system. For s N∀ ∈ and t ( t N t s∈ ∩ ≠ ), we 
discuss the probability that s caches t. 

We define a Markov chain as follows:  
There are m kinds of distance from s to t (m is less or equal to n because there may 

exist some same distance away from node s). 
Let each kind of distance be a state. So the state space for node s is S={ 

d1,d2,…di...,dm,  di is the distance away from s }. Suppose node s caches node t with 
the distance x=||s-t|| and then we say that the Markov chain is in state x. A step is 
made when a new sample (on the arrival of a query routing message) with distance y 
is received. Then the chain walks to state y with probability ( )d d dx / x + y , otherwise 
it stays in the same state. This procedure clearly defines a regular Markov chain with 
mψ states. Fig. 1 shows an example of this Markov chain with only 3 states for node 
s, which means there are some nodes with three kinds of different distance away from 
node s. For a simplified illustration, the example in Fig.1 shows only 3 nodes t1,t2,t3 
with different distance away from node s. 

 

              
    

(a)                                                                     (b) 

Fig. 1. A simplified Markov chain model with only 3 states for node s. (a) The node topology 
for node s with three neighbor nodes. (b) The state transition diagram. 

So a stable and unique probability distribution for the process exists for any finite 
number of states m. 

Suppose the stable probability for an arbitrary stable x be px. Let us consider the 
flow-in and flow-out process for the state x under the stable condition. It is important 
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that px is a stable value, therefore there is a state balance between flow-in and flow-
out. This balance means that the total flow-out probability from state x to state i 
( ,   i S i x∈ ≠  ) is equal to the total flow-in probability from state j ( ,   j S j x∈ ≠ ) 
to state x. Fig. 2 shows the state balance between flow-in and flow-out. 

 

 

Fig. 2. The state balance between flow-in and flow-out. 

According to Fig. 2, we have the equation•the left of the equation is flow-out and 
the right of the equation is flow-in) 

d d

x jd d d d
i S j S

x jnp   = np
x +i j + x∈ ∈

∑ ∑
 

(1) 

Hence, evidently i d
1p = (1/c)
i

× , i S∈  satisfies the equation where 
d
1c =
i∑  is 

a normalizing constant. It indicates pi is inverse proportion to the distance and the 
distribution follows up the inverse rth-power distribution proposed in Kleinsberg’s 
model.  For all state x ( x S∈ ), it has the stable probability px. Notice that a state x 

means a distance between node s and node t and x=||s-t||, therefore, for ,s N∀ ∈  s 

would cache t ( t N t s∈ ∩ ≠ ) with probability proportional to ||s-t||-d
  
along  the 

repeating cache replacing process.   
Since the stationary state is unique the system always converges to the proper dis-

tribution. Meaning that no matter what the initial cached long contact is and the sys-
tem eventually forms towards the desired small world network as soon as enough 
random query requests are made.  

2.3   Dynamic Convergence 

Though we have proved that there has the small world phenomenon with the repeat-
ing cache replacing process in Section 2.2, it just considers the static situation. Here 
we discuss the dynamic situation where the nodes join and leave dynamically. 

For the proof of Theorem 1, it assumes that there are n nodes in the system. Now 
the assumption is extend to N (the whole node space) nodes in the system. The same 
result in Theorem 1 can be drawn out following the similar process. Similarly, ran-
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domly select n nodes from the node space N, the same result can be gotten. In fact, if 
there are enough cache replacing times, node s would cache an arbitrary selected node 
t from the node space N with the probability proportion to the distance ||s-t||-d. There-
fore the system would converge to the small world network but with a fluctuating 
model due to the dynamic environment. 

The difference from the static situation is that the convergence would be slow be-
cause nodes are dynamically changed. To accelerate the converging process, we in-
stall an active query procedure for each node. The procedure is invoked in an interval 
time which may be adjusted according to the dynamic of the network.  

2.4   The Speed of Convergence 

We give the qualitative analysis about the speed of convergence. The convergence is 
driven by the routing query message. The more messages the node forwards, the 
faster the convergence is.  

Because the query is the uppermost operation in P2P networks and the cache uses 
the worm routing replacing mechanism we can expect that the system will be con-
verged soon. The behavior of “hot key” query doesn’t mean an inconsistent cache 
process. Though the key may be very popular who receives many requests, the nodes 
initiating the request for that key can be assumed to be uniformly chosen from the 
network. With the worm routing replacing mechanism, the cache replacing possibility 
for each node is approximately even. Furthermore, we use the active query procedure 
to accelerate the convergence. It is especially useful when the network is dynamic.  

2.5   The Maintenance of Routing Table 

The maintenance of local contacts is same with CAN. The reader can refer to the [3] 
for more details. The cached long contact has two statuses: active and invalid. It 
would be checked whether it is still active within a scheduled period. Also the routing 
query message has the effect to change the cache from invalid to active with a corre-
sponding probability. Thus to shorten the invoked interval of the active query proce-
dure will help the maintenance of routing table. 

 
Theorem 2. With the worm routing cache replacing mechanism, CCAN system pre-
sents the small world phenomenon with the expected number of hops is O(log2n). 
Here n is the number of nodes in the system, and d is the dimension degree of CCAN. 

 
Proof. 
The construction of CCAN is similar with Kleinsberg’s small world construction. 
Both have the similar local contacts and a long contact. Though the long contact of 
CCAN is in cache, it has proved by Theorem 1 that both cached long contact would 
follow up the same rth-power distribution with the worm routing cache replacing 
mechanism in a feasible approach. Thus the expected number of hops is O(log2n) 
following from a similar theorem in [5]. 
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2.6   Multi-cached Long Contacts 

Above we just consider the situation of one cached long contacts. Now we extend to 
the situation of the k (k>=1) cached long contacts. In this time, when a routing mes-
sage reaches, it replaces all the cache with the same original node in the query mes-
sage so as to keep convergence speed similar with the case of on cached long contact. 
The k cached long contact can be treated as k states in the Markov chain described in 
the proof of Theorem 1 and thus it is still a small world construction for the system. 
With the incremental cached long contacts, it has more choice for the routing for a 
query thus average path hops would be reduced. 

3   Experiments 

In this section, we present results from our simulation of CCAN. We tested for the 
convergent process in static and dynamic network respectively and the improved 
performance compared with other approaches. The node takes its introducer as its 
initial cached long contact and updates its cache with our worm cache replacement 
mechanism while forwarding the message once a query message arrives. Simulations 
are based on a 2-dimensional CCAN where the topology is much similar with Kleins-
berg’s construction. CCAN runs on the network ranging from 64 to 4096 nodes in 
size with the random distribution of these nodes in the network. 

3.1   Static Convergence 

We consider the ideal situation that there isn’t any node failure in the network. After 
1024 nodes are joined into the network, two nodes are randomly chosen from the 
network and one initiates a query for the other. The routing hop number and the times 
of cache replacement are recorded in every query. After 100 queries are made, the 
average path hops and the average replacing times per node are counted. Fig. 3 plots 
the gradually converging process. As clearly seen in the figure, the system totally 
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Fig. 3. The static converging process for CCAN. Each data point is the average of 100 queries. 
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reaches the steady when the average replacing times are 50 times of the total number 
of nodes. This is a totally satisfying result, meaning that each node needs 50 steps for 
the stabilization of its cache replacing Markov chain so that the small world network 
is formed. 

3.2   Dynamic Convergence 

For a reality network, nodes join and leave dynamically. We simulate this phenome-
non as follows. After 1024 nodes are joined into the network, some nodes leave the 
network and some nodes join the network and the join and leave with the same rate. 
In this way, the total number of nodes is still invariable which is a generally assump-
tion for the realistic network. To form the small world, the cache replacing mecha-
nism should let an arbitrary new joining node has the possibility to be stable. The rate 
for join and leave is one per ten minutes. We employ the active query procedure pro-
posed in Section 2.4. The active query procedure can accelerate the convergence and 
help to modify some invalid caches with a proper probability. From Section 3.1 it 
needs about 50 steps to make Markov chain stable. Therefore we set the active query 
procedure with an interval time of 10 second so that it can be sent  60 times query 
from each node by the procedure in the live time of the node, and in this way it is 
possible to make a better convergence for the dynamic network. The interval time of 
the active query procedure installed in nodes should be adjusted according to the 
dynamic degree of the network. In this paper, it is configured as a system argument. 
Also it could be a self-adjusting argument with a few modifications.  
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Fig. 4. The dynamic converging process for CCAN. Each data point is the average of 100 
queries.  

Similarly, two nodes are randomly chosen from the network and one initiates a 
query for the other. The routing hop number and the times of cache replacement are 
recorded in every query. After 100 queries are made, the average path hops and the 
average replacing times per node are counted. For the dynamic model, however, we 
only consider the successful query for the count of the average path hops and current 
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alive nodes for the count of the average replacing times. The result is depicted in Fig. 
4. Obviously, it is more dynamic and slow to be converged into the stable status com-
pared with the static model. The result shows that the system always moves towards 
the desired construction. The reason is that the probabilistic cache replacing mecha-
nism always favors to the short distance contacts so that the distribution of long con-
tacts can follow up the inverse rth-power distribution. Therefore the topology is gradu-
ally adjusted towards the small world network. 

3.3   Path Hops 

CCAN has the improved performance with the cached long contacts. The experiments 
have presented that CCAN can be converged to the desired small world topology. 
Thus, path hops should be reduced with this topology. The simulation runs in the 
networks ranging from 64 to 4096 nodes in size and the average path hops for the 
queries are tested under the stable system. The path hops is evaluated with different 
approaches. We varied the probability for cache replacement and the number of 
cached long contacts. The results are showed in Fig. 5. First of all, path hops has be 
reduced with CCAN compared with CAN (it is also a 2-dimensional topology). This 
is guaranteed by Theorem 2. At the same time, we observe that the incremental num-
ber of cached long contacts help to improve the routing performance because more 
routing choices are provided with them. At last, as proved in [5], a random method 
doesn’t take the distance or the position into consideration so that it can not form a 
small world phenomenon. Therefore the path hops cannot be improved in CCAN with 
random replacement showed in Fig. 5.  
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Fig. 5.  Comparing path hops with different approaches. 

4   Conclusions 

In this paper, we propose CCAN to improve CAN performance using small world 
model. In CCAN, a novel probabilistic cache scheme on the long contact is used to 
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model the small world phenomenon. With the probabilistic cache replacing process, 
we prove that the cached long contact would follow up the same inverse rth-power 
distribution in Kleinsberg’s model. Then we discuss the feasibility of this approach in 
dynamic P2P networks and emphasize on how to accelerate the convergent process. 
Our experiments show the convergence in both static and dynamic network. There-
fore the system would always convene towards the stable status with the desired small 
world network. Average path hops in different configurations are simulated under the 
stable status. The results show that path hops are reduced as we have expected. 

CCAN can improve path hops from 
1
dO(dn )  to O(log2n). For a low dimensional 

CAN, the improvement is significant. 
The probabilistic cache scheme is successfully introduced into CAN in this paper. 

However, it is easily to be extended to a class of P2P systems with low-degree routing 
networks. The routing table has a few local contacts in these systems and can form a 
small world search network with additional cached long contacts according to our 
scheme. These systems don’t need be modify too much because the cache is managed 
locally. The main limitation in our cache scheme lies in that it depends on the rela-
tively dense and frequent query. Therefore our scheme is especially feasible and pref-
erable for the systems with huge query messages such as resource sharing P2P sys-
tems, which are very popular in today’s applications. 
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Abstract. Web caching plays an important role in many network services. Utili-
zation of the cache in each level (server, proxy, and client) of network forms a 
web caching hierarchy. A major problem of the hierarchical caching is the poor 
performance due to the interference between upper-level and lower-level 
caches. This paper investigates the replacement algorithms applied in the 
network caching hierarchy through trace-driven simulation experiments to iden-
tify the performance bottleneck. Our investigation focuses on three fundamental 
replacement algorithms: LRU, LFU and SIZE, because many other replacement 
algorithms are mainly the variations and/or combinations of the three funda-
mental algorithms. Through extensive experiments, we have acquired useful 
performance features of these algorithms and their combinations at different 
levels. Thus, our work may serve as a reference for the design and deployment 
of efficient replacement algorithms in the caching hierarchy for web engineer-
ing. 

1   Introduction 

Cache technology, which was adopted into the web applications from memory sys-
tems, has been proved to be a very useful approach to solve the latency and scalability 
problems of web services. Nowadays, caching can be found in almost every level of 
the web accessing. At the bottom of the network hierarchy, there is client-side cache 
in the browsers (even for the first-generation web browsers, like Mosaic [1], there is 
cached data for the future references). Server-side caching is normally on the top 
level, which is usually much more comprehensive and faster than the client-side coun-
terpart. In addition, there may be several levels of proxy caches in between of the 
server and clients. Therefore, the server-side cache, the proxy cache and the client-
side cache, consist the network caching hierarchy. 

In this paper, we discuss the performance of the replacement algorithms in the 
caching hierarchy, especially the performance on the higher levels. Our investigation 
focuses on three most basic algorithms: LRU, LFU and SIZE [14]. With extensive 
simulation experiments, we are trying to reveal some useful knowledge about the 
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working pattern of these different algorithms in the caching hierarchy environment to 
facilitate the selection and adjustment of using the replacement algorithms.  

The rest of the paper is organized as follows. Section 2 gives related work about 
hierarchical caching. Section 3 discusses some general problems we need to consider 
when applying the replacement algorithms in the caching hierarchy environment. 
Experiment design, results and analyses are given in section 4. Section 5 concludes 
the paper.   

2   Related Work 

There are many well-known systems about the hierarchical caching such as IRCache 
[2], which provided operational hierarchical caching services for organizations and 
individuals. There was an experimental project of national-wide hierarchical cache 
system in UK in 1995 [3], proposed by HENSA UNIX. And in recent years, there is 
the JANET Web Caching Service (JWCS), which is a national caching service and 
the hub in UK Higher Education caching infrastructure [4]. However, poor perform-
ance at the upper level has always been a problem for these kinds of systems. The 
performance is becoming poorer and poorer from the bottom to the top level caches. 

2.1   Some Existing Work 

Compared with the hierarchy structure, a distributed structure has been suggested to 
improve the performance. In [6], Metadata is suggested to track copies of files stored 
in a distributed cache system. And in the suggestion of [7], only the lower level 
caches in the hierarchy are responsible for caching data, and the upper level caches 
are used to store the information about the content of the lower level caches. Caching 
Array Routing Protocol (CARP [8]) provides the distributed structure for different 
proxy caches, which are configured as one logical cache for users.  

Cooperation between caches is also suggested for different levels. In [9], a collabo-
rative method is proposed for the hierarchical caching. The upper level caches pass 
the caching information to the lower level, so that the caches at the lower level can 
make some better caching decisions. The cooperation can also occur between caches 
at the same level. Fan et al. [10] suggested a cache sharing protocol, in which each 
proxy stores a summary of URLs of documents cached at every other proxy so that 
missed requests can be sent to other proxies which have copies of the requested files.  

Using different replacement algorithms at different levels, as suggested in [5], will 
also improve the performance of caching hierarchy. However, [5] failed to provide a 
clear analysis of the different algorithms’ working characteristics in the hierarchy 
environment. 

2.2   Replacement Algorithms 

For the replacement algorithms, three fundamental algorithms LRU, LFU and SIZE, 
have been widely used. LRU stands for Least-Recently-Used, which means that the 
least recently accessed objects will be evicted from the cache. It uses the last access 



178      Haohuan Fu, Pui-On Au, and Weijia Jia 

time (ATIME) of the data items as the sorting keys. LFU stands for Least-Frequently-
Used, which means that the least frequently accessed objects will be evicted and the 
number of references (NREF) is used as the sorting key. SIZE [14] algorithm simply 
uses the size of the data items as the sorting key and the data items with the largest 
size is evicted from the cache. 

There are still other different kinds of replacement algorithms. Some are direct ex-
tensions of the basic LRU, LFU algorithms, such as LRU-MIN [12], SLRU [11], 
LFU-Aging [13] and so on. Some are key-based policies, such as Hyper-G [14], 
which considers three different keys. And some are function-based policies, such as 
LRV [15], GDSize [16] and etc, which uses a cost function to evaluate the data items. 
Compared with the three basic algorithms, other algorithms are generally more com-
plicated variations and/or combinations of the three fundamental algorithms. For this 
reason, we choose the three basic algorithms LRU, LFU and SIZE as our evaluation 
algorithms. 

3   Replacement Algorithms in Caching Hierarchy 

3.1   Problem Model for the Caching Hierarchy 

For simplicity, we only consider a two-level hierarchical caching model as shown in 
Fig. 1.  

 

 

Fig. 1. The basic structure of the problem model 

We try to identify the working pattern and relationships between the two different 
cache layers, so that we may find a way to achieve a good performance for the two 
layers as a whole. The same knowledge can be extended to more complex hierarchies 
such as 4 or 5 different layers of cache.    

To investigate the performance for the problem model, some issues need to be con-
sidered here:  

(1)  The request pattern for different layers can vary. The lower-level caches have two 
kinds of ‘effects’ on the upper-level caches, which may greatly affect the request-
ing pattern. One is the ‘filter effect’, which means that only the requests missed at 
the lower levels can reach caches at upper levels. Another is the ‘aggregation ef-
fect’, as the requests to an upper-level cache are usually aggregated from multiple 
lower-level caches. Owing to these two effects, some original features about the 
request pattern, such as temporal locality and specific personal preferences, may 
be lost at upper levels.  

…… 
Lower-level Cache:

A number of small-volume caches 

Upper-level Cache:
One single large-volume cache 
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(2)  The size and capability of the cache may be different for different layers. The 
sizes of the upper-level caches are usually larger, and their processing capabilities 
are normally stronger. It is suggested that the caches at different levels deal with 
the files with different sizes, i.e., large files are processed at the upper levels and 
small files are processed at the lower level [5].  

In order to achieve a good performance for the integrated caching hierarchy, we 
need to consider different situations for different layers and find suitable algorithms. 

3.2   Performance Metrics 

Among all the different performance metrics for replacement algorithms, hit ratio 
(HR, or document hit ratio) is the most basic and important one. However, using HR 
assumes that data items in the cache all have the same size. After the cache has been 
utilized in the network environment, the sizes of the cached items become variable. 
As a result, BHR (byte hit ratio) is used as a performance metric. In the recent days, 
some more specific factors, such as the latency time and the traffic cost, are taken into 
account. In the following discussion, we will use both the HR and BHR as the basic 
criteria for the replacement algorithms’ performance analysis. In most situations, the 
HR and BHR can also give a reasonable estimation for other performance metrics 
such as the total latency and traffic load.  

4   Experiment 

4.1   Experiment Design 

We use trace-driven simulation to evaluate the performance of the various replace-
ment algorithms in the caching hierarchy. The evaluation is performed based on three 
fundamental algorithms, LRU, LFU and SIZE, which are considering the three most 
basic factors for the replacement algorithm deployment: ATIME (last access time), 
NREF (number of references) and SIZE (size of the data item). 

For the experiment data, we use the web proxy trace provided by the IRCache [2] 
website. The experiments are divided into two parts. First part uses uniform algo-
rithms for different levels, but different cache sizes are used. Second part chooses 
different algorithms for different layers to achieve a better performance of the two 
caching layers. In both parts, we are trying to identify the characteristics of these 
algorithms, which may serve as the guidance to improve the performance.  

For the cache sizes, we choose five different values for the upper-level cache and 
the lower-level caches (the sizes of lower-level caches are counted together as one 
value): 1MB, 4MB, 16MB, 64MB, and 100MB. The sizes of the upper-level cache 
and the lower-level may vary with the time. The details will be discussed in the fol-
lowing parts.  

4.2   Individual Investigation into Three Basic Algorithms: LRU, LFU, and SIZE 

This is the first part of the experiment, in which we tested the performance of the 
three basic algorithms in the cache hierarchy situation separately. The upper level and 
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the lower level apply the same algorithm. We will observe how these algorithms per-
form in such situations.  

The size of the upper-level cache is assigned with five different values: 1MB, 
4MB, 16MB, 64MB and 100MB. The lower-level cache size varies from 1MB to 
100MB, with also the 5 different values. So there will be totally 25 different cases for 
each algorithm. In the above figures 2, 3 and 4, for each curve, the lower-level cache 
size is a fixed value, and the curves exhibit how the upper-level cache size affects the 
cache performance. 

   

Fig. 2. Performance (HR/BHR) of the Upper-level Cache with LRU. The one on the left shows 
the HR while the one the right shows the BHR(‘16M’ in the legend means the lower-level 
cache size is 16M and the curve shows how the performance of upper-level cache varies with 
upper-level cache size.) 

   

Fig. 3. Performance (HR/BHR) of the Upper-level Cache with LFU 

   

Fig. 4. Performance (HR/BHR) of the Upper-level Cache with SIZE 
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For the performance of the upper-level cache, we observe a very clear ‘filter-
effect’ from the lower-level caches. Let the size of the lower-level caches be X, if the 
size of the upper-level cache is equal to or less than X, the performance of the upper-
level cache would be very poor (the HR and BHR would be very low, nearly 0). Only 
after the size of the upper-level cache has exceeded the size of the lower-level caches, 
the upper-level cache shows a better performance. 

In the following, we identify some different characteristics among these three algo-
rithms: 
(1) Although all these three algorithms perform poorly at the upper-level cache, LFU 

is regarded as the one to have the best performance. Let the size of the lower-level 
caches be value X. For LRU and SIZE, if the size of the upper-level cache is equal 
to or less than X, the HR will be around the value of 0.1%. If the lower-level 
cache size is too large, the HR will be less than 0.01%. While for LFU, even if the 
size of the upper-level cache is equal to or less than X, the HR will be more than 
1%. Thus LFU is more resistible to the filter-effect of the lower-level cache and 
performs better in the caching hierarchy. 

(2) However, although LFU performs better when the upper-level cache size is less 
than lower-level cache, when the upper-level cache size has exceeded the lower-
level cache size, the performances of LRU and SIZE improve faster than that of 
LFU with the increase of the upper-level cache size. So when the upper-level 
cache size is very large, the performances of LRU and SIZE are better at the upper 
level. 

(3) Opposite to LFU, SIZE is regarded to have the worst performance in the cache 
hierarchy. This is because SIZE strongly depends on the size of the cache. As-
sume the size of the lower-level cache to be X. If the size of the upper-level cache 
is less than X, the value of HR and BHR of the upper-level cache is very low, but 
still above zero. However, if the size of the upper-level cache is equal to X, the 
values of HR and BHR drop to zero.  

 

 
Fig. 5. Unusual Pattern of the SIZE algorithm 

This unusual pattern is shown in Fig. 5, which is a magnified part of Fig. 4. In this 
figure, we could see that each curve would drop to zero again when the upper-level 
cache size becomes the same as lower-level cache size. And the unusual pattern of the 
SIZE algorithm shows that the working pattern of SIZE strongly depends on the size 
of the cache.  

Theoretically speaking, the replacement algorithms should check all the possible 
data items to see their probability to be accessed again in the near future. However, 
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for practical applications, it is just impossible to evaluate all the possible data items, 
and only the data items stored in the cache would be evaluated. In this way, the cache 
size, which determines how many data items are stored and evaluated for the re-
placement, would also be an important factor to determine the working pattern. So for 
the SIZE algorithm, when the upper-level and lower-level cache sizes are the same, 
the caches at two levels work in the same pattern. The lower-level caches simply filter 
out all the possible hits of the upper-level cache.  In this kind of situation, keeping the 
sizes at different levels different could also be helpful to the overall performance. 

4.3   Different Algorithms at Different Levels 

In the second part of the experiment, we use different algorithms at different levels. 
We try all the possible combinations of the three basic algorithms at different levels, 
hoping to identify the efficient working pattern of replacement algorithms in caching 
hierarchy.  

The cache sizes at the upper-level vary from 1MB to 100MB. But for the lower-
level cache, the size only changes between 16MB and 64MB. This is because the 
filter-effect of the lower-level cache with a size of 1MB, 4MB or 100MB will either 
be too weak or too strong for us to measure the performance of the upper-level cache. 
Besides, in real environment, we don’t expect the cache sizes of two different levels 
will be 100 times different. Then two different size values for the lower-level cache 
may be enough. The following figures show the performance of different algorithm 
combinations. 

From these figures, we can clearly see that the performance of the upper-level 
cache is much better with different algorithms at different levels. Even when the size 
of the upper-level cache is smaller than the lower-level cache, the upper-level cache 
still gains a fairly good value of HR and BHR. And the filter-effect is almost ‘gone’. 

However, for different algorithm combinations, the performance is quite different. 
Fig. 6 shows that, when LRU is used as the lower-level cache algorithm, both HR and 
BHR of SIZE are much higher than that of LFU at the upper level. Fig. 7 demon-
strates that, when LFU is used as the lower-level cache algorithm, the HR of SIZE is 
higher than that of LRU. For the BHR, when the upper-level cache size is small, the 
BHR of SIZE will be higher than or equal to LRU. But when the size becomes very 
large, the BHR values of LRU are higher. In Fig. 8, for which SIZE is used as the 
lower-level cache algorithm, the HR and BHR of LRU is much higher than LFU.   

   

Fig. 6. Performance (HR/BHR) of Upper-level Cache with LRU as the Lower-level Cache 
Algorithm (‘16M LFU’ in the legend means the lower-level cache size is 16M and the upper-
level cache is using LFU as the replacement algorithm.) 
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Fig. 7. Performance (HR/BHR) of the Upper-level Cache with LFU as the Lower-level Cache 
Algorithm 

   

Fig. 8. Performance (HR/BHR) of the Upper-level Cache with SIZE as the Lower-level Cache 
Algorithm 

In general, we observe that the performance of SIZE combining with either LRU or 
LFU is fairly better than that of LFU working with LRU. The combination of SIZE 
and LRU is even better than SIZE with LFU in terms of the performance.  

So far the performances of the upper-level cache and the lower-level caches are 
evaluated separately. We need a method to evaluate the performance of the caching 
hierarchy as a whole. Denote the total HR and BHR of the lower-level caches as Lhr  

and Lbhr , and the HR and BHR of the upper-level cache as Hhr  and Hbhr . We model 
the approximate evaluation of the whole hierarchy as ‘hr = hrL+(1- hrL)* hrH’ and 
‘bhr = bhrL+(1-bhrL)*bhrH’, where (1 )L Hhr hr− ∗ and (1 )L Hbhr bhr− ∗  are the per-
formances of the upper level. However, this is only an approximate indication of the 
performance, as the hits at the upper-level and the hits at the lower-level are still dif-
ferent in effects on time latency and traffic cost. 

Table 1. Performance of the Caching Hierarchy as a Whole (‘A-B’ in the table means that A is 
used as upper-level algorithm and B is used as lower-level algorithm). Upper-level cache size is 
16MB, and lower-level cache size is 64MB 

Algorithms LFU-LRU SIZE-LRU LRU-LFU SIZE-LFU LRU-SIZE LFU-SIZE 
HR 56.53% 63.42% 57.04% 64.20% 68.85% 68.65% 

BHR 37.77% 39.91% 38.11% 38.27% 38.91% 37.42% 
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The above table shows the gross performance of the caching hierarchy with differ-
ent algorithm combinations in a typical case (the results of other cases show the same 
comparison between different combinations). From the table, we could see that com-
bination of SIZE and LRU produces the highest performance. And we suggest that 
SIZE be used as the lower-level algorithm, because it is good at dealing with the 
small-sized files and it is better to let the lower-level cache handle the small files.  

5   Conclusions 

We have done a thorough investigation for the performance of replacement algo-
rithms in the caching hierarchy, using three most basic replacement algorithms (LRU, 
LFU and SIZE), which consider the three most basic factors (ATIME, NREF and 
SIZE) for cache replacement.  

 We first apply the same algorithms at both the upper and lower layer to see their 
performances in the caching hierarchy environment. And we observed that ‘filter-
effect’ has caused the poor performance of the upper-level cache. Different algo-
rithms demonstrated different characteristics in our simulations. The LFU algorithm 
performs the best in the hierarchy situation. But when the upper-level cache size be-
comes very large and the filter-effect of the lower-level cache is no longer an impor-
tant factor, the LRU and SIZE outperforms LFU. Another special characteristic we 
have found is about the SIZE algorithm. Its working pattern has a strong dependence 
on the size of the cache. If the cache sizes of the two levels are the same, the HR and 
BHR of the upper level will fall to zero.  

For the second part of our simulation, we have tested the performance of the com-
binations of different algorithms. We use different algorithms for caches at different 
levels. In this case, the ‘filter-effect’ problem can be almost solved. Even if the upper-
level cache size is smaller than the lower-level cache size, the upper level could still 
provide an acceptable performance. We also compare the performance of these differ-
ent combinations of algorithms. The conclusion is that combining SIZE with either 
LRU or LFU would produce better performance than combining LRU and LFU. And 
between the two, SIZE working with LRU will be better than SIZE with LFU. Based 
on extensive experiment results, we found that the combination of SIZE at the lower 
level and LRU at the upper level achieve the highest performance among all these 
combinations.  

The following issues can be further investigated: (1) how to evaluate the perform-
ance of a caching hierarchy as whole precisely, which we have mentioned in the ex-
periment part when we try to evaluate the gross performance of different algorithm 
combinations. (2) Pre-fetch scheme: We would like to see whether the technique of 
pre-fetch could be used in the caching hierarchy to improve the caching performance.  
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Abstract. Component model is a primary approach to deepen the functions of 
WebGIS. A component-based WebGIS system Geo-Union is introduced. Geo-
Union has a multi-level Client/Server architecture, including four layers: appli-
cation layer, component layer, service layer and storage layer, where service 
layer has different units to provide both client services and server services. Also, 
component partition and web mode of Geo-Union is discussed. After that, a 
spatial cache framework, including spatial database cache, network spatial 
cache and spatial data proxy server, is designed in Geo-Union to improve spa-
tial data access performance in different situations in network environment. 

1   Introduction 

Internet is changing the means of data access and release. WebGIS, which processes 
geographical spatial data in Internet, is developing rapidly, along with the movement 
of Internet and Web technique. Just because of the development and application, 
Internet should become the running platform of further GIS, and Web-based GIS 
applications are new urgent demands of most GIS users. 

Component affords a new software construction mode, which is more efficient, ag-
ile and powerful. Developers could combine and reuse binary modules that independ-
ently exploited by different individual or groups. Component is independent of lan-
guage and hardware, and can run on Web. Moreover, it provides much more flexibil-
ity for application development [1][2]. 

Right now, there are too many WebGIS products in market, mainly including: 
Internet Map Server (IMS) and MapObject from ESRI, the former is used to release 
map on Web, and the last is a component library for further development of GIS 
applications [3]; MapInfo ProServer and MapX from MapInfo, their capabilities are 
similar to ESRI’s IMS and MapObject [4]; MapGuide from Autodesk [5]; GeoMedia 
Web Map from Intergraph [6], GeoSurf from GeoStar [7] and so on. Those WebGIS 
products are different from their own design and implementation, but their basic 
thought is the same. For the implementation techniques, all of them adopt 
CGI/Serverlet technique, Plug-in technique, CORBA/DCOM technique, Java Applet 
technique and so on, or integrate several above techniques. For the implementation 
mode, there are two models. The first is thin client model. At server side, spatial data 



Component-Based WebGIS and Its Spatial Cache Framework      187 

is mainly in vector format and most functions are completed there; but at client side, 
results are displayed in image. In thin client model, each operation of users must 
interact with server, so there are too many conversations and data transmissions be-
tween client and server. The second is fat client model. Spatial data is transferred 
from server to client in vector format, and most functions are complete in client. In fat 
client model, computing capability in client is uncertain and there exist many network 
security leaks, so most WebGIS products only implement some basic functions, such 
as elementary map visualization and simple spatial query. 

Assigning functions in reason and improving performance are two key issues for 
making WebGIS more practicable. In fact, some WebGIS products, especially com-
ponent-based WebGIS products, have already achieved a high practicability. But for 
a market reason, their design and implementation technologies are not open. So at 
first, we analyze the modeling technique of component-based WebGIS, construct a 
practicable, multi-level WebGIS system Geo-Union, and explore its architecture, 
composition and functional partition of components. Also, a spatial cache framework 
used to improve performance in Geo-Union is given. 

2   Geo-Union: Architecture, Component Partition and Web Mode 

2.1   Architecture 

Component model is a primary approach to deepen the functions of WebGIS. Geo-
Union is divided into four layers: application layer, component layer, service layer 
and storage layer, where service layer has different units to provide both client ser-
vices and server services. Figure1 shows the architecture [8][9]. Hierarchical spatial 
component object model can distribute GIS functions in network reasonably 
and make the system reusable, as well as provide efficiency approach for 
further development and integration with other systems. 

 
Geo-Union

Application Layer

Geo-Union
Component Layer

Geo-Union
Service Layer

Geo-Union
Storage Layer

Geo-Union
Client

Geo-Union
Server

Network Cache

 

Fig. 1. Geo-Union Architecture 

(1)  Storage layer is responsible for storage and management of both spatial and non-
spatial data based on ORDB. The main problems solved at this layer are how to 
represent and store spatial data, and how to maintain relationships among spatial 
data. 
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(2)  Service layer is in charge of spatial data access and process, and includes two 
parts: Geo-Union client provides data access and process services to component 
layer, and Geo-Union server provides data access and process services to Geo-
Union client through interacting with storage layer. Geo-Union server can manage 
different spatial data resources, and also can reply to different spatial data re-
quests from different clients. Geo-Union server provides the services of data ac-
cess, spatial index, basic spatial query, transaction process, data share and so on. 
Geo-Union client provides different GIS tools and further development functions 
to component layer based on the services from Geo-Union server. Cache is an 
important unit of service layer, which is imported to reduce network load and im-
prove response speed of the system. Using Geo-Union client, we can develop a 
simulation server, which can reduce network load and improve response speed 
through its cache (see section 3). 

(3)  Component layer provides a rich set of services (components) to develop domain-
oriented GIS applications for further developers. Component layer provides inter-
face of GIS functions to users, but the implementation details are completed in 
service layer. Component layer exists as a component library, and servers as a 
bridge between users and service layer. Component layer provides function-
explicit and reusable interface components for users according to the functions of 
service layer. 

(4)  The work in application layer is to exploit application systems for different spe-
cial domains by assembling and integrating Geo-Union components. These 
application systems can be running both in desktop and network environment. 

2.2   Component Partition 

Component-based WebGIS makes it possible that application developers, data prom-
ulgators and spatial database engine vendors construct domain-oriented GIS applica-
tions together. Moreover, domain-oriented GIS components can be built conveniently 
according to specified models, and putted into component library at any time, thus 
used by other users. All of these will make the system possess high reusability. 

Most of functions are implemented in service layer. In order to get high efficiency 
of reusability and high flexibility of assembly, it is important to give a clear func-
tional partition and design a right architecture for service layer. 

Because the function of server side is just to provide spatial data access, so Geo-
Union server serves as an application, not as any components. Geo-Union server can 
manage different spatial data resources, and also can reply different spatial data re-
quests from different clients. 

But Geo-Union client supports to develop domain-oriented applications. In order 
to provide flexible developing mode, around map visualization objects, we designed 
another six types of objects: spatial data access objects, map edit objects, spatial 
analysis objects, mouse tool objects, utility objects and AppTool. Figure 2 shows the 
architecture of service layer, the roles of different objects and their relationships [8][9]. 

Spatial data access objects connect with Geo-Union server and access spatial 
data stored in spatial database. GxConnection is the core object of spatial data 
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access objects. Through GxConnection, we can perform spatial data manipulating 
operations such as opening, adding, deleting, updating and querying correspond-
ing data in spatial database. Also, a special series of objects are designed to pro-
vide spatial cache mechanism (see section 3). 

Map edit objects encapsulate mouse actions to edit spatial entity, such as inputting 
a point (GxInputPoint), a line (GxInputLine) and a polygon (GxInputPolygon). 

Spatial analysis objects provide spatial analysis functions such as overlay analysis 
(GxOverlay), buffer analysis (GxBuffer) and network analysis (GxNetwork). 

Mouse tool objects are similar to map edit objects. They also encapsulate and 
manage mouse actions to form some basic GIS operations, such as zooming in map 
(GxZoomIn), zooming out map (GxZoomOut), roaming in map (GxPalm) and pick-
ing entity from map (GxPick). 

Utility objects provide an object factory (GxFactory) and some data structure ob-
jects such as array (GxArry), set (GxSet) and enumeration (GxEnumeration). Utility 
objects are frequently used but may not be easily defined in some development envi-
ronments (such as Visual Basic and VBScript). For example, in VBScript, some pro-
grammable objects cannot be declared directly, but they can be easily generated by 
GxFactory. Also, Utility objects contain a GxError to provide an error mechanism. 

Map visualization objects are directly used to organize spatial data (layer and map) 
and display them. With map visualization objects, we can set a map to be displayed 
and the display attributes of the map, such as display scale and scope of the map. 
Meanwhile, map visualization objects can be combined with other objects to provide 
various additional visualization functions, for example, map zooming, map roaming, 
entity picking, spatial analysis result displaying, etc. Furthermore, there include some 
other functions such as dynamic layer displaying (GPS tracker) and map outputting. 
Map visualization objects contain a map visualization control (GxMapView) and 
three programmable objects: map object (GxMap), display layer object (GxMapLayer) 
and dynamic layer object (GxTrackingLayer) [8][9]. 

AppTool is an application-oriented component that integrates more GIS operations 
and user’s interfaces using above objects. For example, AppTool.Connect (), a 
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Fig. 2. Architecture and Functional Partition of Service Layer 
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method of AppTool, provides a dialog for user or further developer at client side to 
indicate remote host, spatial data source, login user name and password when con-
necting with Geo-Union server (As shown in figure 3). This method integrates 
GxConnection in data access objects. 

 
Connect with Geo-Union Server at Client Side

Connection Name

Host Name

Data Source Name

A Description of 
the Connection

User Name

Password

 

Fig. 3. An Example of AppTool – AppTool.connect() 

2.3   Web Mode 

Actually, Geo-Union component layer is a set of ActiveX controls and correlative 
programmable objects. ActiveX controls can be embedded into Web pages directly 
and programmable objects also can be used through ASP, by means of which Web 
browser and GIS combine with each other. Figure 4 shows the Web application mode. 

 

 

Fig. 4. Web Application of Geo-Union 

Users betake WebGIS applications through browser, and browser can attain geo-
graphical spatial services by direct mode or indirect mode. 

Direct mode means browser use Geo-Union components directly at client side. 
WebGIS applications are downloaded from Web server and execute at client side 
with the help of Geo-Union components. Required spatial data is transferred from 
Geo-Union server to client, and users’ requests are processed at client side. 

Indirect mode means users’ requests are submitted to Web server, and WebGIS 
applications are execute at Web server side with the help of Geo-Union components 
to process the requests. Required spatial data is transferred from Geo-Union server to 
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Web server. Finally, a dynamic Web page that reflects the result of the requests is 
returned to browser. 

In both modes, Geo-Union component layer is the indispensable pivot in whole 
system. 

3   Spatial Cache Framework 

Cache is an important technique for improving the performance of system. In Geo-
Union, there are two aspects affecting the efficiency of data access: one is the access 
to database, especially when storing spatial data in ORDB; the other is the transmis-
sion of spatial data in network. We take different spatial cache modes to solve these 
two problems in Geo-Union. 

3.1   Spatial Cache Framework 

Figure 5 shows the spatial cache framework in Geo-Union, which includes three 
typical cache modes: database cache, network cache and data proxy server. 

 

 

Fig. 5. Spatial Cache Framework 

(1) Cache for spatial database 
Geo-Union server is the bridge between Geo-Union client and ORDB, so cache for 
spatial database is established and maintained by Geo-Union server. Cache is stored 
in both local file and memory. Because Geo-Union server can manage different spa-
tial data resources, and also can reply different spatial data requests from different 
clients, so cache for spatial database is a global cache. 
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It is definite that retrieving a group spatial entities from ORDB, especially some 
neighboring entities in a layer, is much more inefficient than file-structure based GIS. 
Aiming to this difference, ORDB – memory file cache mechanism is adopted in Geo-
Union to speed up spatial entity access. Here memory file is opened in memory and 
can be random accessed like memory page. If memory in spatial database server is 
great enough, memory file cache mechanism is more effective than pure file system. 
 

(2) Network spatial cache 
The bandwidth of different users in network is different, but public users of Internet 
always have low bandwidth. So when people use WebGIS applications, it is a lethal 
delay when spatial data is transferred from Geo-Union server. In Geo-Union client, 
we adopt a two-level spatial cache mode to relief transmission bottleneck of spatial 
data in the network: 

The first network cache is used to help a single client access remote data: building 
a spatial cache in local place. This kind of cache is a partial cache, which is also a 
popular method in today’s Web browser. 

The second network cache is used to help many clients in a LAN access remote 
data: building a common spatial cache for a LAN (building a cache server). Once a 
local client in the LAN accessed some spatial data, other clients can reuse the spatial 
data in cache server. Cache server is still a partial cache. 

Cache server can realize massive spatial data cache by means of the shared re-
sources, which will speed up the hit rate of cache greatly, so as to improve efficiency 
of all local clients, and save resource of all local clients. Cache server solves the 
speed conflict between local disk data access and remote data access, and the speed 
conflict between the high-speed LAN and WAN with narrow bandwidth. 
 

(3) Spatial data proxy server 
Because the distribution of users in Internet is not well proportioned, so different 
Geo-Union servers are unbalanced. Some Geo-Union server and its communication 
may overload. Aiming to this problem, we design spatial data proxy server for those 
Geo-Union servers to improve performance. 

Spatial data proxy server is an initiative cache server. Overloaded Geo-Union 
server selects a suitable Geo-Union client and builds a spatial data proxy server there, 
cache all or part of spatial data in spatial database, and response a special group of 
users. 

In Geo-Union, spatial data proxy server serves as special server in Internet to pro-
vide spatial data access services for public users. The structure and implementation of 
spatial data proxy server is same as cache server, but they play a different role in 
Geo-Union. 

Cache server is private of a LAN, and clients in the LAN have to get an authoriza-
tion before accessing to cache server. Spatial data in cache server is changing with 
different requests of clients in the LAN. 

Spatial data proxy server is public to all clients. Spatial data proxy server may 
serve as a peer of Geo-Union server. Spatial data proxy server can be built anywhere 
in Internet if needed. If spatial data in a spatial database is unchanged for a long time, 
spatial data proxy server can cache all spatial data of that spatial database. 
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Building spatial data proxy servers properly in Internet will make Geo-Union ap-
plications more scalable and effective. 

3.2   Organization of Spatial Cache 

In Geo-Union, spatial cache is organized as three levels: layer, slot and entity. 
When creating a layer in spatial database, a GUID (Global Universal Identification) 

is generated to identify the layer, which is named as layerID. When reading a layer 
into cache, the system will allocate a separate space for the layer according to its 
layerID. Whether a layer is valid in cache is determined by the layerVersion of the 
layer both in cache and in spatial database. 

Entities in a layer are always separated into different slots according to a certain 
rule. When reading a layer into cache, we do not read the whole layer, but read some 
slots of the layer. Slot brings two benefits: almost all spatial queries do not need a 
whole layer but only a certain scope in the layer, so when the layer is massive, read-
ing relative slots can satisfy the requirement and will reduce network load greatly; 
less data will exhaust less computing resource and storage resource. The rules to 
organize slot are various. We can organize slots in a layer according to a correlativity 
of geographical location or a neighborhood geographical location. A correlativity of 
geographical location means we can put entities along a railway into a slot, and a 
neighborhood geographical location means we will put entities in a certain spatial 
scope into a slot. Every entity in a layer belongs to a slot. When entities in any slots 
changed, the slotVersion of the layer will change too. 

One update operation may modify only one or several entities in a layer, so 
layerVersion and slotVersion of the layer cannot reflect the latest modification of 
entities. We set a versionNumber for every entity, and when an entity changes, its 
versionNumber changes too. The entityVersion of a layer is the max versionNumber 
in the layer. When the versionNumber of a layer in cache is less than that in spatial 
database, some entities in cache is invalid and those entities that have larger version-
Number should be reloaded from spatial database into cache. 

3.3   Refresh and Pre-load Spatial Cache 

Refreshment of spatial cache can be done online or offline. Online refreshment means 
updating spatial data in cache at the same time as updating spatial entities in a layer in 
spatial database. Offline refreshment means updating invalid spatial data of a layer in 
cache if their versions are invalid when accessing to them. 

Information in spatial cache includes layerVersion, slotVersion, entityVersion and 
the corresponding relations between all entities and slots of a layer. When accessing 
to entities in a layer, we can determine whether spatial data in cache is valid or not 
through comparing version information in cache and spatial database. 

(1)  If layerVersion of a layer in cache is smaller than that in spatial database, it means 
that all entities of the layer are changed, and the whole layer should be refreshed 
in cache. Otherwise, 
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(2)  If slotVersion of a layer in cache is smaller than that in spatial database, it means 
that all slots of the layer are rearranged, and the corresponding relations between 
all entities and slots of the layer should be refreshed in cache. Otherwise, 

(3)  If entityVersion of a layer in cache is smaller than that in spatial database, it 
means that some entities of the layer are changed, and those entities should be re-
freshed in cache. 

(4)  If above three conditions are all equal to those in spatial database, it means spatial 
data of a layer in cache is same as that in spatial database, and no refreshment is 
required. 

When accessing to spatial data, if we can pre-load some spatial data into cache, it 
will make spatial cache more effective. But how to predict what kind of spatial data 
will be accessed to? 

There are two rules of accessing to memory: there is every probability of accessing 
to just being accessed memory, and there is every probability of accessing to neigh-
bors of just being accessed memory. There are same rules in accessing to spatial data: 
there is every probability of accessing to just being accessed spatial data, and there is 
every probability of accessing to neighbors of just being accessed spatial entities. 
According to those rules, we can arrange slots by spatial scope, and a slot is an ac-
cessing unit of spatial data. When the network is idle, we can pre-load some 
neighbors of spatial data in cache from spatial database. 

3.4   Spatial Cache Object 

In Geo-Union, different spatial caches are all implemented by the six spatial cache 
objects: CGuCacheMgr, CGuCache, CGuSlots, CGuSlot, CGuEntries and CGuOp-
List. Figure 6 illustrates the hierarchies of them. 

 

 

Fig. 6. Hierarchies of Spatial Cache Objects 

In every spatial cache, there is only one CGuCacheMgr object, which manages all 
CGuCache objects. A layer in cache is represented by a CGuCache object. When 
opening a layer, CGuCacheMgr object will create a CGuCache object or find an ex-
isting CGuCache object through its layerID. 

CGuEntries object is used to manage a mapping list between an entityID and entity 
data of a layer. From the mapping list, we can know the slotID where an entity be-
longs to (if slotID = 0, it means an entity is not existing; if slotID > 0, it means an 
entity is in cache; and if slotID < 0, it means an entity is not in cache), and the address 
pointer of the entity data if the entity is in cache. 
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CGuOpList object is used to record updating operation list of a layer at client side 
that still doesn’t be committed to spatial database. When the updating operation list is 
committed, it will also update the corresponding spatial data in cache. But when the 
updating operation list is cancelled, no change will happen in cache. 

4   Conclusion 

Geo-Union has finished a preliminary component-based model for distributed 
WebGIS, and has got into use in many fields with sound effects. Although spatial 
cache and other techniques are adopted in Geo-Union to improve its performance, a 
lot of works still wait us ahead to make Geo-Union more practicable and effective: 

(1)  Dynamic load balancing policy. In Geo-Union, most works are completed at cli-
ent side, and server is only responsible for data access and simple data query. 
Therefore it is not well balanced between client and server. Especially there will 
exists a lot of transmission for massive data between client and server. Although, 
spatial index and spatial cache techniques can improve the performance to a cer-
tain extent, we still want to take full advantage of the computing capability of GIS 
server, so as to lighten load at client side and decrease the transmission of redun-
dant data in network. This needs a more reasonable component design for the sys-
tem. 

(2)  System concurrency. WebGIS is open to millions of users. How to ensure the 
correctness, validity, stability and scalability of Geo-Union to satisfy users’ re-
quests is another key problem for practicable WebGIS. 

(3)  System intelligence. Agent technique is a development trend and provides a new 
model for in distributed software construction. Of course, agent technique will 
bring a new thought for distributed GIS [10]. How to apply agent technique into 
distributed GIS, and provide interoperable services, collaborative services and in-
telligent services with the help of spatial metadata, are most important and sig-
nificant researches in distributed GIS. 
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Abstract. A top-N selection query against a relation is to find the N tuples that 
satisfy the query condition the best but not necessarily completely. In this paper, 
we propose a new method for evaluating top-N selection queries against rela-
tional databases. This method employs a learning-based strategy. Initially, it 
finds and saves the optimal search spaces for a small number of random top-N 
queries. The learned knowledge is then used to evaluate new queries. Extensive 
experiments are carried out to measure the performance of this strategy and the 
results indicate that it is highly competitive with existing techniques for both 
low-dimensional and high-dimensional data. Furthermore, the knowledge base 
can be updated based on new user queries to reflect new query patterns so that 
frequently submitted queries can be processed most efficiently. 

1   Introduction 

As pointed out in a number of recent papers [1, 4–7, 9, 10, 15], it is of great impor-
tance to find the N tuples in a database table that best satisfy a given user query, for 
some integer N. This is especially true for searching commercial products on the Web. 
For example, for a Web site that sells used-cars, the problem becomes finding the N 
best matching cars based on a given car description.  

A top-N selection query against a relation/table is to find the N tuples that satisfy 
the query condition the best but not necessarily completely. A simple solution to this 
problem is to retrieve all tuples in the relation, compute their distances with the query 
condition using a distance function and output the N  tuples  that have the smallest 
distances. The main problem with this solution is its poor efficiency, especially when 
the number of tuples of the relation is large. Finding efficient strategies to evaluate 
top-N queries has been the primary focus of top-N query research.  

In this paper, we propose a new method for evaluating top-N selection queries 
against a relation. The main difference between this method and existing ones is that 
it employs a learning-based strategy. A knowledge base is built initially by finding 
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the optimal (i.e., the smallest possible) search spaces for a small number of random 
top-N selection queries and by saving some related information for each optimal 
solution. This knowledge base is then used to derive search spaces for new top-N 
selection queries. The initial knowledge base can be continuously updated while new 
top-N queries are evaluated. Clearly, if a query has been submitted before and its 
optimal solution is stored in the knowledge base, then this query can be most effi-
ciently processed. As a result, this method is most favorable for repeating queries. It 
is known that database queries usually follow a Zipfian distribution [2]. Therefore, 
being able to support frequently submitted queries well is important for the overall 
performance of the database system. What is attractive about this method, however, is 
that even in the absence of repeating queries, our method compares favorably to the 
best existing methods with comparable storage size for storing information needed 
for top-N query evaluation. In addition, this method is not sensitive to the dimension-
ality of the data and it works well for both low-dimensional and high-dimensional 
data. 

The rest of the paper is organized as follows. In Section 2, we briefly review some 
related works and compare our method with the existing ones. In Section 3, we intro-
duce some notations. In Section 4, we present our learning-based top-N query evalua-
tion strategy. In Section 5, we present the experimental results. Finally in Section 6, 
we conclude the paper. 

2   Related Work 

A large number of research works on the efficient evaluation of top-N selection que-
ries (or N nearest-neighbors queries) are reported recently [1, 4–7, 9, 10, 15]. Here 
we only review and compare with those that are most related to this paper. 

The authors of [10] use a probabilistic approach to query optimization for returning 
the top-N tuples for a given selection query. The ranking condition in [10] involves 
only a single attribute. In this paper, we deal with multi-attribute conditions. 

In [6], histogram-based approaches are used to map a top-N selection query into a 
traditional range selection query. In [1], the histogram-based strategies are extended 
to a new technique called Dynamic, expressed as dq(α) = dRq + α(dNRq - dRq). A 
significant weakness of histogram-based approaches is that their performance deterio-
rates quickly when the number of dimensions of the data exceeds 3 [1, 14]. There-
fore, histogram-based approaches are suitable for only low-dimensional data in prac-
tice. 

In [7], a sampling-based method is proposed to translate a top-N query into an ap-
proximate range query. Unlike histogram-based approaches, this method is suitable 
for high-dimensional data and is easy to implement in practice. However, this method 
only provides an approximate answer to a given top-N query, i.e., it does not guaran-
tee the retrieval of all of the top-N tuples. In addition, for large databases, this method 
may be inefficient. For example, for a relation with 1 million tuples and using a 5% 
sample set (as reported in [7]), 50,000 tuples need to be evaluated in order to find the 
approximate range query for a top-N query. 
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Our learning-based method is fundamentally different from all existing techniques. 
It can learn from either randomly generated training queries or real user queries so it 
can adapt to changes of query patterns. Furthermore, it delivers good performance for 
both low-dimensional and high-dimensional data. 

3   Problem Definition 

Let ℜ n  be a metric space with distance (or, metric) function d(.,.),  where ℜ is the 

real line. Suppose that R ⊆ ℜ n  is a relation (or dataset) with M tuples and n attributes 
(A1, …, An). A tuple  t ∈ R is denoted by t = (t1, …, tn). Consider a point (query) Q = 

(q1,…, qn)∈ ℜ n . A top-N selection query, or top-N query for short, is to find a sorted 

set of N tuples in R that are closest to Q according to the given distance function. The 
results of a top-N query are called top-N tuples.  

Suppose Q = (q1,…, qn) is a top-N query and r > 0 is a real number. We use S(Q, r) 

to denote the n-square ],[
1∏ =

+−n

i ii rqrq  centered at Q with side length 2r. Our 

goal is to find a search distance r as small as possible such that S(Q, r) contains the 
top-N tuples of Q according to the given distance function. We use S(Q, r, N) to de-
note this smallest possible n-square and the corresponding r is called the optimal 
search distance for the top-N query Q. Some example distance functions are [1, 7, 15]: 

Summation distance (i.e., L 1 -norm or Manhattan distance): 

d 1 (x, y) = ∑ =
−n

i ii yx
1

|| .  

Euclidean distance (i.e., L 2 -norm distance): d 2 (x, y) = ∑ =
−n

i ii yx
1

2)( . 

Maximum distance (i.e., L ∞ -norm distance): d ∞ (x, y) = |}{|max
1 iini

yx −
≤≤

. 

Frequently, it is not suitable to apply a distance function to the values of different 
attributes directly due to the unit/scaling difference of the values in different attrib-
utes. For example, when buying a used car, a 100-dollar difference in price is proba-
bly more significant than a 100-mile difference in mileage. This can be resolved by 
multiplying appropriate importance/scaling factors to the raw distances based on the 
values of different attributes [9, 15]. Without loss of generality, in this paper, we 
assume that all attributes are of the same importance for ranking tuples so that the 
distance functions can be applied directly. 

4   Learning-Based Top-N Query Evaluation 

In this section, we introduce our learning-based method for top-N query evaluation. 
First, keep track of frequently submitted queries and save the evaluation strategies for 
these queries in a knowledge base. Next, for each newly submitted query, if its 
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evaluation strategy has been saved or it is similar to some queries whose evaluation 
strategies have been saved, then derive an evaluation strategy for the new query from 
the saved relevant strategy/strategies. In this paper, we study issues related to this 
method.  

4.1   Query Information to Save 

Initially, the knowledge base is empty. When a new query arrives at the system, an 
existing method such as the one proposed in [1] or in [7] is employed to evaluate the 
query. Let Q = (q1, …, qn) be the query and ti = (ti1, …, tin), 1 ≤ i ≤ N, be the top-N 

tuples, respectively, then the search distance of the smallest n-square is r = 

Ni≤≤1
max {d ∞ (Q, it )} = |}}{|max{max

11 ijjnjNi
tq −

≤≤≤≤
. When the smallest n-square is ob-

tained, several pieces of information are collected and saved. For a top-N query Q, let 
r be the search distance of S(Q, r, N) – the smallest n-square that contains the top-N 
tuples of Q, f denote the frequency of S(Q, r, N), i.e., the number of tuples in S(Q, r, 
N) (obviously N ≤  f ), c denote the number of times that Q has been submitted, and d 
denote the most recent time when Q was submitted. The information that we will 
keep for each saved query Q is represented as ζ(Q) = (Q, N, r, f, c, d) and it is called 
the profile of the query. 

After the system has been used for sometime, a number of query profiles are cre-

ated and saved in the knowledge base. Let P = {ζ 1 , ζ 2 , …, ζ m } denote the set of  all 

query profiles, i.e., the knowledge base,  maintained by the system. Queries in P will 
be called profile queries. Generally, profiles should be kept only for queries that are 
frequently submitted recently as reflected by the values of c and d in each profile. 

In our implementation, the initial knowledge base is not built based on real user 
queries. Instead, it is based on randomly selected queries from a possible query space 
(see Section 5 for more details). 

4.2   New Query Evaluation 

When a newly submitted top-N query Q is received by the system, we need to find an 
appropriate search distance r for it. In a system that does not store query profiles, this 
query will be processed just like any new query and the methods discussed in [1, 7] 
may be used to find r. When query profiles are stored, it becomes possible to obtain 
the r for some new user queries from these profiles. 

4.2.1   Determining the Search Distance r 
The details of obtaining the search distance r for a new query are described below. 

First we identify Q′ = ( nqqq ′′′ ,...,, 21 ) from P that is the closest to Q under the dis-

tance function d(.,.). The following cases exist. 

1.  d(Q, Q′ ) = 0, i.e., Q′  = Q . In this case, find all profiles in P whose query point is 
Q′, but have different result size N, say, N1< N2 < …< Nk. An example of a 2-

dimension case is depicted in Figure 1, where squares of solid-lines represent the 
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search spaces of profile queries (i.e., those in P) and the square of dotted-lines 
represents the search space of the new query Q. We now consider three subcases. 
a.  There is N′ ∈ {N1, N2, …, Nk} such that N = N′. That is, there is a top-N query 

in P that is identical to the new query in both the query point and result size. In 
this case, let r := r′, where r′ is from the profile ζ′  = (Q′, N′, r′, f′, c′, d′ ).  

b.There is no N′ ∈ {N1, N2, …, Nk} such that N = N′  but there is N′ ∈ {N1, N2, …, 

Nk} such that N′  > N and it is the closest to N among N1, N2, …, Nk (Figure 1). 

In this case, let r := r′  to guarantee the retrieval of all the top-N tuples for Q.  
c. Nk < N. In this case, we assume that the search space for Q has the same local 

distribution density as that for Q′. Based on this assumption, we have N/(2r)n = 
Nk/(2rk)

n. As a result, we let r := ( n
kNN )rk. If not enough top-N tuples are 

retrieved, a larger r will be used (see Section 4.2.2). 

 

  Fig. 1. Q = Q′.  Fig. 2. Q ∈ S(Q′, r′, N’ ).  Fig. 3. Q ∉ S(Q′, r′, N’ ). 

2. d(Q, Q′ ) ≠  0, i.e., Q′ ≠ Q. We consider two subcases. 
a. Q is in the search space S(Q′, r′, N′ ) of Q′ . Find out all query points in P 

whose search spaces contain Q. Let these query points be (Q1, …, Qk) (see Fig-

ure 2). To estimate the search distance r for Q, we first use a weighted average 
of the local distribution densities of the search spaces for Q1, …, Qk to estimate 

the local density of search space for Q. The weight wi for the search space cor-

responding to Qi is computed based on its size and the distance between Qi and 

Q. Weight wi is an increasing function of the size of the search space and a de-

creasing function of the distance. In this paper, wi is computed by the following 

formula: 
wi = v(S(Qi, ri, Ni)) * 1/(d(Q, Qi))

α 

where α is a parameter and α = 3n/4 is a good value based on our experiments. 
Let ρi = fi /(2 ri)

n be the local density of the search space for Qi. Then the local 

density of the search space for Q is estimated by:  

ρ = (∑ k
i 1= wi ρ i ) / (∑

k
i 1= wi). 

Based on the above ρ, we estimate the search distance r to be ( n N ρ/2 )/2. 

Note that to increase the possibility that all of the top-N tuples for Q are re-
trieved, we replaced N by 2N in the estimation for r (i.e., aim to retrieve 2N tu-
ples). 
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b. Q is not in the search space S(Q′, r′, N′ ) of Q′ (see Figure 3). Let h := d(Q, Q′ ) 
be the distance between Q and Q′. Construct an n-square S(Q, h) and let 
(Q1, …, Qk) be all the query points in P whose search spaces intersect with S(Q, 

h). Obviously, k ≥ 1 as Q′ is in this query set. Now the same technique used 
above in step 2.a is used to estimate the search distance r for Q. 

The search distance r obtained above (2.a and 2.b) may sometimes be either too 
small or too large. To remedy this, the following adjustments to r are implemented. 
The following two cases are considered.  

(1) N = N′ .  
(i) If r < r′ or r < d(Q, Q′ ), then r may be too small. We use the following for-

mula to adjust r:  
r =max(r_Median, r_Mean, r)/2 + (r′ +d(Q, Q′ ))/2 

where r_Median = ( n medianNN /2 ) medianr , medianr is the search distance of 

the search space whose density is the median among all search spaces in P, 

and medianN is the N value of the corresponding profile; r_Mean = 

( n
meanN ρ/2 )/2 and meanρ is the average of all the densities of the search 

spaces in P.  

(ii) If r > r′ + d(Q, Q′ ), then r is too large as r = r′ + d ∞ (Q, Q′ ) can already 

guarantee the retrieval of all the top-N tuples of Q. In this case, we simply 
lower r to r′ + d(Q, Q′ ). 

(2) N ≠N′ . This is handled in a similar manner as in case (1) except that a constant 
factor λ = n NN ′/  is utilized to take into consideration the difference between 

N and N′. 
(i) If r < λ r′ or r < d(Q, Q′ ), then r := max(r_Median, r_Mean, r)/2 + (λr′ + d(Q, 

Q′ ))/2.  

(ii) If r > λ r′ + d(Q, Q� ), then r := λ r′ + d(Q, Q′ ).  

4.2.2   Query Mapping Strategies 
For a given top-N query Q = (q1,…, qn), to retrieve all tuples in S(Q, r), one strategy 

is to map each top-N query to a simple selection range query of the following format 
[1]: 

SELECT * FROM R  WHERE (q1 – r ≤  A1 ≤  q1 + r) 

AND …  AND  (qn – r ≤  An ≤  qn + r) 

If the query returns ≥ N results, sort them in non-descending distance values and 
output the top N tuples. A potential problem that needs to be handled is that the esti-
mated search distance r is not large enough. In this case, the value of r needs to be 
increased to guarantee that there are at least N tuples in S(Q, r). One solution to this 
problem is provided below. Choose N query points in P, which are closest to the top-
N query Q, and sort them in ascending order of their distances with Q with respect to 
the used distance function d(.,.). Let the order be Q1, …, QN and their corresponding 
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profiles be ζ 1 , ζ 2 , …, ζ N . There exists a number h, 1 < h ≤ N, such that N1 + … + 

Nh ≥ N. During the computation of the sum, if S(Qi, ri, Ni) ∩ S(Qj, rj, Nj) φ≠ , then 

Ni + Nj in the above sum was replaced by max{Ni, Nj} to ensure that the search 

spaces of the first h queries in (Q1, …, QN) contain at least N unique tuples. Let r := 

hi≤≤1
max {d(Q, Qi) + ri}.Thus, by using this r as the search distance for Q to generate the 

restart query, the restart query will guarantee the retrieval of all the top-N tuples for Q.  
If there is a histogram over the relation R, by using dNRq in [1], the search dis-

tance r for the restart query can be obtained as follows. If the sum of all N’s in P is 
less than N, then set r to be dNRq. Otherwise, find the number h as mentioned above 

and let r := min{
hi≤≤1

max {d(Q, Qi) + ri}, dNRq}. 

5   Experimental Results 

5.1   Data Sets and Preparations 

All of our experiments are carried out using Microsoft's SQL Server 7.0 on a PC. To 
facilitate comparison, the same datasets and parameters used in [1] and [7] are used in 
this paper. These datasets include data of both low dimensionality (2, 3, and 4 dimen-
sions) and high dimensionality (25, 50, and 104 dimensions). For low-dimensional 
datasets, both synthetic and real datasets used in [1] are used. The real datasets in-
clude Census2D and Census3D (both with 210,138 tuples), and Cover4D (581,010 
tuples). The synthetic datasets are Gauss3D (500,000 tuples) and Array3D (507,701 
tuples). In the names of all datasets, suffix KD indicates that the dataset has K dimen-
sions. For high-dimensional datasets, real datasets derived from LSI are used in our 
experiments. They have 20,000 tuples and the same 25, 50 and 104 attributes as used 
in [7] are used to create datasets of 25, 50 and 104 dimensions, respectively. Each 
experiment uses 100 test queries (called a workload). The workloads follow two dis-
tinct query distributions, which are considered representatives of user behaviors [1]: 

Biased: Each query is a random existing point in the dataset used. 
Uniform: The queries are random points uniformly distributed in the dataset used. 

The uniform workloads are only used for low-dimensional datasets to compare the 
results with those of [1]. For convenience, we report results based on a default setting. 
This default setting uses a 100-query Biased workload, N = 100 (i.e., retrieve top 100 
tuples for each query) and max is the distance function. When a different setting is 
used, it will be explicitly mentioned. 

The most basic way of processing a top-N query is the sequential scan method 
[4,5]. In this paper, we compare the following four top-N query evaluation tech-
niques: 

Optimum technique [1]. As a baseline, we consider the ideal technique that uses 
the smallest search space containing the actual top-N tuples for a given query. The 
smallest search space is obtained using the sequential scan technique in advance. 
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Histogram-based techniques [1]. We only cite the results produced by the dynamic 
(Dyn) mapping strategy described in [1] for comparison purpose. Dyn is the best 
among all histogram-based techniques studied in [1]. 

Sampling-based technique [7]. In this paper, we only cite the experimental results 
produced by the parametic (Para) strategy described in [7]. The Para strategy is the 
best of all sampling-based strategies discussed in [7]. 

Learning-based (LB) technique. This is our method described in Sections 4. For a 
given dataset D, the knowledge-base (or profile set) P is constructed as follows. First, 
a set of random tuples from D is selected. The size of the random tuple set is decided 
such that the size of P does not exceed the size of the histogram or the size of the 
sampling set when the corresponding method is being compared. For each query 
point chosen for P, the sequential scan technique is used to obtain its profile during 
the knowledge-base construction phase. For easy comparison, we use the following 
performance metrics used in [1] in this paper. 

Percentage of restarts. This is the percentage of the queries in the workload for 
which the associated selection range query failed to retrieve the N best tuples, hence 
leading to the need of a restart query. When presenting experimental results, 
Method(x%) is used to indicate that when evaluation strategy Method is used, the 
percentage of restart queries is x%. For example, LB(3%) means that there are 3% 
restart queries when the learning-based method is used. 

Percentage of tuples retrieved. This is the average percentage of tuples retrieved 
from the respective datasets for all queries in the workload. When at least N tuples are 
retrieved, lower percentage of tuples retrieved is an indication of better efficiency. 
We report SOQ� (Successful Original Query) percentages and IOQ� (Insufficient 
Original Query) percentages. The former is the percentage of the tuples retrieved by 
the initial selection range query and the latter is the percentage of the tuples retrieved 
by a restart query when the initial query failed to retrieve enough tuples. 

5.2   Performance Comparison 

5.2.1   Comparison with Dyn 
The experimental results that compared Dyn and Para were reported for low-
dimensional datasets and for both Biased and Uniform workloads in [1] and the dif-
ferences between the two methods are very small. Therefore, it is sufficient to com-
pare LB with one of these two methods for low-dimensional datasets. 

Figure 4 compares the performance of LB and that of Dyn for different datasets 
and for both Biased and Uniform workloads. From Figure 4(a), it can be seen that 
when Biased workloads are used, for datasets Gauss3D and Census3D, LB outper-
forms Dyn significantly; for Array3D, Census2D and Cover4D, LB and Dyn have 
similar performance. For Uniform workloads (Figure 4(b)), LB is significantly better 
than Dyn for 4 datasets and is slightly better for 1 dataset. However, LB has much 
higher restart percentages for Gauss3D and Cover4D (95% and 31%, respectively).  
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(a) Eucl-distance, 25, 50, 104 dimensions            (b) Lsi50D, Sum, Eucl and Max 

Fig. 5. Comparison of LB and Para. 

5.2.2   Comparison with Para for High-Dimensional Datasets 
Note that the Para method does not aim to guarantee the retrieval of all top-N tuples. 
In [7], results for top-20 (i.e., N=20) queries when retrieving 90% (denoted Para/90) 
and 95% (denoted Para/95) were reported. In contrast, LB guarantees the retrieval of 
all top-N tuples for each query. Figure 5 compares the performances of LB and Para 
for top-20 queries [7]. When Euclidean distance function is used, LB slightly under-
performs Para/95 for 25- and 50-dimensional data but significantly outperforms 
Para/95 for 104-dimensional data. Figure 5(b) shows the results using different dis-
tance functions for 50-dimensional data. For the most expensive sum function, LB is 
significantly better than Para/95; for Euclidean distance function, Para/95 is slightly 
better than LB, and for the max function, Para/95 is significantly better than LB. 

5.3   Additional Experimental Results for LB 

We carried out a number of additional experiments to gain more insights regarding 
the behavior of the LB method. In this section, we report the results of these experi-
ments. 

 
(a) Biased Workloads                  (b) Uniform Workloads 

Fig. 4. Comparison of LB and Dyn. 
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Effect of Different Result Size N. Based on dataset Census2D, we construct 4 dif-
ferent knowledge bases using top-50, top-100, top-250 and top-1000 queries, respec-
tively. For each knowledge base, the number of queries used is the same (1,459 que-
ries). These knowledge bases are then used to evaluate a test workload of 100 top-100 
queries. Our results indicate that using the knowledge bases of top-50 and top-100 
queries yields almost the same performance. The best and the worst performances are 
obtained when the knowledge base of top-250 queries and that of top-1000 queries 
are used, respectively. 
 
Effect of Different Values of N. In the second set of experiments, we use some top-
100 queries to build a knowledge base for each of the 5 low-dimensional datasets.  
178, 218 and 250 queries are used to build the knowledge base for 2-, 3- and 4-
dimensional datasets, respectively. Each knowledge base is then used to evaluate a 
workload of top-50, top-100, top-250 and top-1000 queries. Overall, the results are 
quite good except when top-1000 queries are evaluated. But even for top-1000 que-
ries, on the average, no more than 2% of the tuples are retrieved in the worst-case 
scenario. For this experiment, our results indicate that the LB method performs over-
all much better than the Dyn method. For example, in only two cases, more than 1% 
of the tuples are retrieved by LB, but in Figure 22(b) in [1], there are 10 cases where 
more than 1% of the tuples are retrieved. 
 
Effect of Different Distance Functions. The effectiveness of the LB method may 
change depending on the distance function used. Our experimental results using vari-
ous low-dimensional datasets indicate that the LB method produces similar perform-
ance for the three widely used distance functions (i.e., max, Euclidean and sum). By 
comparing our results with Figure 21(b) in [1], we find that the LB method signifi-
cantly outperforms the Dyn method for datasets Gauss3D, Census3D and Cover4D; 
for the other two datasets, namely Array3D and Census2D, the two methods have 
similar performance.  

6   Conclusions 

In this paper, we proposed a learning-based strategy to translate top-N selection que-
ries into traditional selection queries. This technique is robust in several important 
aspects. First, it can cope with a variety of distance functions. Second, it does not 
suffer the much feared “dimensionality curse” as it remains effective for high-
dimensional data. Third, it can automatically adapt to user query patterns so that fre-
quently submitted queries can be processed most efficiently. We carried out extensive 
experiments using a variety of datasets of different dimensions (from 2 to 104). These 
results demonstrated that the learning-based method compares favorably with the 
current best processing techniques for top-N selection queries. 
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Abstract. Efficient full-text searching is a big challenge in Peer-to-Peer (P2P) 
system. Recently, Distributed Hash Table (DHT) becomes one of the reliable 
communication schemes for P2P. Some research efforts perform keyword 
searching and result intersection on DHT substrate. Two or more search re-
quests must be issued for multi-keyword query. This article proposes a Sliding 
Window improved Multi-keyword Searching method (SWMS) to index and 
search full-text for short queries on DHT. The main assumptions behind SWMS 
are: (1) query overhead to do standard inverted list intersection is prohibitive in 
a distributed P2P system; (2) most of the documents relevant to a multi-
keyword query have those keywords appearing near each other. The experimen-
tal results demonstrate that our method guarantees the search quality while re-
duce the cost of communication. 

1   Introduction 

Peer-to-peer (P2P) system becomes popular in recent years. In such system, DHT [5, 
16, 19, 24] efficiently performs object location and application routing in a poten-
tially very large overlay network. Normally, the object to be placed or located has an 
ID. Meanwhile the node where the object is placed also has an ID taken from the 
same space as the object’s key. When a node receives a query for a key for which it is 
not responsible, the node routes the query to the neighbor node that makes the most 
“progress” towards resolving the query. Each node maintains a routing table consist-
ing of a small subset of nodes in the system and ensure a relative short route path.  

One main problem for P2P is how to retrieve global information on the distributed 
infrastructure. Napster [15] and Gnutella [26] provide good strategies for title-based 
file retrieval. However, indexing full-text in such environment hasn’t been solved 
well enough. Some researches [3, 17, 25] performed keyword searching on DHT 
substrate. All of them adopted storing (term, index) pairs for each term appearing in 
each document on corresponding node. Such indexing method is a kind of global 
index defined in [2]. Using global index, multi-keyword searching will generate sev-
eral requests and intersect the result sets. Ribeiro-Neto [4] showed that only in a 
tightly coupled network which has high bandwidth connection, such index will work 
well. However, such connection is always unavailable in today’s P2P network. 
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To reduce the communication costs, one alternative is indexing the combination of 
any two or more terms in a document [10]. After that, multi-keyword searching needs 
to access only one node. Normally such method is unfeasible because of the huge 
amount of term combinations. Here we make a tradeoff between communication and 
index costs and show that the performance is acceptable. Li [13] mentioned that one 
important ranking factor is how close the keywords occur to each other. Proximity 
search [9] is used in information retrieval to locate documents that have words occur-
ring “near” each other. Moreover, users are very likely to submit smaller queries with 
2 or 3 keywords [17, 21]. Based on the proximity assumption and users’ behaviors, 
we use sliding window to handle 2-keyword or 3-keyword searching. By searching 
combination index instead of several individual index, we achieve a good approxima-
tion result for short queries with lower communication costs.  

The rest of the paper is organized as follows. Some related work are discussed in 
Section 2. Section 3 introduces some definitions and three search mechanisms. Sec-
tion 4 describes how to efficiently build bi/tri-term index based on proximity ap-
proximation and vocabulary reduction. The experimental results of our method are 
presented in Section 5. Finally, Section 6 gives the conclusion and the directions of 
future work. 

2   Related Work 

Some researches [3, 17, 25] aim to perform keyword searching on the DHT-enabled 
substrate. Tang [25] built a scalable P2P IR system that has efficiency of DHT sys-
tems and accuracy of state-of-the art IR algorithm upon a hierarchical version of 
CAN. Reynolds [17] focused on minimizing network traffic for multi-keyword que-
ries. One technique is Bloom filter [11], a hash-based data structure that summarizes 
membership in a set. Bhattacharjee [3] proposed another technique to improve effi-
ciency: result caching. This orthogonal and complementary technique avoids dupli-
cating work and data movement. Different with these methods, SWMS reduces com-
munication cost using combined index. It requires more storage and computing time. 
With appropriate pruning, such overhead can be reduced to an acceptable level.  

Gnawali [10] proposed using window to build index for “term set”. The idea is 
similar to SWMS, but it doesn’t explore how window-based method will affect the 
retrieval result. Clarke [7] and Rasolofo [28] both used proximity assumption to im-
prove retrieval performance. We make similar assumption, but the goal is different: 
we try to limit the size of huge combined index. Document Frequency and Mutual 
Information method are used by [27] to filter out non-important features in text clas-
sification. SWMS borrows the ideas and make the index more compact. 

Tang [25] and Reynolds [17] proposed to rank documents in the intersection of re-
sult set. But intersection of single keyword results may be not good for ranking multi-
keyword result. Moreover, compression techniques such as Bloom filters [11] com-
plicate problem of ranking results and some trade-offs have been determined [17]. 
SWMS differs in that it considers several keywords simultaneously and ranks the 
result using their positions and frequencies in a document. 
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3   Multi-keyword Search Mechanism 

Before introducing search mechanism, we first define bi-term and tri-term. We ana-
lyze the relevance of words by counting their co-occurrences in a span of text.  

1 2 1 2

1 2 3 1 2 3

( , )
( , , )

s

s s

Bi t t t t
Tri t t t t t t

≡ ∧
 ≡ ∧ ∧

 . (1) 

where t1, t2 and t3 are three terms. ∧ s means two terms occur in the same span of text. 

Here we don’t consider the sequence of the terms. Tri(t1, t2, t3) and Bi(t1, t2) are tri-

term and bi-term respectively. In the rest of this paper, they are both called combined 
term and the index of them are called combined index. 

3.1   Search Mechanism 

In this section we’ll introduce our search mechanism for multi-keyword. As Figure 1 
shows, owner node has the documents the search nodes want to retrieve. And the 
view node stores the combined index and rank documents. We use DHT scheme [5, 
16, 19, 24] to publish and retrieve such information. By doing this, our approach can 
perform searching in two steps. First, with the keywords submitted by a user, search 
node generates a view and directly forward request to corresponding view node using 
DHT scheme. Second, with the published index from different owners, view node 
chooses some highly ranked results and return them to search node. 

To compare our work with others, we introduce three search mechanisms as Figure 
2 shows. Mechanism 1 is used by SWMS to perform search with combined index. To 
intersection method, two choices exist. “Load first” means the results are intersected 
as soon as possible to reduce the load of whole network.  We defined it as mechanism 
2. “Time first” means results are returned to users as soon as possible, which is de-
fined as mechanism 3. Figure 2 shows how they work for three-keyword query. Ob-
viously, mechanism 1 reduces communication cost and query latency.  

 

 

Fig. 1. Basic search mechanism. Each node can have three roles during the search. 
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Fig. 2. Three mechanisms for multi-keyword searching. Mechanism 1 search more efficiently. 

4   Efficient Pre-computation 

If we want to leverage the location and routing capacities of DHT substrate using 
search mechanism 1, we must index the combination of several terms. However, 
computing the occurrences of combined terms is highly expensive. For a 300-word 
document, the combined terms will exceed 4 million! Thus we borrow the ideas from 
proximity search [9] and define the boundary for the term to be indexed. The span 
between two boundaries is defined as a window. When window slides over the whole 
document, only the terms within the same window will be combined. Based on such 
sliding window, we revise the document ranking by assume that: 

• The closer a group of term occurrences in a window, the more likely that the corre-
sponding window is relevant 

• The more relevant windows contained in a document, the more likely that the 
document is relevant 

The first assumption means that we should give more weight to the more “near” co-
occurrence. The second one means that the more co-occurrences, the higher rank the 
document has. The ranking functions for combined term are listed as follows: 
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here |SW| is length of sliding window, o, p and q are the positions of term t1, t2 and t3 

in document. N is number of co-occurrences of a bi-term/tri-term in a document. 
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4.1   Indexing Pruning 

Sliding window ensures the co-occurred terms near to each and largely reduces the 
indexing size. Nevertheless, the indexing amount is still too large to store and re-
trieve. On one of our test set TIME [22], a 5-term window (i.e. the length of the win-
dow is 5) will generate indexing items over 950,000, while single terms are no more 
than 24,000. We use two methods introduced in [27] to filter out unimportant items 
for query.  

The first one is Document Frequency Thresholding (DF). Document frequency is 
the number of documents in which a term occurs. This is the simplest technique for 
vocabulary reduction. It’s easily scales to very large corpora with a computational 
complexity approximately linear in the number of documents. Notice that much of the 
bi-term or tri-term indexing items occur in only one document, we think such co-
occurrences are occasional and can be ignored. 

The second method is Mutual Information (MI). DF is typically not used for ag-
gressive term removal because of a widely received assumption in information re-
trieval. That is low-DF terms are assumed to be relatively informative and therefore 
should not be removed aggressively. MI is a criterion commonly used in statistical 
language modeling of word associations [12]. Consider A is the number of times a 
term t1 and t2 co-occur, B is the number of times t1 occurs without t2, C is the num-
ber of times t2 occurs without t1, and N is the total number of documents, then the MI 
between t1 and t2 is defined to be 

1 2
1 2

1 2

( )( , ) log
( ) ( )
Pr t tI t t

Pr t Pr t
∧=

×
   . 
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and is estimated using 
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+ × +

   . 
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MI will enable rare terms have a higher score than common terms. Using both DF 
and MI methods, we try to reduce nonsense indexing items while reserve rare but 
informative items. 

In this section, we describe how to largely reduce the indexing cost for combina-
tion operation. Next, we’ll show the performance of this tradeoff is acceptable on 
SMART IR test sets [6, 22]. 

5   Experiment 

SWMS makes a tradeoff between communication and indexing cost. Besides, the 
retrieval performance will be considered. The experiment is divided into three main 
parts: search performance, indexing overhead and retrieval quality. To establish a 
simulated network, we first use Brite [1] to create a network topology, on which DHT 
substrate is built using Pastry [18]. Next, we randomly select about 200 files from a 
collection [22] for each node. Finally, SWMS is implemented in following steps:  
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• For each document, sliding window is used to count the occurrences of combined 
term as well as single term. The sequence of terms constituting a combined term is 
ignored. We sort and append them one by one using “_” to ensure a unique repre-
sentation. Pruning is used to get a more compact indexing. 

• Each node hashes both the combined term and single term use secure hash [8]. 
Then publish the index to corresponding nodes using DHT scheme.  

• The view node ranks documents by the indexing received from other nodes, which 
search node uses to locate view node. 

5.1   Query Latency and Network Load 

To get more practical result, we use the data from [23]. In that experiment, authors 
measure latency to a total of 339,502 Gnutella [26] peers, upstream bandwidths from 
16,252 peers and downstream from 223,552 peers. According to the measured data, 
we assign the latency and bandwidth between each two peers. Every request is firstly 
routed by Pastry substrate. Then the request is routed in topology and the involved 
links are marked with some band consumption and latency. The file transferring from 
owner node to search node is ignored because it’s same for SWMS and intersection 
method. We create 100,000 three-keyword searching requests using the queries in 
[22] to get latency measurement on the left of Figure 3. To network load, we perform 
1000 queries in overlay size of 1024 nodes and get the right of Figure 3.  

Fig. 3. Left is latency for different mechanisms. Latency of SWMS increases more slowly with 
the size of overlay. Right is network load. We make some assumptions about the bandwidth 
consumption. Reality is more complex, but this is out of the scope of the paper. What we want 
to show is the intersection method does consume more bandwidth. 

5.2   Indexing Overhead 

After observing the performance of search mechanisms, let’s have a close look at 
indexing overhead. We use six collections: TIME, MED, NPL, ADI, CACM and 
CRAN [22]. We first filter out stop word, then stem the rest using Porter Stemming 
algorithm [14]. Some characteristics of the test sets are listed: 
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Table 1. The test collections. “Single indexing term” means the non-combined term. 

Test Set Doc Queries 
Single Indexing 
Terms 

Average 
Terms/Query 

Average 
Words/Doc 

TIME 425 83 24,000 9.05 234.66 
MED 1033 30 14,585 10.27 61.08 
NPL 11429 93 26,815 10.86 19.74 
ADI 82 35 970 14.26 28.49 
CACM 3212 64 10,002 22.28 24.60 

 
We use a PC with 667MHZ CPU and 256M memory to build inverted index.  

Windows lengths of 5, 25 and 45 words are tried on each collection. Moreover, we 
want to know whether the co-occurrence of the words within one sentence is impor-
tant. Sentence windows don’t overlap each other. The indexing is pruned using 
Document Frequency mentioned in Section 4. Mutual Information is not used here 
and we’ll discuss it later. DF threshold is set to 2, i.e. any index whose document 
frequency less than 2 will be pruned. Here we take TIME collection for example. 
Table 2 lists some statistics. We notice that the pre-computation does boost the index 
size even if sliding window is used. But the DF-based pruning cuts most of the com-
bined items. The overhead of index storage and publish can be restricted to an accept-
able level. Next, we’ll explore whether pruning degrade retrieval performance. 

Table 2. TIME indexing overhead, DF threshold is 2. “No Win” means intersection method not 
using sliding window. The number in the brackets is the index size before pruning. 

 SW = 5 SW = 25 SW = 45 
SW = 1 
sentence 

No 
Win 

Number of Indexing Terms 
(No pruning) 

46,626 
(9.6×105) 

87,023 
(3.8×106) 

88,979 
(3.9×106) 

78,265 
(3.5×106) 

2.4× 
104 

File Size (KB) 3,319 6,068 6,096 5,956 2,057 
Indexing Time/Doc (ms) 32 167 255 214 6 

5.3   Retrieval Quality 

We use precision and recall [20] to explore retrieval performance of SWMS. Because 
only short queries with three or less keywords are handled, we invite a group of stu-
dents to shorten the collections’ long queries. Everyone chooses at most 5 keywords 
he/she think important for each query and the most popular 3 keywords will be 
adopted. Although such shorten queries may degrade the performance of retrieval, we 
find that SWMS still work well. The results are ranked using the method mentioned 
in Section 4.  The quality is very close to that of intersection method. Table 3 shows 
average “Top 10” performance for the 6 collections: 

The window size has little effect on the retrieval result. To each collection, the dif-
ference is no more than 4 percent. And the ideal window size has no explicit relation 
with document length. TIME get the best result using the smallest window although it 
has long documents. Three out of six collections get the best result when the window 
is one sentence. So the assumption that the words in one sentence are more related to 
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each other may be reasonable. MED and CRAM get better result when using sliding 
window. To others, the best approximate results are also very close to the no window 
method. So sliding window can be used to limit combined index size without obvious 
degrade of retrieval performance. 

For we use DF method to prune the combined index, we wonder how it affects the 
retrieval quality. We set DF threshold as 2, 3 and 4 and compare the results with no 
pruning method, as the left of Figure 4 shows. When DF is 2, the lost of precision is 
the least, less than 1 percent. When DF is 3 or 4, the lost become obvious. Unexpect-
edly, when we set DF as 4 for TIME, the precision improve slightly. This means 
sometimes high frequency common words are more important than low frequency 
words in retrieval. The right of Figure 4 shows the indexing size pruned by different 

Table 3. Top 10 precision and recall for all collections, DF threshold is 2. For each collection, 
the italic numbers are the best results among different sliding windows. The number in the 
brackets is the ratio of SWMS and Intersection performance (SWMS / No Win). 

Test Sets Top 10 SW = 5 SW = 25 SW = 45 
SW = one 
sentence 

No 
Win 

Pre 0.17(94%) 0.16 0.16 0.16 0.18 
TIME 

Rec 0.46(87%) 0.46 0.46 0.46 0.53 

Pre 0.52 0.52 0.53(120%) 0.53(120%) 0.44 
MED 

Rec 0.24 0.24 0.24(120%) 0.24(120%) 0.20 

Pre 0.16 0.15 0.17 (94%) 0.16 0.18 
NPL 

Rec 0.75 0.73 0.77 (97%) 0.75 0.79 

Pre 0.15 0.15 (83%) 0.15 (83%) 0.15 (83%) 0.18 
ADI 

Rec 0.35 0.36 (95%) 0.36 (95%) 0.36 (95%) 0.38 

Pre 0.05 0.07 0.07 0.07 (88%) 0.08 
CACM 

Rec 0.14 0.17 0.17 0.18 (95%) 0.19 

Pre 0.06 0.07(100%) 0.07 0.07 0.07 
CRAN 

Rec 0.17 0.20(105%) 0.19 0.19 0.19 
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Fig. 4. Left is the precision using different DF. Right is indexing terms using different DF. 
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DF thresholds. We can see that when DF is 2, the pruning is the most cost effective. 
So we set DF threshold as 2 in above experiments. 

We also want to reserve some rare but informative combined term using MI 
method (see Section 4.2).  MI can be used to indicate the connection strength between 
two co-occurred words. Normally, when MI is more than zero the two words are 
related. In Table 4, “DF = 2, MI = 0” means when we do DF2 pruning, we reserve the 
combined terms whose MI is larger than zero. We can see the improvement of aver-
age “Top 10” search is slight when window size is 45. So we don’t adopt MI to im-
prove search result in above experiments. 

Table 4. Top 10 precision and recall for all collections, the size of  sliding window is 45. 

 
Top 
10 

TIME MED NPL ADI CACM CRAN 

Pre 
0.16 
(94%) 

0.53 
(98%) 

0.17 
(100%) 

0.15 
(94%) 

0.07 
(100%) 

0.07 
(100%) 

DF = 2 

Rec 
0.46 
(96%) 

0.24 
(96%) 

0.77 
(99%) 

0.36 
(97%) 

0.17 
(94%) 

0.19 
(95%) 

Pre 
0.16 
(94%)  

0.54 
(100%) 

0.17 
(100%) 

0.15 
(94%) 

0.07 
(100%) 

0.07 
(100%) DF = 2 

MI = 0 
Rec 

0.47 
(98%) 

0.25 
(100%) 

0.78 
(100%) 

0.37 
(100%) 

0.17 
(94%) 

0.20 
(100%) 

Pre 0.17 0.54 0.17 0.16 0.07 0.07 No 
Pruning Rec 0.48 0.25 0.78 0.37 0.18 0.20 

6   Conclusion and Future Work 

SWMS leverages sliding window and DHT routing to perform searching in shorter 
time without degrade of retrieval quality. Our work has four contributions: 

• Proposing and compare three searching mechanisms. 
• Using pruning to make combined indexing more practical. 
• Introducing ranking function to ensure the quality of multi-keyword searching. 
• Giving experimental evaluation on searching and ranking performance. 

In future work, we should make our approach more strong to the dynamic P2P 
network. Moreover, current test collections’ queries are too long for SWMS. We plan 
to perform further experiment using some Web users’ logs. Finally, we try to apply 
sliding window method to the widely used VSM model [20]. In distributed environ-
ment, IDF is hard to estimate and more problems need to be solved. 
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Abstract. In this paper, we will present a novel progressive algorithm for com-
puting skyline queries. The algorithm is based on the depth-first search paradigm.
It can be shown that the new algorithm is I/O optimal. Further, we can show that
the algorithm takes a logarithmic memory space in 2D-space in the worst case
if there are not many intersections in an adopted R-tree. Our experiment demon-
strated that the new algorithm is more scalable and efficient than the existing
techniques especially in a low dimensional space. The experiment also showed
that the algorithm is progressive in a way sensitive to a user’s preference.

1 Introduction

Given a set of points, “skyline query” returns the points in the set, which are not “domi-
nated” by another point (See Figure 1 for example). Skyline computation is fundamental
to many applications, including multi-criteria decision making [14] where the optimal
criteria are some times conflicting. Consider the query “finding a cheap car with a re-
cent model”. This is a typical example involving the two conflicting goals, cheap price
and recent model. Instead of identifying an optimal answer, it may only be possible to
provide a set of candidate answers that likely meet the user requirements. Clearly, some
users may be able to afford a car with the latest model, while others may only be able
to choose cars as new as possible within their budgets. In this application, it is unlikely
that one will consider cars both older and more expensive than another; thus, the set of
candidate cars form skyline.

The study of skyline query processing can be traced back to the 70’s [6, 1]. Very re-
cently, three R-tree based skyline processing techniques [7, 12, 9] have been proposed.
The algorithm (NN) [7] is the first algorithm for computing skyline based on R-trees [2,
4], which uses the nearest neighbour search techniques [5, 13]. Observe [12] the heavy
I/O overheads in NN especially in a high dimensional space. The algorithm (BBS) [12]
was developed to minimise the I/O costs, which extended the best-first search tech-
nique [5] for the nearest neighbour problem. As reported in [12], BBS guarantees the
minimum I/O overheads but requires a larger memory space than that in NN in the two
dimensional space. In fact, we will show in section 2 that the algorithm BBS may take
O(N) memory space where N is the number of data points. Clearly, less the memory
space requires, more scalable the algorithm is. Motivated by this, our previous work, the

Q. Li, G. Wang, and L. Feng (Eds.): WAIM 2004, LNCS 3129, pp. 218–228, 2004.
c© Springer-Verlag Berlin Heidelberg 2004
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Fig. 1. Skyline Example

algorithm DCSkyline [9], based on a divide-conquer paradigm for computing skyline
on a 2D space has been developed to reduce space complexity. However, the progres-
sive direction of the algorithm DCSkyline is independent on user’s preference; and thus,
it cannot be used as a progressive processing algorithm to accommodate user’s requests.

In this paper, we will present a novel R-tree based algorithm, which adopts a depth-
first search technique. In the algorithm, we also developed a “forward checking” tech-
nique based on a “region dominance” relation to reduce space complexity. We can show
that the new algorithm is I/O optimal and requires a logarithmic space in the worst case
in the 2D space if there are not many overlapping in R-tree. Further, our experiment
demonstrated that the new algorithm requires a much smaller space than the existing
I/O optimal techniques, and is progressive in a way sensitive to user’s requirements.

2 Preliminary

This section provides a brief overview of the R-tree based skyline query algorithms
BBS and DCSkyline.

2.1 Definitions

Given a set of points S in the d dimensional space, a point p in S is a skyline point of S
if p is not dominated by another point in S. A point (x′

1, x
′
2, ..., x

′
d) dominates another

point (x1, x2, ..., xd) if x′
i ≤ xi(i = 1, 2, ..., d). The skyline of S is the set of skyline

points of S. An entry in R-tree refers to a node’s MBB (Minimal Bounding Box) or a
data point. As depicted in Figure 2, each ei (for 0 ≤ i ≤ 7) is an entry, as well as the
data points from a to n.

In an R-tree on a d-dimensional space, the lower-left corner of an intermediate entry
[xl

1, x
h
1 ] × [xl

2, x
h
2 ] × ... × [xl

d, xh
d ] is the point (xl

1, x
l
2, ..., x

l
d),while the upper-right

corner of the entry is the point (xh
1 , xh

2 , ..., xh
d). An intermediate entry is dominated by

a point p if the lower-left corner of the entry is dominated by p.
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The dominance region (DR) of an intermediate entry on a d-dimensional space is
formalised as follows. In Figure 3, consider an entry e in a d-dimensional space whose
MBB has ranges [xl

1, x
h
1 ]× [xl

2, x
h
2 ]× ...× [xl

d, xh
d ]. Define d points p1(xl

1, x
h
2 , ..., xh

d),
p2(xh

1 , xl
2, ..., x

h
d , ..., pd(xh

1 , xh
2 , ..., xl

d). Then DR(e) = DR(p1) ∪ DR(p2) ∪ ... ∪
DR(pd).

Now we explain this formula. Since the entry e is a minimal bounding box, there
must exist at least one point in e, whose coordinate on the first axis is xl

1. Denote the
point as q1(xl

1, x2, .., xd). Considering another point p1(xl
1, x

h
2 , ..., xh

d), it is obvious
that q1 dominates p1. Thus, if an R-tree entry is dominated by p1, it must also be
dominated by q1, and can be eliminated immediately. With this observation, p1 can be
used as a pruning seed. The points p2, p3, ..., pd are defined similarly. Thus for the
entry e, the region dominance checking can be done by the dominance checking with
p1, p2,... and pd. An entry is dominated by e if it is dominated by any of these d points.

2.2 Branch-and-Bound Skyline (BBS)

BBS [12] applies R-trees based nearest neighbour search techniques [5, 13], Nearest
neighbour search iteratively returns the nearest points to a given query region. The
algorithm needs to define a distance from an entry to a point p; the minimum distance
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between p and a point in the entry is used for such purpose. In this paper, we denote the
distance from an entry to the query point by minDist.

The algorithm BBS developed by Papadias et al. extended the best-first search tech-
nique [5] by keeping all the candidate entries in a heap until they are no longer useful.
Elements (entries) in the heap are based on their minDist values (to the origin), and
then the skyline points are generated iteratively as the nearest neighbour points to the
origin. For the dominance validation, the skyline points generated already are kept in a
list S in the main memory.

Initially, the root of the R-tree is stored in the heap. Every time the first element e,
which has the minimal minDist is compared with the skyline list S. The dominated e
is discarded. Then the algorithm checks if e is a leaf node of the R-tree. In the case that e
is a leaf, it is output as a skyline point, and inserted into the skyline list S. Otherwise, the
children entries of e are examined one by one. Those not dominated by S are inserted
into the heap. The algorithm terminates when the heap is empty.

Figure 4 shows the heap contents for the example in Figure 2 while applying BBS.
The second field in an element is a value of minDist where x+y is the distance function.

Action Heap Contents Skyline Heap
Points Size

initial state (e0, 2) ∅ 1
expand e0 (e2, 4),(e1, 7) ∅ 2
expand e2 (e5, 6),(e7, 7),(e1, 7),(e6, 10) ∅ 4
expand e5 (e7, 7),(e1, 7),(g, 8), ∅ 6

(i, 8),(h, 10),(e6, 10)
expand e7 (e1, 7),(g, 8),(i, 8),(l, 9), ∅ 8

(h, 10),(e6, 10),(n, 11),(m, 12)
expand e1 (e3, 7),(g, 8),(i, 8), ∅ 9

(l, 9),(h, 10),(e6, 10),
(n, 11),(e4, 12),(m, 12)

expand e3 (g, 8),(i, 8),(l, 9), {g, i, 11
(c, 10),(h, 10),(e6, 10),(a, 11), a, n}
(b, 11),(n, 11),(e4, 12),(m, 12)

Fig. 4. BBS: Heap Contents

It has been proved in [12] that BBS is optimal in terms of I/O cost; that is, only
“necessary” entries in the R-tree are visited and they are visited for only once.

To accelerate the dominance checking, the skyline points in the set T are indexed
by a main-memory R-tree.

2.3 Divide-Conquer Skyline

The algorithm Divide-Conquer Skyline (DCSkyline) [9] applies a divide-conquer para-
digm on the dataset.

Suppose that a rectangular region R contains some retrieved entries, in which an
entry emin has the minimal minDist. Divided from the lower-left corner of emin, R
is partitioned into the 4 rectangular regions for further consideration: R0, R1, R2, and
R3. R3 is the extent of the entry emin.
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Fig. 5. Example of DCSkyline

Algorithm DCSkyline recursively applies a divide-conquer paradigm by the follow-
ing ordering:

1. Find the skyline in R1 by calling DCSkyline, and return the lowest point p1.
2. Find the skyline in R2 by calling DCSkyline, and return the leftmost point p2.
3. R′

3 := R3 - DR(p1) - DR(p2), and find the skyline in R′
3 by calling DCSkyline.

3 A New Skyline Query Algorithm

In this section, we propose a new algorithm Depth-First Skyline (DFS) for progressively
processing skyline queries. We aim to speed up the computation time and reduce the
memory space. This section firstly presents the motivation, followed by the description
of the new algorithm DFS. Finally the analysis of DFS is presented.

3.1 Motivation

The algorithm BBS is based on the best-first search technique for the nearest neighbour
query. To avoid unnecessary I/O while retain the distance minimization, the R-tree en-
tries on all possible paths are kept in the memory. An extreme example is illustrated
in Figure 6, when all the points are having the same distance to the origin, the whole
R-tree has to be read in before the first skyline point is retrieved. Thus, in this example,
the space requirement is O(N), where N is the scale of the dataset.

DCSkyline is efficient and scalable in terms of the memory usage, however it is not
sensitive to the users’ preference. Therefore, it is not a good progressive technique.

In this paper, we aim to develop a progressive skyline algorithm such that it is I/O
optimal but with a much smaller memory space than BBS. Also a user’s preference can
be addressed.

3.2 Depth-First Skyline

In this section, we present a new skyline algorithm Depth-First Skyline (DFS), which
traverses the R-tree adopting a depth-first search paradigm.
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For example in Figure 2, consider the situation when the entry e2 is visited. Follow-
ing the depth-first schema, it is unnecessary to expand e1 or any child of e1 before all
skyline points in the entry e2 are retrieved. Subsequently, skyline points in e5 can be
found without considering e6 or e7. Thus only after visiting the path e0 to e2 to e5, the
algorithm DFS returns the first skyline points g and i to the user. Note that these two
points are the “best” in terms of the distance function x + y.

In DFS, after an R-tree entry is visited, its child entries have the highest priority to
be visited, unless this sequence increases the I/O cost. To bound the I/O cost, an entry
ei that is dominated by the lower-left corner of another entry ej should be visited after
ej .

An overview of the algorithm is shown as follows. S is the skyline list.

Algorithm 1 DFS
Input: R-tree R.
Output: Skyline of the dataset.
Description:
1: Insert the root R into the entry list H ; S := ∅;
2: while H �= ∅ do
3: delete the first element e from H ;
4: if e is not dominated by a point in S then
5: if e is a data point then
6: S := S + {e}; // output e as a skyline point
7: else
8: expand(e); // see Entry Expanding
9: end if

10: end if
11: filter S; // when d = 2, see Skyline Points Stored
12: end while

Entry Expanding. In DFS, the R-tree entries to be visited are stored in an entry list.
At each time, the first entry in the list is visited. Clearly for a depth-first search, the list
should be sorted on decreasing order of the depth of the entries.
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Heuristically, we expect that entries on lower levels are inserted to the list as forward
as possible. Based on the observations in the previous parts, in DFS when expanding an
entry e, the child entries should be checked individually. If a child entry is dominated
by the lower-left corner of some other entries, it has to be inserted after all these entries.
Otherwise, it should be inserted in front of the entry list, which is temporarily stored in
the list C in Algorithm 2.

Dominance Checking. Since the dominance relationship between two intermediate
entries (MBBs) specified in section 2.1, in the algorithm DFS, entries in the entry list
can be filtered out by both the already-found skyline points and another intermediate
entry.

Algorithm 2 Expand(e)
Input: An intermediate entry e of R-tree, skyline point set S, entry list H .
Output: Changed entry list H .
Description:
1: retrieve child entries from e; C := ∅;
2: pick child entries e1..k not dominating each other; //see Dominance Checking
3: for i ∈ {1..k} do
4: if ei is dominated by a point in S or an entry in H //see Dominance Checking

then
5: discard ei;
6: else if ei is dominated by the lower-left corner of an entry in H then
7: insert ei after the last such entry;
8: else
9: C := C ∪ {e};

10: end if
11: end for
12: sort C on increasing order of minDist;
13: H := C ∪ H ;

When to eliminate the dominated entries is also important for minimising the stor-
age size. In the algorithm DFS, the “forward checking” technique is applied, which tries
to prevent dominated entries from being stored in the entry list. Firstly, when expanding
an entry, the child entries are compared so that they are not dominating each other. In
the example in Figure 2, after expanding e2, the three child points e5, e6 and e7 are
compared, and e6 is pruned immediately. Secondly, a newly inserted entry is always
checked so that it is not dominated by any other entry in the list at that time.

Skyline Points Stored. In the 2-dimensional space, the memory usage can be further
reduced, observing that it is not necessary to maintain all the skyline points found al-
ready in memory for dominance checking.

See Figure 7 for illustration. e[xl, xh]× [yl, yh] is the first entry in the entry list H .
The shaded region SR[xl, x] × [yl, y] is the largest rectangle, such that region [0, x] ×
[0, y] only intersects with entry e. Based on the depth-first schema, skyline points in
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SR are found without considering other entries. After finding the skyline points in SR,
only p1 and p4, the highest and the rightmost points, should be stored in memory for
dominance checking. This is because that the dominance region of p1 and p4 contains
the dominance region of all the other skyline points between them. Formally, (DR(p1)∪
DR(p4)) ⊇ DR(pi), i = 1..4.

In a higher dimensional space, since the dominance region of the skyline points
may not be contained by each other, they should be maintained in memory for further
dominance checking.

An Example. Figure 8 shows the entry list contents for the example in Figure 2 while
applying DFS. The distance function is still x + y for computing minDist.

Action List Contents Skyline List
Points Size

initial state (e0, 2) ∅ 1
expand e0 (e2, 4),(e1, 7) ∅ 2
expand e2 (e5, 6),(e7, 7),(e1, 7) ∅ 3
expand e5 (g, 8),(i, 8),(e7, 7),(e1, 7) {g,i} 4
expand e7 (n, 11),(e1, 7) {g,n} 2
expand e1 (e3, 7) {g,n} 1
expand e3 (a, 11) {n,a} 1

Fig. 8. DFS: List Contents

3.3 Analysis

It can be easily proved that the algorithm DFS is correct, and is optimal in terms of I/O
cost. Due to the space limit, we omit the proofs of the following theorems[10].

Theorem 1. Points progressively produced by DFS form the skyline of the given dataset.

Theorem 2. Suppose that e is an entry accessed by DFS. Then e intersects SSR.

Since it is complicated to theoretically analysis the storage requirement of DFS on a
high dimensional space or when there exists much overlapping between R-tree entries,
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we will show the performance in the experiments in the next section. Here we only
prove that the storage is logarithmic in a specific situation.

Lemma 1. In a 2D space, the maximal memory requirement of the algorithm DFS is
O(logN) in the worst case, where N is the size of the dataset, if there is no intersection
in the index R-tree.

Proof: First consider the length of the entry list. As described in section 3.2 when ex-
pending an entry, a child entry ei is either attached in front of the entry list following a
depth-first search schema, or inserted after another entry in the list ej whose lower-left
corner dominating ei. Since there is no intersection in the index R-tree, the lower-left
corner of ej dominating ei follows that ej dominating ei, and ei is eliminated immedi-
ately. Thus the searching of the R-tree is a depth-first search, which needs a logarithmic
space.

It is clear that the memory space for the stored skyline points is also O(logN). Thus
the total memory space used in DFS is O(logN). �

4 Performance Study

In the experiments, “independent” and “anti-correlated” datasets are used. Points in the
independent datasets are uniformly distributed, while points in anti-correlated datasets
that are good at one dimension are tend to be bad in at least one other dimension [7].
The index tree is R∗-tree with 200 entries per page. All experiments are run on a 1.8G
CPU with 512M Ram.

4.1 Two Dimensional Space

Figure 9 shows the maximal storage and the user time of the three algorithms on the
2-dimensional space. DFS performs the best.

4.2 Multi-dimensional Space

Datasets on the space from 2 to 5 dimensions are used. Two algorithms are compared
in the experiments. Note that here in DFS, all the skyline points are stored in memory
when d = 2 for comparison.

Figure 10 (a) and (b) shows the maximal storage required by these algorithms on
different dimensional spaces with 1M data points. While in Figure 10 (c) and (d), the
performance on datasets with different number of points are compared when all datasets
are on a 4 dimensional space. With different scale and different dimensionality, DFS
needs much less storage than BBS.

Figure 11 compares the user time on different conditions, which shows that the time
complexity are similar. The dataset used is the same as in the Figure 10. The reason is
that DFS has a relatively high CPU cost overhead when storing a new entry into the
list, since the whole list should be read; on the other hand, BBS needs to compare much
more entries with the already-found skyline.
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Fig. 11. User Time on High Dimensional Space

4.3 Progressive Performance

To study the progressive performance on the 2-dimensional space, we summarise the k
distances from the origin to the first k skyline points retrieved. The ratio of the sums
between different algorithms are shown in Figure 12 (a) and (b). Note that in algorithm
BBS, the sum is minimised. The performance of DFS is much better than DCSky-
line(DCS), as a result of the different retrieving sequence.

Figure 12 (c) and (d) shows the time to retrieve the first 10 skyline points on the 4-
dimensional space using the same dataset as in Figure 11 (c) and (d). DFS still works
much better, since DFS works like a depth-first search algorithm.

5 Conclusion

In this paper, we develop the algorithm DFS that are I/O cost optimal for the skyline
queries. The experiments showed that the techniques used have a great impact on im-
proving the performance of skyline query algorithms. The new algorithm works on high
dimensional space, and is sensitive to the user’s preference.
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Fig. 12. Progressive Performance

In the future, skyline queries based on other kind of index trees will be studied since
R-tree is not efficient on a higher dimensional space when d > 5.
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Abstract. K-Nearest Neighbors (KNN) search in high-dimensional feature 
spaces is an important paradigm for a variety of applications. Despite the con-
tinuous efforts in the past years, algorithms of data partitioning methods 
(DPMs), such as R*-tree, SR-tree and self-organizing maps (SOM), to find the 
exact KNN answer set at high dimensions are outperformed by a linear scan 
method. In this paper, we present a “plug&search” method to greatly speed up 
the exact KNN search of existing DPMs. The idea is to linearize the data parti-
tions produced by a DPM, rather than the points themselves, based on the dis-
tances between the partitions and a selected reference point, thus resulting in a 
one-dimensional array-index, that is simple, compact and yet fast index struc-
ture. Our KNN search algorithm sets conditions to skip irrelevant partitions and 
early stop the search as soon as the exact KNN answer points are retrieved.  

1   Introduction 

An important paradigm in recent database applications (i.e. multimedia databases 
[13], time series databases [11], data mining [6], etc.) is the content based retrieval of 
similar objects, where an object is represented by a point in a d-dimensional feature 
space. The problem of finding the exact, or approximate, KNN points in a database to 
a given query point has been addressed by a large number of works. These related 
works can be classified into four approaches: 

Space/Data Partitioning Approaches like grid-file [24] and K-D-tree [2] parti-
tion the data space into disjoint regions through cuts on some dimensions regardless 
of data clusters. On the other hand, data partitioning methods (DPMs) like R*-tree 
[1], SS-tree [18], SR-tree [10] and X-tree [3] divide the data space according to the 
distribution of points in these indexing trees.  

Dimensionality Reduction Approaches such as [9][7][5] apply “dimensionality 
reduction” techniques on the data and then insert the data into the indexing trees, 
which are know to perform well on low-dimensional data.  
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Scanning-Based Approaches such as the VA-file [17] and LPC-file [4] divide the 
data space into 2b rectangular cells, where b denotes a user specified number of bits. 
Each cell is allocated a bit-string of length b that approximates the data points that fall 
into a cell. The KNN search starts by scanning the entire file of approximations and 
filtering out the irrelevant points based on their approximations 

Linearization Approaches, such as space-filling curve methods (Z-order curve 
[15] or Hilbert curve [8]) map d-dimensional points into a one-dimensional space 
(curve), i.e. Rd →  R1. As a result, one can issue a range query along the curve to find 
nearest neighbors.  

In this paper, we propose a new “plug&search” KNN search method, called array-
index, that speeds up the KNN search and preserves the properties of the underlying 
DPM. The proposed method reads the data partitions produced by a high-dimensional 
DPM and then it computes the representative vector mi of each data partition. A ref-
erence point R is selected and the distance D(mi , R) between each representative 
vector mi and R is computed. Using the computed distances, we map the data parti-
tions into a 1-dimensional distance space, called array-index, in which the mapped 
data partitions are sorted based on their similarity to R. Using a small sorted array 
structure allows us to find the most similar data partition, called a winner partition 
(WP), to a given q using the fast binary search algorithm whose complexity is 
O(logNc ). Our KNN search algorithm, starts by considering the points in the WP for 
possible KNN answers. Then, the search proceeds along the array-index by checking 
the points in the partitions to the left and right of WP. During traversal of the array-
index, the algorithm prunes irrelevant partitions and it stops if checking new data 
partitions do not result in any new KNN answer points on both sides. This method 
retrieves exact KNN answer points to a given a query point.  

The rest of this paper is organized as follows: Section 2 discusses how to linearize 
the data partitions and build the array-index. Section 3 presents the KNN search algo-
rithm. The experiments are discussed in Section 4. Finally, we conclude the paper in 
Section 5. 

2   Linearizing the Data Partitions 

To improve the KNN search performance of the DPMs on real data (highly skewed 
and correlated), we propose a plug&search method, called array-index. The array-
index utilizes the partitions (leaf nodes or clusters) of any of the known DPMs and 
linearizes these partitions by ordering them based on their distances from a selected 
reference point, thus resulting in a 1-dimensional array-index. Hence, similar parti-
tions are placed next to each other; enabling us to tailor a fast algorithm to find the 
KNN answers points. That is, given q, the algorithm only traverses a small range (to 
the left and right of q) that bounds the K answer set.  
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Linearization 

Linearization is achieved by selecting a reference point R and then ordering all parti-
tions according to their distances from the selected R. We defined three types of ref-
erence points:   

(1) center R, which is the average of all partitions’ representative vectors,  
(2) edge R, which is the farthest partition from center R, and  
(3) random R, which is a randomly selected partition.  

After selecting R, we compute the Euclidean distance D(mi , R) between the rep-
resentative vector mi of each partition and R. Thus, we map the partitions into a one-
dimensional array-index space in which similar partitions are placed close to each 
other. Partitions that are equi-distant from R, which may not be similar, are placed on 
the same position in the 1-dimensional space. However, these equi-distant partitions 
are pruned during the KNN search.  

The computed distances D(mi , R)  are inserted into the array-index. Along with 
each distance, a pointer to the partition-point-list of the corresponding partition is set. 
The partition-point-list of partition Ci is a list of the points that are associated with Ci 
and these points are sorted based on their Euclidean distances from the representative 
vector mi of Ci. Hence, the array-index contains a list of partitions sorted based on 
their distances from R and each partition contains a pointer to a list of points sorted 
based on their distances from mi. Also, for every Ci, we compute its radius ri that 
reflect the size of Ci . The constructed array-index is very small in size since it con-
tains a number of cells equal to the number of generated partitions and every cell 
contains three fields: distance, pointer and radius.  

Search Conditions 

Here we discuss the pruning and ending conditions that are used to control the tra-
versal of the array-index and speed up the KNN search. Let P be a set of points in Ci, 
then radius ri is the largest distance between the representative vector mi of Ci and 
any point. That is,  

ri  = max{ D(mi , p)  |  p ∈  P}   (1) 

If the set of radii of all partitions is S, then the maximum radius rmax is: 

rmax   = max{ ri   |  ri  ∈  S}   (2) 

Partition Pruning 

Employing a pruning strategy is necessary due to the fact that mapping partitions 
based on their Euclidean distances from R places equi-distant partitions, which may 

not be similar, onto the same position in the 1-dimensional distance space. Let c
knnD  

be the current largest distance in the KNN_list, where the KNN_list keeps a sorted list 
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of the K most similar points to q. Hence, partition Ci is pruned if the minimum dis-

tance between q and Ci is greater than c
knnD  (see Figure 1).  

Condition 1: During the KNN search, partition Ci is pruned if the following condi-
tion holds true: 

| D(q , mi   ) |  -  ri  >  c
knnD     (3) 

Partition Ending 

Since the array-index stores the partitions sorted in an ascending order based on their 
distances from R, it is possible to traverse only a small range (left and right of q) that 
bounds the answer set by utilizing an ending condition. To guarantee that no qualify-
ing points are missed, the search should not end if there is a partition overlapping 
c
knnD  because there might be a point, in the overlapped portion of the partition, whose 

distance from q is smaller than c
knnD . To check whether there exists a partition over-

lapping with c
knnD , we need to check all partitions whose mj are in the vicinity of 

c
knnD up to rmax (that is c

knnD  + rmax) because rmax specifies the position of the farthest 

mj of Cj that might be overlapping with  Formally, we state the partition ending con-
dition of the KNN search as follows: 
 
Condition 2: The KNN search ends when the following condition holds true in both 
the left and right directions: 

c
knnD  + rmax <  | D( R , mi   ) |  - | D( R , q  ) |   (4) 

Point Pruning 

The array-index method sorts the points associated with a partition in an ascending 
order such that the point with the smallest distance from mi is closest to mi and the 
point with the largest distance from mi is farthest from mi. That is the points are 
mapped into a one-dimensional distance space. When sorting the points associated 
with a partition, equi-distant points fall into the same position in the one-dimensional 

 

ri  

mi 

partition Ci  

q 

data 
Points  
 

|D(q,mi)|-ri   

Fig. 1. Radius of a partition. 
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distance space. As partition Ci is visited, if q is inside Ci, then all the points within Ci 
are checked. On the other hand, if q is outside Ci, the search within Ci starts by com-
puting |D(q , p )|  of the farthest point p from mi  (closest point p to q) and then in-

serts p into KNN_list if |D(q , p )| <   c
knnD . Then, the search proceeds to the next 

point and so on. Equi-distant points whose distance |D(q , p )|   ≥   c
knnD   are pruned. 

Formally, 
 

Condition 3: During the KNN search in partition Ci, a point p is pruned if the follow-
ing condition holds true:  

|D(q , p )|  ≥  c
knnD      (5) 

Point Ending 

Since the points are sorted in Ci based on their distances from mi, it is possible to stop 
checking the points if further checking would not result in any new KNN answer 
points. Formally, 
 
Condition 4: The KNN search in partition Ci ends if the following condition holds 
true: 

D(q , mi ) |  - | D(mi , p) |  ≥   c
knnD     (6) 

3    KNN Search Algorithm 

Here, we present a KNN_Search algorithm for the array-index to find the exact KNN 
points to a given query q. Let's first explain some of the routines and notations in the 
KNN_Search algorithm. The KNN_list keeps the distances of, and pointers to, the K 
most similar points to q. The update_KNN_list(Ci) routine, which is shown below, 
reads Ci from disk (line 1) and  processes the sorted points in Ci starting from the 
point that is farthest from mi. The algorithm (line 3) checks whether the point ending 
condition (Condition 4) holds true, if it does, the point traversal is ended. Then, in 
line 4, it checks if the point pruning condition (Condition 3) holds true, that is if the 
current point is an equi-distant point, if it does, the current point is skipped. If both 
Conditions 3 and 4 do not hold true, then pi is inserted into the KNN_list based on its 
distance D(q, pi).  
 
Algorithm:  Update_KNN_list(Ci) 

1. read(Ci) 
2. For pi, where i = 1, 2, .. number of points in Ci. 
3.  If (Condition 4) then break and go to step 6 
4.  Else If (Condition 3) then skip pi and go to step 2 
5.  Else insert pi into KNN_list 
6. return 
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Lptr and Rptr are pointers used to traverse the array-index toward the left and the 
right of the winner partition WP, respectively. The first essential step in the 
KNN_Search algorithm (shown below) is to find the WP, which is a partition whose 
mi  is the most similar to q, then the KNN_list is updated with the points associated 
with the WP (line 1). Line 2 initializes Lptr and Rptr to equal the WP pointer. Line 3 
defines Boolean variables that indicate the flow of the KNN search. The search for 
KNN points is contained in the loop between lines 4-23. Lines 5-8 traverse the array-
index towards the left of WP if the left traversal has not been ended. The distance 
between q and the mLptr of the next unvisited partition to the left of WP is computed 
(line 6). Then, in line 7, the algorithm checks if the partition ending condition (Condi-
tion 2) for the left traversal holds true, if it does, the left traversal is ended. If the left 
traversal is not ended, the currently visited partition is checked against the partition 
pruning condition (Condition 1), if it holds true, the currently visited partition is 
pruned and the algorithm advances to the next unvisited partition in left direction.  

Similarly, lines 9-12 traverse the array-index towards the right. Lines 14-15 check 
if both traversal directions (left and right) have been ended. If so, the search ends and 
then the KNN_list is returned. In lines 16-19, if the left traversal and right traversal 
have not been ended, the KNN_list is updated with one of the two currently visited 
partition (the one with the smaller distance from q), then the traversal in the opposite 
direction is blocked temporarily, so that the next iteration of the algorithm fetches the 
next partition in the direction of the closer partition (the one with the smaller dis-
tance). Lines 20-21 handle the case when the left traversal is ended and the search is 
advancing only in the right direction, thus, the KNN_list is updated with the next 
qualifying partition on the right direction. Similarly, in lines 22-23, the search only 
advances in the left direction. In line 24, the KNN_list is returned with the exact KNN 
answer points.  

 
Algorithm:  KNN_Search 

Input: query q and the array-index 
Output: KNN_list 
1. WNptr = find_WN(q); and  update_KNN_list(WNptr) 
2. Lptr = Rptr = WNptr 
3. KnnFound = FALSE; TraverseLeft = TraverseRight = TRUE 
4. While (NOT KnnFound) 
5.  If (left traversal is not ended AND TraverseLeft) 
6.   compute |DL(q, mLptr)| 
7.   If (Condition 2) then end left traversal; go to step 9 
8.   If (Condition 1) then prune CLptr; go to step 5 
9.  If (right traversal is not ended AND TraverseRight) 
10.   compute |DR(q, mRptr)| 
11.   If (Condition 2) then end right traversal; go to step 13 
12.   If (Condition 1) then prune CRptr; go to step 9 
13.  TraverseLeft = TraverseRight = TRUE 
14.  If (left and right traversal are ended) then  
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15.   KnnFound = TRUE  
16.  Else If (left and right traversal are not ended) then 
17.   If (DL < DR) then  
18.    update_KNN_list(CLptr); TraverseRight = FALSE 
19.   Else update_KNN_list(CRptr); TraverseLeft = FALSE 
20.  Else If (only left traversal is ended) then 
21.   update_KNN_list(CRptr) 
22.  Else If (only right traversal is ended) then  
23.   update_KNN_list(CLptr) 
24. return KNN_list 

4   Experiments 

We use a Haar wavelet transform to compute the color vectors of images. The color 
space used in this paper is the YIQ, where Y carries luminance information and I and 
Q carry color information and some luminance information. To demonstrate the effi-
ciency of our KNN search algorithm, we generated 3 databases with different dimen-
sionalities: 3, 12, and 48 dimensions by applying a 7-level, 6-level, and 5-level de-
compositions respectively, of the Haar wavelet transform on the image data. To show 
the applicability of the array-index to different DPMs, we partitioned each database 
by two different DPMs, Tree-based partitioning and Nontree-based clustering. 
Namely, we used the SR-tree and SOM. For details on SR-tree and SOM methods, 
please refer to [10] and [16].  

To investigate the KNN search efficiency of the array-index, we compare the 
KNN search time of the array-index with that of the underlying DPMs. That is, we 
compare: (1) SR-tree based array-index versus SR-tree, and (2) SOM based array-
index versus SOM.  

Figures 2 and 3 show the results of comparing KNN search times of the SR-tree 
based array-index with the SR-tree and SOM based array-index with the SOM, re-
spectively, at different dimensions (3, 12 and 48) and different values of K (1 and 
100). In these experiments, we used a database of 40000 images and the edge R to 
build both the SR-tree based array-index and SOM based array-index. Also, we set 
the SOM map size to 200x200. The results are the average of 10 randomly selected 
queries. We added the KNN search times of a linear scan method into these figures 
for referential comparisons. Notice that the scale of the y-axis of Figures 2 and 3 are 
logarithmic.  

Figure 2.a shows that at low dimensions (d=3) and small values of K (K=1) the 
SR-tree outperforms both the linear scan and the SR-tree based array-index. That is 
expected since the indexing trees are known to perform well at low dimensions. How-
ever, as the value of K increases (K ≥ 1), even at low dimensions (d=3), SR-tree 
needs to access  more partitions, leading to an increase in KNN search time, hence the 
performance of the SR-tree degraded as compared to that of the array-index, although 
it remained better than that of the linear scan. At higher dimensions ( ≥ 12) and large 
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values of K (>1), the array-index shows much faster KNN search time than both the 
linear scan and SR-tree.  

 

 
Fig. 2. Comparing SR-tree with SR-tree based array-index: average KNN time versus number 
of dimensions (a) K = 1 and (b) K = 100. 

From Figure 3 we notice that the SOM based array-index performed much better 
than both the linear scan and SOM at all dimensions and all values of K. On the other 
hand, at all dimensions and all values of K, the SOM is slower than the linear scan by 
a factor of about 1.5. That is reasonable because the KNN search algorithm of SOM 
(explained above) requires to, first, check all clusters to determine the winner cluster, 
and then it visits all the clusters to check the points associated with the visited clus-
ters. We conclude that plugging the array-index into a DPM greatly speeds up the 
KNN search time.  

 
Fig. 3. Comparing SOM with SOM based array-index: average KNN time versus number of 
dimensions (a) K = 1 and (b) K = 100. 
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5   Conclusion 

We presented an efficient plug&search method, called array-index, to speed up the 
exact KNN search of a wide range of existing DPMs and at the same time preserves 
their properties. The array-index method linearizes the data partitions of the underly-
ing DPM instead of the data points themselves; hence the array-index is a compact 
indexing structure. Although, in this paper, we used an image database as an example 
of multi-dimensional data, the array-index method can be adapted to any multi-
dimensional data.  

The compactness of the array-index, the ordering of partitions in the array-index, 
and the ordering of objects inside the partitions are the main reasons behind the fast 
KNN search time as compared to other known methods. That is, the compactness of 
the array-index enables us to put the whole index structure in main memory leading 
to an elimination of disk operations,  the ordering of partitions reduces the number of 
disk access to retrieve the data pages, and the ordering of points inside the partitions 
reduces the number of distance calculations of the points in the retrieved data pages. 
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Abstract. This paper proposes a query language to consistently access metadata 
registries. In current, many metadata registries have been built in various fields. 
Because there is no access method to access the metadata registries in a stan-
dard manner, many management systems for them have been developed in 
various and different access methods. In this paper, we propose a metadata reg-
istry query language that allows us to access consistently all metadata registries 
in a standardized manner. The query language, SQL/MDR is an extension of 
SQL3, which is familiar to existing database managers. Consequently, the 
query language reduces the development cost of a metadata registry manage-
ment system. And it also enables all metadata registries to be accessed in a con-
sistent manner.  

1   Introduction 

ISO/IEC JTC 1 developed ISO/IEC 11179 to enhance interoperability of databases. 
The main concept of this standard is the data element, which is a set of attributes such 
as identification, representation, and allowable value of data, and is a minimal unit to 
specify data. A metadata registry is the set of data elements and is one of the key 
elements of ISO/IEC 11179: [1], [15]  

Because of its advantages such interoperability and dynamic metadata management, 
until now, many metadata registries in various fields have been built to efficiently 
manage data. The representative examples of the metadata registries are as follows: 

! KISTI (Bibliographic metadata registry): [2] 
! EPA (Environmental Data Registry): [4], [10] 
! NHIK (Australian National Health Information Knowledgebase): [5], [11] 
! U.S. ITS (U.S. Intelligent Transportation System): [6], [12] 

The built metadata registries are based on the standard, ISO/IEC 11179. Thus, 
there are similar access patterns to handle the metadata registries. ISO/IEC 11179 
provides no standard metadata registry access method. Until now, no research on the 
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standard access method has been made. It causes several problems such as duplicate 
developments of the access method, metadata registry access in different manners, etc. 
Most of all, even though metadata registries are created according to the standard, 
there is no standard access method to consistently access them. 

This paper proposes a metadata registry query languages as the standard access 
method to solve the issues aforementioned. The metadata query language is referred 
as SQL/MDR and is an extension of SQL3, which is the international standard query 
language.  

To achieve this goal, we first analyzed and defined query patterns. SQL/MDR is 
designed based on the query patterns and extended from SQL3: [13], [14]. 
SQL/MDR is the metadata registry query language to access the metadata registries in 
a standardized manner. Therefore, it reduces time and effort for developing systems. 
It enables all metadata registries to be accessed consistently, thus we can increase 
interoperability between metadata registry systems.  

2   Operation Analysis  

2.1   Metadata Registry Operations 

The basic operations for managing metadata registry are classified into data element 
search, grouping element search, data element registration, registration status man-
agement, version management of data element, and so on. Metadata registries are 
managed and extended by these operations. 

The data element search is a function to retrieve a proper data element. A data ele-
ment has many attributes, so we can retrieve proper data elements using the attributes. 
When we retrieve a data element, we use various search options for exact searching. 
Therefore, various search operations can be used to find a data element. ISO/IEC 
11179 has several logical group elements that can group data elements. It includes 
data element concept, object class, concept domain, etc. This paper defined them as 
group elements. The group element search is to retrieve them with a given search 
condition. 

The goal of the data element registration is to extend a metadata registry. In other 
words, in case that there are no data elements, a new data element can be proposed by 
users. After confirmation, the proposed data element can be registered into the meta-
data registry. The proposed data element must be filled in with the mandatory attrib-
utes according to ISO/IEC 11179. Hence, Data element registration has many detailed 
operations. 

The registration status management of data elements is an operation to change their 
standardization level. There are six standardization levels: Submitted, Registered, 
Qualified, Standard, Preferred standard, and Retired. Therefore, we must provide 
operations for these access patterns. 
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2.2   Metadata Registry Access Patterns 

There are many access patterns to create and manage the metadata registries. We can 
define standardized access interfaces for consistent handling the metadata registries 
through analysis on the operation patterns. This paper showed the basic operations 
that are required managing the metadata registries.  

In this section, we define and show the detailed operation patterns about the basic 
operations. This paper focuses the search operations. In the metadata registry man-
agement systems, the result of searching is mainly a set of data elements. As afore-
mentioned, a data element has many attributes to depict data. Hence, data elements 
can be retrieved using the values of the attributes. All of the metadata registries are 
built according to the standard specification, ISO/IEC 11179. Therefore, they have 
the same mandatory attributes.  

As a result, we can define search operation patterns for retrieving proper data ele-
ments. In general, most retrieval systems provide additional search options to retrieve 
exact results. Thus, the search options can be added the search operations. The ana-
lyzed operation patterns of the metadata registry are summarized as follows:  

! Search operation of data elements by the mandatory attributes 
: Definition, name, context, etc. 

! Data element search operation by data element's registration status 
: Submitted, recorded, qualified, standard, preferred standard, and retired. 

! Group element search operations 
: Data element concept, object class, conceptual domain, etc. 

! Data element search operations using group elements 
: The group elements are used as qualifiers to retrieve data elements. The final 
target of these operations is a set of data elements. 

! Data element search options 
: Exact matching, partial matching, starting with. These options can be ex-
pressed using the original SQL. However, we added these options into the 
metadata registry operators to be used explicitly. 

The group element search operations retrieve data element concepts or object classes. 
In other hands, the data element search operations using the group elements are to 
retrieve data elements. Generally, most operations produce a set of data elements as 
the result of search because the most important object is the data element in the meta-
data registries. If anonymous metadata registry is built according to the standard 
specification, the operations above are available to the management systems manag-
ing the metadata registries. In other words, all of the standard-based metadata 
registries produce correct results of the search operation patterns. If we cannot get a 
result from a metadata registry using the operations, it means that the metadata 
registry has no instance or has not been built according to the standard. In case of the 
latter, the metadata registry must be reconstructed or updated to follow the interna-
tional standard. 
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3   Defining Metadata Registry Query Operators 

In this section, we define and describe the metadata registry query operators. These 
metadata query operators are integrated into SQL3. 

3.1   Abstract Query Operators  

This paper analyzed and defined the metadata registry query operations for accessing 
metadata registries. We can define query operators based on the analysis result. We 
distributed the operators into several conceptual groups, name as abstract query op-
erator. The following table shows the abstract query operators. The basic operations 
for managing metadata. 

Table 1. Abstract query operators. These operators are the grouping unit for concrete metadata 
registry query operators that are integrated into SQL3 

Abstract operators Description 
DE_mandatory_attribute_name() Query operation set for retrieving DEs by mandatory 

attributes 
DE_registration_status() Query operation set for retrieving DEs by registration 

statuses 
DE_group_element() Query operation set for retrieving DEs by group ele-

ments 
group_element() Query operation set for retrieving group elements 

 
The abstract operators are conceptual operators that generalize concrete query op-

erators. Thus, they can be materialized into concrete query operators. For example, 
DE_mandatory_attribute_name() is the conceptual operator for concrete query opera-
tors that retrieve data elements using their mandatory attributes. Thus, this abstract 
operator is materialized into concrete query operators such as DE_name(), DE_defini-
tion(), DE_context(), and so on. The details of the abstract operators are given in the 
next section. 

These abstract operators are defined to conceptually cluster operations from the 
analysis of metadata registry access patterns. In other words, they are not actual query 
operators to be integrated into SQL3. Therefore, they must be realized and material-
ized into concrete metadata registry query operators. This paper describes it in the 
next section. 

3.2   Concrete Metadata Registry Query Operators 

The goal of this paper is to extend SQL and define a standard access interface for 
consistent access of metadata registries. To achieve this goal, we define metadata 
registry query operators, concrete query operators based on the operation patterns 
defined above. The defined query operators are integrated into SQL. Table 2 shows 
the concrete query operators. 
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The metadata registry query operators are defined based on the operation patterns 
already described. The operation patterns, i.e., query operations are provided from the 
standard specification of ISO/IEC 11179. Therefore, the metadata registry query 
operators can be used as the standard access interface for handling metadata registries.  

Table 2 shows the relationships between the abstract operators and the correspond-
ing concrete query operators for metadata registries. An abstract operator, DE_man-
datory_attribute_name() is realized into many actual metadata registry query opera-
tors. It means that there are many operators by the mandatory attributes specified in 
ISO/IEC 11179. The examples of the operators are DE_name() and DE_definition(). 
DE_name() is a operator to retrieve data elements by the name of data elements. The 
operator DE_definition() is to retrieve data elements by the definition of data ele-
ments. These concrete query operators may involve KW and/or OPT.  

The materialized metadata registry query operators are overloaded. Hence, a same 
operator can be detailed into several operators with different parameter list. Users can 
access metadata registries in various manners owing to this overloading. If the opera-
tors are included in SQL3, many users who are familiar with SQL3 can easily utilize 
the metadata registry query operators. This issue will be described in next section. 

Table 2. Concrete metadata registry query operators. This table shows the concrete query op-
erators for each abstract operator. Each abstract operator is detailed into several query operators 
that are integrated into SQL3 

Abstract operators Concrete query operators 
DE_mandatory_attribute_name() DE_name(KW, OPT) 

DE_definition((KW, OPT)  
DE_context(KW, OPT) 
DE_reg_orgnization(KW, OPT), … 

DE_registration_status() DE_status(RA, DA, KW, OPT) 
DE_status(RA) 
DE_status_submitted(DA, KW, OPT) 
DE_status_retired(DA, KW, OPT), … 

DE_group_element() DE_object_class(KW, OPT) 
DE_conceptual_domain(KW, OPT) 
DE_concept(KW, OPT), … 

Group_element() object_class(KW, PT) 
conceptual_domain(KW, OPT) 
element_concept(KW, OPT), … 

◦ KW: Keyword given by users 
◦ OPT: Search options (Partial, exact, and starting with) 
◦ RA: Registration attribute 
◦ DA: Mandatory attributes of data elements such as name, definition, context, etc 

4   Integrating Metadata Registry Operators into SQL3 

In this section, the defined operators are integrated into SQL3. This section describes 
a main syntax of SQL/MDR and several examples.  
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4.1   SQL/MDR Syntax 

SQL is familiar to many database users such as researchers, database administrators, 
application developers and so on. If the metadata registry operators are integrated into 
SQL3, the existing database users can easily handle the operators.  

In this section, we describe the metadata registry query language that is integrated 
the operators into SQL. The metadata registry query language named SQL/MDR is an 
extension of the standard query language, SQL. Table 3 shows a brief BNF descrip-
tion for the extended query language SQL/MDR. 

Table 3.  A brief BNF of SQL/MDR. This table shows a partial and main BNF of the whole 
SQL/MDR syntax 

<extended query specification> 
::=   SELECT <extended attribute list>        

FROM <extended relation list>  
WHERE <extended attribute qualification>; 

<extended attribute list>  
::=  <attribute list>|<MDR attribute list>|<MDR operator>; 
<extended relation list>  
::=  [COMMA]<general relation list>|<MDR relation list>[<extend attribute list>]; 
<extended attribute qualification>  
::=  <general qualification>|<MDR qualifiction>; 
<MDR qualfication>  
::=  [<boolean term>]<MDR operator>[<extend attribute qualification>];  
<MDR operator>  
::=  <DE mandatory attribute name> | <DE registration status> | DE_STATUS       

L_PAREN<MDR param list>R_PAREN; 
<DE mandatory attribute name>  
::=  NAME | DEFINITION | … | ORGANIZATION; 
<DE registration status> 
::=  DE_STATUS_SUBMITTED | DE_STATUS_RECORDED | DE_STATUS_QUALIFIED  

| DE_STATUS_STANDARD | DE_STATUS_PREFERRED | DE_STATUS_RETIRED; 
<MDR relation list> 
::=  DATA_ELEMENT | DATA_ELEMENT_CONCEPT | … | OBJECT_CLASS; 

 

SQL/MDR is an extension of SQL3 to provide a consistent access interface for 
metadata registries. Before extending SQL3, we first defined a standardized interface 
of table names and their attribute names used in metadata registries. The interface 
means a set of predefined and promised table names and attribute names that can be 
validly used in all metadata registries according to ISO/IEC 11179. Therefore, the 
interface allows metadata registry query statements to be simplified. 

Most of all, we can verify the built metadata registries are valid or not. In addition, 
it improves interoperability between metadata registries that have been built inde-
pendently and remotely. 

4.2   Examples 

This section describes several examples of metadata registry query. We first show the 
query statement to directly access a database using only SQL3, and show the query 
statement using the extended query language. 
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Query 1. Retrieve all data elements where registration status is ‘RECORDED’.  

SQL/MDR> SELECT DE_status (RECORDED) 
      FROM data_element                                                                                         (Q1-a) 

This query statement (Q1-a) is written using a metadata query operator DE_status() 
of the extended query language SQL/MDR. In case of SQL, we must write WHERE 
clause. As a result, SQL/MDR allows the same query statement to be written simply. 
It also derives to be built following the international standard ISO/IEC 11179. 
 

Query 2. List all data elements where their registration status is 'RECORDED' and 
name is matching to ‘JOURNAL’.  

SQL/MDR> SELECT * FROM data_element 
WHERE DE_status (RECORDED) 
AND name= ‘%JOURNAL%’                                                                          (Q2-a) 

SQL/MDR> SELECT * FROM data_element 
WHERE DE_ status (RECORDED, name, ‘JOURNAL’)                               (Q2-b) 

SQL/MDR> SELECT * FROM data_element 
WHERE DE_status_recorded (name, ‘JOURNAL’)                                        (Q2-c) 

Query 2 can be written in various manners using the metadata query operators. 
Three query statements for Query 2 are shown above. The first, (Q2-a) is an example 
written with the metadata registry operator and the conventional query statement. The 
queries, (Q2-b) and (Q2-c) are similar but have different parameters. Users can select 
and write their query statements with proper operators. 

4.3   Evaluation and Discussion 

SQL/MDR is the query language allowing the standardized and consistent access 
method for the metadata registries. It is based on and extended the standard query 
language, SQL3, which is used broadly. Therefore, many database users can use 
easily it for access metadata registries. Also the mechanism for sharing and 
exchanging between metadata registries is not complex owing to its standardized 
access method. 

The previous metadata registry management systems have different access methods 
respectively. It causes many problems. First, high cost is required to achieve interop-
erability between them. Also, the mechanism of exchanging and sharing is very com-
plicated. Many query statements for one request should be composed and processed.  

Query 3 is described to show SQL/MDR efficiency. Query 3 is an example to ac-
cess several distributed metadata registries and its request is the same with Query 1. 
We first assume the following situation to show several contributions of SQL/MDR. 
 

Assumption: 

! There exist two metadata registries. 
! Each metadata registry has different MDR structure each other. 
! The first metadata registry, MDR1 is designed with the following structure. 

- data_element_table includes all of the data elements 
- data_element_name is a field name of data_element_table and means name of 
data elements 
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- Status is a field name of data_element_table and means registration status of 
data elements 
! The second metadata registry, MDR2 is designed with the following structure. 

- table1 and table2 include all of the data elements together. Most attributes are 
included in table1 and some attributes including registration status are in table2. 
- table1 and table use name as join key. 
- Registration status is involved in reg_status, a field of table2. 

 

Query 3. (Distributed access to two metadata registries) Retrieve name of all data 
elements where registration status is ‘RECORDED’ from metadata registries, 
MDR1 and MDR2. 

SQL/MDR> SELECT   DE_status (RECORDED) 
                    FROM      data_element                                                                                     (Q3-a) 
SQL

MDR1
> SELECT   data_element_name 

                 FROM      data_element_table 
                 WHERE   status = ‘RECORDED’                                                                        (Q3-b) 
SQL

MDR2
> SELECT   table1.name  

                 FROM      table1, table2  
                 WHERE   table1.name=table2.name 
                 AND  table2.reg_status = ‘RECORDED’                                                             (Q3-c) 

If two metadata registries are designed and developed based on SQL/MDR ap-
proach, only one query statement (Q3-a) is written and processed to get the final 
result. However, the previous approach requires two query statements, (Q3-b) and 
(Q3-c) because they have different metadata registry structure and also there is no 
consistent access interface between them. If the number of metadata registries be N, 
then the previous approach requires N-query statements. Therefore, query modeling 
cost, distributed query process cost, preprocessing cost, and complexity of exchang-
ing mechanism increase exponentially. Table 4 shows comparisons of SQL/MDR 
approach and previous approach. 

Table 4. Qualitative comparison. The comparative items in this table can be divided into two 
aspects (Query modeling aspect and system development and query processing aspect) 

Comparative item Previous approach SQL/MDR 
Simplicity of query statement Complex  Simple 
Ease to use Different & unfamiliar Easy (SQL-like) 
Familiarity with users Low (Various) High (SQL-like) 
Independency of query description Dependent on each system Independent 

 (Uniform method) 
Query modeling cost High (query rewriting) Low (neutral modeling) 
Module for interoperability between 
MDRs 

N/A Support 

Distributed query processing cost High (n-to-n adapter) Low 
Standardization of access method N/A Support 
Complexity of exchanging and 
sharing mechanism 

High Low 
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In addition, SQL/MDR is an extension of SQL3, which is the international stan-
dard for query language of databases. Most of the database handlers are familiar to 
SQL3. Thus, they can utilize SQL/MDR in easy. 

5   Conclusion 

The metadata registry was inherited from the international standard ISO/IEC 11179. 
Currently, many metadata registries have been built in various fields. Although the 
metadata registries follow the standard and there are the same operations to access 
them, there is no standard method to consistently access the metadata registries. 

In this paper, we supposed a metadata registry query language as an access method 
to consistently manage the metadata registries in a standard manner. The metadata 
registry query language is named as SQL/MDR and is an extension of the interna-
tional standard query language, SQL3. To achieve this goal, we analyzed basic opera-
tions that are required to access the metadata registries. Then we defined the metadata 
registry operators based on the analysis result. Finally, these metadata registry query 
operators were integrated into SQL3. 

The proposed SQL/MDR is an extension of SQL3. Thus, many users managing da-
tabases can easily utilize SQL/MDR. SQL/MDR provides the standard names for 
essential composing elements that should be defined to create a metadata registry. In 
other words, we can identify whether anonymous metadata registry follows ISO/IEC 
11179 specification or not. It encourages all metadata registries to be created accord-
ing to the standard specification. In addition, SQL/MDR can be used as a protocol to 
exchange and share data elements between distributed metadata registries built inde-
pendently. 

In future, additional metadata query operators must be defined to increase usability 
of SQL/MDR. This paper focused on defining only query language for searching. 
Therefore, various query operators for creation, delete, and update should be defined 
and integrated into the proposed query language. 
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Abstract. Mediators used to be developed as monolithic systems that
envelop the data source’s information, such as its semantics and location.
It involves a high degree of coupling among the mediator’s components.
This coupling does not allow sharing services with other organizations or
the dynamic integration of new data sources. We propose an architecture
for conceptual mediation in which the sources’ query capabilities are
published as web data services. This architecture also provides a way
to achieve interoperability between applications in the Semantic Web
context.

1 Introduction

The amount of information in the web and the complexity of processing it in a
reason-able manner has given rise to a lot of research on heterogeneous data inte-
gration. Mediator-Wrapper is the most common approach to achieve this goal. Its
main objective is to allow users to make complex queries over heterogeneous data
sources, as if they were a single one, using an integration schema. Mediators offer
users interfaces for querying the system, based on the integration schema. These
interfaces transform user queries into a set of sub-queries that are sent to the
wrappers in order to be translated to the data sources schema. Therefore, data
sources can solve each sub-query. Usually, sub-query results are unstructured
documents that are translated into structured documents following a standard
format (XML, for example). XML technology makes it possible both to structure
the information and to explicit the schema by means of an XMLSchema doc-
ument. However, this information is insufficient for agents searching the Web,
due to the fact that they cannot interpret these XML documents because they
do not know their semantics.

Mediation systems have evolved by means of different improvements made to
traditional mediation architecture (of systems such as Manifold [1] and TSIMMIS
[2]). Nonetheless, there are still several open problems in semantic heterogeneous
data integration:

1. Design problems: (1) mediators and wrappers are strongly coupled; (2) they
are manually designed for each new mediator by software developers; in other
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words, there is no reusability; (3) there is no dynamic integration; (4) it is
not possible to use loose integration; and (5) software agents can not find
wrappers, as they are “hidden” behind mediators.

2. Semantic problems: (1) wrapper query capabilities and semantics are not
published; and (2) traditional mediators do not allow expressive queries
based on semantics.

On the other hand, the accumulated biological knowledge needed to pro-
duce a more complete view of any biological process is disseminated around the
world in form of biological sequences, structures, protein functions and pathway
databases. It is frequently stated that the volume of data in molecular biology
is growing at exponential rates. Nonetheless, the key feature of biological data
is not so much its volume but rather its diversity, heterogeneity and dispersion
[3]. Thus, we believe that mediation is a good approach for integrating biologi-
cal information sources. For this reason we have also studied several biological
mediators, such as TAMBIS [4], BioDataServer [5], KIND [6] and BioKleisli [7].
And we have developed an XML mediator, namely BioBroker [8], which reveals
the need of a way to dynamically integrate data sources in the field of biology.
The need of systems that provide dynamic integration of data sources has led
us to define a novel semantic mediation architecture [9] (Section 2). This ar-
chitecture includes directories in which an ontology and several resources with
semantics relevant to the domain information are published. We also improve
the wrapper generation process by publishing them as web services and mak-
ing their semantics accessible. This evolution from traditional wrappers to data
services is motivated by the following goals:

– The data services can be used by other mediators.
– The semantics of the data services is published on the web to be available

for other applications.
– Wrapper query capabilities can be enveloped into one or more services.

In this paper we briefly describe our architecture (Section 2). In Section 2.1
we present an extension of our proposal. Then, we illustrate by means of an
example, how our system can solve queries that other mediators cannot solve.
Finally, Section 3 presents some conclusions and future work.

2 DCRONO: A Semantic Mediation Architecture

DCRONO (Dynamic Conceptual integRation of heterOgeNeous data sOurces)
is a framework architecture that seeks to make wrappers independent entities
and to eliminate their ties to the mediator, thus increasing their reusability in
different applications. We emulate P2P hybrid systems, which implement a di-
rectory with location information of available resources. In these systems the
applications access the resources directly by means of point to point connections
that the directory has provided them with. Therefore, the flow of information
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is greatly reduced w.r.t. the one generated in the traditional client-server ar-
chitectures. Our proposal for semantic mediation stems from the need for both
dynamic integration and applications interoperability. This architecture intro-
duce two main considerations concerning the basic architecture of mediation:
(1) the isolation of wrappers, which are encapsulated as web services (Data Ser-
vices for us); and (2) the added directory (Semantic Directory) with information
about these Data Services (See Figure 1). This architecture allows wrappers to
contribute data, information schemas and query capabilities in a decentralized
and easily extensible way.

Fig. 1. Architecture for Semantic Integration

A data service needs to be registered in one or more semantic directories in
order to be used by a mediator or other software agent. In other words, data
services, like P2P hybrid systems, must know the location of semantic directories
that are in the same application domain. Finally, public interfaces of data services
and semantic directories will allow applications that share their communication
protocol to take advantage of knowledge about available directory resources.
Next we present the components of the proposed architecture as well as their
functionality.

Semantic directories offer essential services for query processing, and data
services provide the minimal elements for solving query plans. The aim of this
type of component is to allow applications to access wrapper functionalities. In
this way, we have designed an extensible and adaptive architecture in which we
can define a data service as “a service that offers wrapper query capabilities
using web protocols”.
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The publication of these online web services using UDDI (Universal Descrip-
tion Discovery Integration) [10] could allow other applications to dynamically
discover wrappers by means of an easy interface. However, our data services have
been devised for publication in a specialized type of directory: the semantic di-
rectory.

Semantic directories are at the core of this architecture because they provide
essential services for solving user queries. We can define a semantic directory as
“a server that offers information about available web resources (data services),
a domain ontology, mappings between resource schemas and this ontology, and
provides a query planner”.

A semantic directory stores an ontology described with OWL [11]. The plan-
ner can use reasoning mechanisms over this ontology in order to obtain better
query plans. This ontology, which must be generic for the application domain,
describes the core knowledge that is shared by a set of applications. It can be
seen as an abstraction of the knowledge of the resource schemas. Each schema
could be considered as a refinement of the domain ontology. Information about
data services will be added to a semantic directory when services register in it.

2.1 Semantic Fields: The Use of DCRONO on the Semantic Web

The basic configuration of our proposal has been described with only one direc-
tory. But we will usually have distributed configurations and/or more complex
architectures with several semantic directories. Now we present an analysis of
the integration problem between semantic directories in order to obtain inter-
operability capabilities among several application domains. We propose a two
level integration solution. At a first level we use “loose” integration between
close domains. For this task we take advantage of a reference ontology and use
automatic matching algorithms based on semantic distance measurements. At
the second level we propose “tight” integration among non nearly ontologies (see
Figure 2).

Semantic Field: Semantic directories integrate data sources taking advantage
of domain ontologies, as shown in Section 2. These ontologies represent core
knowledge that is shared by a set of resources. However, these domains will not
be sufficient for several end-users, who could need to obtain information from
different, but related, domains.

For example, a semantic directory can include a molecular ontology, but users
may need to retrieve information about molecular and structural data. In this
case, this application can use “loose” mappings with other related-domain on-
tologies in order to solve user queries. We define “loose mappings” as “mappings
that can be automatically obtained without human interaction”. Ontologies re-
lated by means of loose mappings set up a semantic field, which is dynamically
built up and updated, for a given user-application perspective. Thus, we provide
easy and automatic integration to offer users access to a set of resources, apart
from the resources of its semantic directory.
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Fig. 2. Mediation on the Semantic Web

An application builds a semantic field selecting a semantic directory and
starting to search the nearest ontologies of other semantic directories (setting a
maximum level of remoteness to compare with calculated semantic distances).
Once the application establishes a set of semantic directories it can use, it will
have defined a semantic field centered on a reference ontology (the one corre-
sponding to the initial semantics). Next, end-user queries are decomposed to be
planned for the semantic directories of the semantic field. Then these plans are
combined and evaluated to return a complete result to the user.

Semantic fields are generated, evolve dynamically and depend on the appli-
cation’s perspective, but applications need to find semantic directories to build
semantic fields. For this task the system takes advantage of a P2P network. That
is, when a new semantic directory appears it is published in a P2P network, each
semantic directory and application of this network receives information about
the new directory, and the semantic distance to other semantic directories of the
network are calculated. Note that semantic distances are static and only change
when an ontology changes.

However, applications may need to use a domain ontology that has not been
automatically added to its semantic field. In this case, the application can gen-
erate “tight” mappings between ontologies of its semantic field and external
ontologies. But institutions with standardization capability can also define these
kinds of mappings between well-known domain ontologies. This last type of
tight mappings is static and does not depend on the application perspective.
We define “tight mappings” as “those mappings that cannot be automatically
obtained and are established with human inter-action”. When semantic direc-
tories are mapped with a domain ontology of a semantic field, they are added
to the semantic field. Note that this type of integration could involve new loose
mappings with ontologies from outside our semantic field. That is, if we add a
new directory to our semantic field, then new loose relationships are searched in
order to include new directories in it.
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Our proposal is not to obtain isolated semantic fields; instead, we hope that
our solution will offer capabilities to achieve interoperable applications. In con-
sequence, we propose using both loose and tight mappings to obtain semantic
fields, and to take advantage of them to solve queries.

Suppose that we have a semantic directory with a domain ontology about bio-
logical functions and another one that builds a structural ontology like a domain
ontology. When our application (that works with the first directory) receives
information about the second directory, taking advantage of loose matching al-
gorithms it includes this new directory in its semantic field. Now this application
may take advantage of the new semantic directory to solve its user queries, as for
example: “Find structural in-formation about Transcription Factors, which are
proteins that recognize CIS elements of promoters of genes that encode the en-
zyme aldehyde dehydrogenase”. Thus, the functional part of the query is solved
in the directory that has the functional ontology, and the structural informa-
tion is retrieved from resources of the other directory. Next, another semantic
directory is published with a biological digital library ontology, and we establish
a tight mapping between its ontology and this new ontology. Now it can solve
more complex queries such as: “Find structural information about Transcription
Factors, which are proteins that regulate CIS elements of promoters of genes
that encode the enzyme aldehyde dehydrogenase, and publications where infor-
mation about these regulations can be found”. This query includes references to
the three directories, so it is necessary to send each part to the relevant semantic
directory.

Fig. 3. Biological Ontology

2.2 Biological Use Case

We present an example of use of the described proposal for the integration of
biological data sources. As a first step we have generated a domain ontology
to be used in a semantic directory. This ontology represents a functional view
of biological data (see Figure 3). Once the directory has been developed, we
can implement applications that will use it. These applications must include an
evaluator and maybe user interfaces.

Once semantic directories have been developed, they are autonomous and do
not need human actions, but a semantic directory and an application are not
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enough to solve user queries. So we have developed data services and added them
to the semantic directory (taking advantage of the “connect” method). These
resources envelop the access to biological sources, such as SRS LOCUSLINK,
EMBL, SWISS-PROT, SWISS-PROT ENZIME, PDB, MICADO, DIP, EPD
and TRANSFAC. Mappings between resource schemata and the domain ontol-
ogy are now obtained manually and inserted in the semantic directory when
connected to a data service.

Now we can solve a query like “Find the nucleotides sequence of proteins
encoded by some gene that contains the promoter whose id is EP17030”. This
query is rewritten in logical terms:

ans(S) :- Protein(P), Gene(G), encode(G,P), sequence(P,S), Promoter(Po),
part of(Po,G), id(Po, EP17030)

This query is sent to the semantic directory, which analyzes it taking advan-
tage of mappings between resources and the domain ontology. The planner takes
into account query capabilities in order to find sub-queries for each data source.
Finally, the query plan is evaluated by the user application, querying each data
source and composing results in terms of the domain ontology. Using all these
mappings, the proposed query is divided into three sub-queries:

1. ans(G) :- Promoter(Po), part of(Po,G), id(Po,EP17030), Gene(G)
2. ans(P) :- Protein(P), encode(G,P)
3. ans(S) :- Sequence(P,S)

These queries are connected by means of the gene (G) and the protein (P). So
the evaluation must be sequential (in a non-optimized plan). Now, these queries
must be evaluated in resources in which they can be solved. For this task the
semantic directory also makes use of mappings. Thus, it is sent to these resources,
and we obtain the results of Figure 4. Once the gene has been obtained, we can
try to solve the second sub-query to obtain the protein. Finally, the nucleotide
sequences are obtained and the system achieves the user-query result. If we
perform this task with a traditional mediator (that uses an ontology as the
integration schema), we can only send the second query to the SRS LOCUSLINK
data service. However, using our architecture, before solving these queries we
can use inference mechanisms to get better query plans. Thus, we use the class-
subclass inference mechanism to determine that instances of TRANS Element
and Enzime classes are also instances of Protein class. Using this knowledge
our architecture sends the second sub-query to the TRANSFAC and Swissprot
ENZIME data services. In this way, we can obtain more results than if we only
use the first service, which is what happens in traditional mediators. This sub-
query is rewritten as:

1. ans(P) :- Protein(P), encode(G,P)
2. ans(P) :- TRANS Element(P),encode(G,P)
3. ans(P) :- Enzime(P), encode(G,P)

Finally, sub-query results are composed in order to obtain ontology instances
that will be returned to the end-user. In our example these instances include
received data, but the system removes duplicate instances.



256 José Francisco Aldana-Montes et al.

Fig. 4. Example of resolution

Advanced Queries: This section tries to illustrate the differences between
traditional mediators and the proposed architecture with respect to query com-
plexity. By exploiting the reasoning capabilities of ontologies it is possible to
solve queries that are impossible to solve by means of traditional systems. These
reasoning capabilities allow us to derive new knowledge that the ontology does
not explicitly describe. Ontology definition languages like OWL provide the pos-
sibility of adding rich semantic information to the ontologies; this information
can be used to infer knowledge that helps us improve our queries. For example,
the queries of the previous example can also use the equivalent class knowledge
to infer equivalent classes of Protein and TRANS Element. Thus, queries that
include these classes can be rewritten to improve queries with this new knowl-
edge:

1. ans(P) :- Protein(P), encode(G,P) a. ans(P) :- Polypeptide(P), encode(G,P)
b. ans(P) :- Peptide(P), encode(G,P)

2. ans(P) :- TRANS Element(P), encode(G,P) a. ans(P) :- Trasncription
Factor(P), encode(G,P)

Fig. 5. Complex Query (Disjoint Classes)

In order to clarify these ideas we present some extensions of the previous
ontology and we describe how we can use the ontology knowledge to derive new
knowledge. Suppose that we add to the ontology some knowledge about which
classes are disjoint classes. For example, an enzime cannot be a peptide, thus
Enzime and Peptide are disjoint classes. (Figure 5). Since a protein has to be
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a TRANS Element or an Enzime and always one of them, we can infer that
every Peptide is also a TRANS Element. Therefore, a query such as “Find all
trans elements whose nucleotide sequence contains MAYHPFH” will return all
trans elements that has the sequence MAYHPFH plus the peptides that commit
with this assertion (because we infer that a peptide is also a trans element). A
traditional mediator has no mechanism to identify this information.

Finally, the ontology definition language allows us to define special properties
of relationships. These properties also encapsulate knowledge about the domain
that it is not explicitly asserted. For example, we can define a relationship as a
transitive one. We extend our ontology defining that the relationship part of is
a transitive relationship. Therefore, we could assert that a Promoter is part of a
Gene and a CIS Element is part of a Promoter. Since the relationship “part of” is
transitive, we can infer that a CIS Element is part of a Protein. This information
can also be used to make a query like “find all CIS Elements that are part of a
Gene named atpA”. In a traditional mediator it is not possible to know that a
Gene has CIS Elements, because this information will not be in the integration
schema.

3 Conclusions and Future Work

Our proposal makes use of existing improvements and uses them in an integration
architecture. In this way, we can handle new problems over an architecture that
takes advantage of other solutions. Thus, we explicitly describe mediator and
wrapper semantics. We study design and use existent technology (web services,
P2P, etc.) to obtain better integration systems.

In this paper we present an architecture (DCRONO) to integrate data sources
and an example for integrating Biological sources. This architecture is based on
an extension of traditional mediation, called semantic mediation. A mediator
typically uses an integration schema as a global view of the local schemas of the
data sources that are integrated. In our approach, the semantics introduced in
the Semantic Directories allows users to make more expressive queries, namely
semantic queries. Furthermore, information inferred from the ontology-explicit
knowledge is used to make queries that a traditional mediator could not evaluate.

We provide elements to achieve interoperability between semantic integration
systems that cooperate in the same application domain or have certain relations
(Semantic Fields). Furthermore, we introduce a solution to integrate semantic
fields and obtain better query capabilities. This will allow us to make complex
queries, relating do-mains like Digital Libraries and Molecular Biology. These
kinds of queries will really exploit the advantages of the proposed architecture.

Therefore, in several domains in which there are no technical users, such as
librarians or biologists, dynamic integration is a very important issue. In this
context, it is necessary to give users a simple environment for integrating data
information without modifying the mediator code or schema. Directories supply
an easy way to integrate data sources, opening up new directions for dynamic
integration.
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As future work, we intend to study the possibility of giving data services
more semantics, taking into account service quality, relations with other do-
main ontologies, etc. We plan to continue studying automatic mapping between
schemas and ontologies to establish correspondences between a retrieved docu-
ment’s schemas and directory ontologies in those new systems developed using
our architecture. We are also interested in establishing a semantic model to
define the data service’s query capabilities, which improves query planning by
adding inferences about query capabilities to reasoning between schemas and
the domain ontology.

Acknowledgements

This work has been supported by the MCyT grant (TIC2002-04186-C04-04).

References

1. Levy, A., Rajaraman, A., Ordille, J.: Querying Heterogeneous Information Sources
Using Source Descriptions. In Proc. VLDB, pages 251-262, Mumbai (Bombay),
India, Sep-tember 1996.

2. Papakonstantinou, Y., Garcia-Molina, H., Widom, J.: Object Exchange Across
Heterogeneous Information Sources. In Proc. ICDE, pages 251-260, Taipei, Taiwan,
March 1995.

3. Rechenmann, F.: From Data to Knowledge. Bioinformatics, v. 16, n. 5 pp 411.
4. Stevens et al.: TAMBIS: Transparent Access to Multiple Bioinformatics Informa-

tion Sources. Bioinformatics, 16:2 PP. 184-186.
5. Lange et al.: A computational Support for Access to Integrated Molecular Biology

Data.
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Abstract. We present an index structure that, for a given keyword T
and a tolerance value k, can find all documents in the database that
contain the keyword T or other words that match T approximately (We
say that two words match each other approximately if the edit distance
between them does not exceed the tolerance value k). Let M denote the
sum of the lengths of all words in the vocabulary and z the number of
words in the vocabulary. The index takes O(M log z) time to construct
and occupies O(M) storage. The locations of all the documents in the
database that contain the keyword T or words that match T approxi-
mately, can be found in O(n(log z + o n)) expected time where n is the
length of the keyword T , z the number of words in the vocabulary, and
o the number of words in the vocabulary that match T with an edit
distance of at most k.

1 Introduction

The retrieval of documents that match given keywords is one of the main prob-
lems in document database systems. This problem is gaining greater importance
recently, largely due to the use of the World-Wide Web and the feasibility of
keeping all documents on-line.

In this paper, we propose an index structure to support the approximate
keyword search. In an approximate keyword search query, the user presents a
keyword T (called the query word) and a tolerance value k (k ≥ 0), and wishes
to find all the documents in the database that contain the keyword T or words
that match T with at most k errors (differences).

We use the edit distance to measure the difference between two words. The
edit distance between two words (strings) is the minimal number of edit opera-
tions (insertions, deletions, or changes of characters) that must be performed to
convert one word into the other.

The approximate search is useful in many applications. For example, a user
may misspell a word due to human error. The same message transmitted re-
peatedly on the same communication channel may be received differently on
different occasions due to the noise on the channel. In molecular biology, one
often needs to compare a newly sequenced protein against a (huge) dictionary
of protein sequences to see if it matches, allowing certain number of errors, any
protein already stored in the dictionary. Hereby, the exact matching paradigm
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is inappropriate since even sequences of the same protein differ slightly among
organisms of the same species.

As far as we know, most existing document database systems that can per-
form approximate keyword search must first scan the vocabulary sequentially,
word by word. Once the set of matching words in the vocabulary is found, their
documents in the database can be retrieved using, for example, inverted lists.
The index structure to be presented in this paper does not search the vocabulary
sequentially, it instead uses a filtering technique that allows us to examine only
a small set of words in the vocabulary that are likely to match the query, thus
reducing search time significantly.

2 Computing Edit Distances between Strings

Several distance functions have been proposed to measure the difference between
strings. The edit distance is one of the major difference measures for string
processing. It has been used in many areas, such as text databases, molecular
biology, and data communications.

Definition 1 (edit distance). The edit distance between two strings X and
Y , denoted as De(X, Y ), is defined as the minimal number of edit operations -
deletions, insertions, and substitutions of characters - needed to transform one
string into the other.

A simple dynamic programming algorithm to compute the edit distance has
been discovered independently by several authors [SK83]. The algorithm runs in
Θ(m n) time. In fact, Ω(m n) operations are necessary to compute the distance if
operations on characters of the strings are restricted to tests of equality [WC76].

3 Computing q-Gram Distances

Since computing the edit distance requires quadratic time, we will use a “sim-
pler” distance, called the q-gram distance to estimate the edit distance. The
q-gram distance between two strings can be computed in linear time. Let Σ be
a finite alphabet. Let Σ∗ denote the set of all strings over Σ and Σq denote
the set of all strings of length q over Σ, sorted in lexicographic order, for some
integer q. A q-gram is any string w = x1 · · ·xq in Σq.

Definition 2 (q-gram profile/distance). The q-gram profile G(S) of a string
S ∈ Σ∗ is a vector of |Σ|q dimensions whose i-th element equals the number
of occurrences of the i-th q-gram of Σq in S. The q-gram distance Dq(S1, S2)
between two strings S1 and S2 in Σ∗ is defined to be the L1-distance of their
q-gram profiles.

Example 1. Let S1 = 001111 and S2 = 01010 be two strings in the binary
alphabet Σ = {0, 1}. Their 2-gram profiles, listed in the lexicographical order of
the 2-grams, are G(S1) = (1, 1, 0, 3) and G(S2) = (0, 2, 2, 0), and their 2-gram
distance is D2(S1, S2) = 7.
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The concept of q-grams dates back to Shannon [Sha48] and has been applied
successfully in many variations in different string processing methods (see, e.g.,
[OM88] and [Ukk92]).

3.1 Constructing q-Gram Profiles

Let the alphabet be Σ = {a0, a1, · · · , az−1} with z = |Σ|. Any string X =
x1x2 · · ·xq can be interpreted as an integer f(X) in base-|Σ|-notation:

f(X) =
q∑

i=1

x̄iz
q−i (1)

where x̄i = j if xi = aj , i = 1, 2, · · · , q (that is, xi is the j-th character in the
alphabet Σ). Note that f(X) is a bijection, i.e., f(X) = f(X ′) if and only if
X = X ′. We call f(X) the finger-print of X . When “scanning” a string T =
t1t2 · · · tn ∈ Σ∗, i.e, when considering q-grams in adjacent positions, the finger-
prints can be computed quickly. More precisely, for Wi = titi+1 · · · ti+q−1, 1 ≤
i ≤ n − q + 1, we have

f(Wi+1) = (f(Wi) − t̄iz
q−1)z + t̄i+q (2)

By first computing f(W1) =
∑q

i=1 t̄iz
q−i and then applying Eq. (2) for i =

1, 2, · · · , n − q, all finger-prints of all q-grams in T can be computed in O(n)
time. Each time when the finger-print of a q-gram Wi is computed, we record
its occurrence in T in an array G(T )[0 : zq − 1] by incrementing G(T )[f(Wi)]
by 1. So, we get the following result:

Lemma 1. The q-gram profile G(T ) of a string T of length n can be computed
in O(n) time and occupies O(|Σ|q) space.

Since at most n−q+1 elements of the q-gram profile G(T )[0 : |Σ|q−1] of T are
active (non-zero), the space requirement of O(|Σ|q) can be reduced to O(n) with
some standard hashing technique on the non-zero elements of G(T )[0 : |Σ|q −1],
resulting in a compact version of the q-gram profile CG(T ) of T . Namely, the
compact q-gram profile CG(T ) of T is a table of n − q + 1 entries. For each
distinct q-gram X of T , there is an entry 〈f, c〉 in the table where f equals the
finger-print of X , and c is the number of times X appears in T . It is easy to see
the following lemma.

Lemma 2. The compact q-gram profile CG(T ) of a string T of length n can be
computed in O(n) expected time and occupies O(n) space.

3.2 Computing q-Gram Distances

From Lemma 1 , it is easy to see

Lemma 3. Given the q-gram profiles of two strings T and P of length n and m
respectively, the q-gram distance Dq(T, P ) between T and P can be computed in
O(n + m) time.



262 Fei Shi

3.3 Using q-Gram Distance to Estimate Edit Distance

Since any algorithm that computes the edit distance between two strings X of
length n and Y of length m needs to spend Ω(nm) time (see, e.g., [WC76] and
[AHU76]), we would like to estimate the edit distance by q-gram distance which
can be computed in linear time.

The following fact suggests that q-gram distance can be used as a lower bound
for the edit distance.

Lemma 4 (Ukkonen[Ukk92]). Let P = p1 p2 · · · pm and T = t1 t2 · · · tn
(n ≥ m) be any two strings and q any positive integer, q < m. Then,

Dq(P, T )/2q ≤ Ded(P, T ).

The q-gram distance measure has been successfully used by a number of
researchers as a filter to speed up algorithms for the approximate string matching
problem (see, e.g., [Ukk92] and [ST95]).

In our approximate search problem, we are given a set of words (vocabulary)
and a query consisting of a query word T and tolerance value k, we are asked
to find all words P in the vocabulary that matches the keyword T with at most
k errors (that is, the edit distance between P and T should not be more than
k). We first find all words P in the vocabulary such that the q-gram distance
between P and T is not more than 2qk (i.e., Dq(P, T ) ≤ 2qk), then we apply
the dynamic programming algorithm to P and T . By Lemma 4, we wont miss
any qualifying words P . On the other hand, this filtering technique allows us to
reduce the number of words in the vocabulary that need to be examined by the
expensive dynamic programming algorithm.

4 Monotonous Bisector Trees

The data structure we choose to store the q-gram profiles of all words in the
vocabulary is the so-called monotonous bisector tree (MBT) (cf. [NVZ92]).

Definition 3 (monotonous bisector tree). Let S be a finite set of points in
an arbitrary space E with distance function d, and let x1 ∈ S. A monotonous
bisector tree MBT (S, x1) is a binary tree defined (recursively) as follows:
If 1 ≤ |S| ≤ 2, then MBT (S, x1) consists of a single node containing all elements
of S.
If |S| > 2, then the root w of MBT (S, x1) contains two points: x1 and another
point x2 ∈ S−{x1}. The children of w are MBT (S1, x1) and MBT (S2, x2) such
that Si contains all points in S that are closer to xi than to xj (i, j = 1, 2; i �= j)
with respect to the distance function d. The points in S with equal distance to x1

and x2 are split into two halves, one for S1 and one for S2.

Note that by the definition S1 ∩ S2 = ∅ and S1 ∪ S2 = S. The two subtrees
MBT (S1, x1) and MBT (S2, x2) can be regarded as two clusters of S. For our
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purpose, we additionally store in each node of the tree the radius of the cluster
corresponding to that node:

radius(Si, xi) := max{d(x, xi)|x ∈ Si}.
Lemma 5 ([NVZ92]).

1. In an MBT , the radii of the clusters corresponding to the nodes on a path
from the root down to a leaf makes a monotonously decreasing sequence.

2. Let S ⊂ Rd be a finite set of n points. For any Lp-metric (1 ≤ p ≤ ∞)
an MBT with logarithmic height can be constructed in O(n log n) time and
uses O(n) storage, assuming that the distance between any two points can be
computed in constant time.

In our case, the underlying space is the |Σ|q-dimensional real space of the
q-gram profiles under the L1-metric. This high dimension does not adversely
affect the efficiency of our methods, because the construction of the MBT is
mainly based on distance relations between two points and can be carried out
with the compact q-gram profiles.

Fixed-Radius Near Neighbor Search
Monotonous bisector trees support a large variety of proximity queries. What
we are interested in is the fixed-radius near neighbor search: we search for all
points in S with distance at most r to a given point p ∈ E; p is called the center
and r the radius of the search ball. Starting from the root of the tree, suppose
we are now at a node corresponding to the subtree MBT (V, x). We can prune
the subtree MBT (V, x) from our search if

Dq(p, x) − radius(V, x) > r.

We accept the points stored in the whole subtree if

Dq(p, x) + radius(V, x) < r.

Furthermore, we check if the search ball intersects the bisector of x1 and
x2 or not. If the search ball lies in one side of the bisector we can restrict our
search to the subtree corresponding to this side. More precisely, the search can
be restricted to the subtree MBT (S1, x1) if

Dq(p, x1) − Dq(p, x2) < −2r, and correspondingly,

the search can be restricted to the subtree MBT (S2, x2) if

Dq(p, x2) − Dq(p, x1) < −2r.

Extensive experiments have shown that the average query time for the fixed-
radius near neighbor search is proportional to log n+s where n is the number of
points stored in the tree and s the size of the output of the query (cf. [NVZ92],
[Zir90] and [Zir92]).
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5 Constructing the Index

Let the vocabulary be V = {P1, P2, · · · , Pz} where each Pi is a string over some
finite alphabet Σ (e.g., the English language alphabet). Let T be the query
word, also a string over Σ. The basic idea is to preprocess the vocabulary into
a monotonous bisector tree, to make subsequent searches with different query
words fast.

5.1 Construction of the Index

The index is constructed in two steps.

1. Compute the set Q of the q-gram profiles of all words in the vocabulary V .
2. Construct the monotonous bisector tree MBT for the set Q under the q-gram

distance.

The choice of a proper value for q – the number of characters in a q-gram
– will depend on the particular application. For example, our calculation shows
that in the Cystic Fibrosis Collection [SWWT91] the average size of a keyword
is about 15 characters long (a phrase such as AMINO-ACID-METABOLISM-
INBORN-ERRORS is treated as a single keyword in that collection). The Cystic
Fibrosis Collection contains about 1500 documents indexed with the term ’cystic
fibrosis’ in the (USA) National Library of Medicine’s MEDLINE database. So
for a typical medical science document database, q may be chosen as q = 2, or, 3.
In the case of DNA/RNA or protein databases, a keyword (pattern) can be
hundreds or thousands of units (nucleotides or amino acids) long, so we should
choose much larger q in such cases.

In a real approximate document retrieval application, we should associate
each keyword P in the vocabulary with a pointer to the locations of the docu-
ments that contain this word. This augmented version of the vocabulary can be
constructed using standard techniques such as inverted file. In other words, our
index can be built on the top of the inverted file for the document database.

5.2 The Search Algorithm

Given a keyword (query word) T and a tolerance value k, we want to find all
the documents in the database that contains the keyword T or any other word
that matches T with at most k errors. The search is done in the following steps:

1. Compute the q-gram profile G(T ) of T .
2. Select candidate words from the vocabulary V by performing a fixed-radius

near neighbor search on the MBT of V with G(T ) being the center and 2qk
the radius.

3. Check the candidate words obtained in the preceding step (Step 2) one by
one against T using the dynamic programming algorithm.
The result of this step is a set of matching words W that has an edit distance
of at most k to T .
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4. Locate all documents in the database that contain the matching words W
obtained in the preceding step (Step 3) using some existing index built on
the database (such as inverted file or bitmap index).

Note Step 2 is based on Lemma 4.

5.3 Updating the Index

Inserting a word P into the index is easy: we compute the q-gram profile G(P )
of P and insert it into the MBT of the vocabulary. Deleting a word P from the
vocabulary is done similarly.

5.4 The Complexity of the Index Structure

Cost of the Index
Let M denote the sum of the lengths of all words in the vocabulary V and z the
number of words in the vocabulary V .

By Lemma 1, Step 1 in the construction of the index takes O(M) time. Since
each time after we have computed a q-gram profile for a word in V we can insert
it immediately into the MBT , so Step 1 only needs O(|Σ|q) working space.

From Lemma 5 we know that Step 2 uses O(M log z) time and O(M) storage.
Hence, the index needs O(M log z) time to construct and it occupies O(M)

storage.

Query Time
Let n be the length of the query word T and z the number of points in the MBT
(z is equal to the number of words in the vocabulary V ).

Step 1 in the Search Algorithm takes O(n) time.
Since the expected query time for the fixed-radius near neighbor search on

an MBT is t log z + o where z is the number of points stored in the tree, o
the size of the output of this fixed-radius near neighbor search and t the time
needed to compute the distance between any two points (cf. [NVZ92], [Zir90]
and [Zir92]), Step 2 needs time O(n(log z + b)) on the average where b is the
number of points in the tree contained by the L1-ball with the q-gram profile
G(T ) being the center and 2qk the radius.

If the dynamic programming algorithm is used, Step 3 takes O(bn2) time.
Thus, the search algorithm will need O(n(log z + bn)) time on the average

(This time does not include the time needed by Step 4 which uses some existing
index built on the database for exact search operations).

Experiment. We wrote a program to do the following experiment on the Cystic
Fibrosis Database [SWWT91]: we randomly choose a word W from the vocab-
ulary V of about 2100 keywords. Then we randomly choose k positions in W
and change the characters in these positions to other random characters. The
resulting word is then become our query word Q. Then we search the vocabulary
V for keywords whose edit distance to Q is not more than k – the number of
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such matching keywords is then c, and we search for keywords whose q-gram
distance to Q is not more than 2kq – the number of such matching keywords is
then b. We repeat the above experiment thousands of times and found out that
on the average the ratio of b to c is about 1.2 - 11 for k = 2 and q = 2. For bigger
k, the ratio is higher. That means that for each keyword in the vocabulary that
matches our query word with at most k errors (i.e, an edit distance of at most
k), we need to examine about 1.2 - 11 keywords in the vocabulary on the average
for small k.

Updating Time
Inserting/deleting a word of length m into/from the MBT of the vocabulary
takes O(m log z) time.

6 Conclusion and Future Work

We have presented an index structure for approximate document retrieval. This
index allows us, for each query issued by a user that consists of a keyword
T and a tolerance value k, to quickly find the locations of all the documents
in the database that contain the keyword T or any other word that matches T
approximately (We say that two words X and Y match each other approximately
if their edit distance does not exceed k, the tolerance value specified by the user;
typically a user will choose k = 1, 2, 3, or 4). Computation of the edit distance
between two strings X of length n and Y of length m needs Ω(n m) time. Thus, it
could take us enormous amount of time if we had to examine every word in the
vocabulary against the keyword T . Our index structure allows us to examine
only a small subset of the words in the vocabulary that are likely to match
(approximately) the keyword, thus reducing the search time significantly. This
filtering technique is based on the q-gram function, which can be computed in
linear time. Preliminary experiments have shown that this filtering technique is
very effective. The index is stored in a data structure called the monotonous
bisector tree (MBT).

More sophisticated approximate boolean queries can also be implemented
using this index.

In applications that involve enormous large vocabularies, one should consider
using a B−tree version of the MBT tree to hold the index.

We are currently implementing our index structures and will empirically
compare our index structures with other existing index structures using some
real world data such as the TREC collections.

We are also considering extending our technique so that we can quickly an-
swer approximate search queries in DNA/RNA or protein sequence databases
(such as Genbank and SwissProtein).
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Abstract. This paper proposes a design method for soft real-time search engine 
system, and provides proofs to its correctness and robustness both in control 
theory and by practical experiments. An analyzable mathematical model is set 
up to approximately describe the nonlinear and time-varying search engine sys-
tem. The feedback control theory is adopted to prove the system’s stableness, 
zero steady state error and zero overshoot. The soft real-time guarantee is satis-
fied while the feedback system is in stable state. The experiment results further 
prove the effectiveness of our scheme. 

1  Introduction 

Quite a lot of literatures on search engine system have been presented in the past few 
years. However, substantial opportunities for improving the performance of web 
search still exist, and research in this field continues to expand rather than shrink. In 
this paper, the runtime performance of search engine system in the Internet environ-
ment is concerned, and a general framework to design search system with soft 
real-time guarantee is proposed. 

Most practical and commercially operated search engines are based on a central-
ized architecture that relies on a set of key components, namely Crawler (or Robot), 
Indexer, and Searcher. A crawler is a module aggregating documents from WWW in 
order to generate a local copy. An indexer is a module that takes a collection of 
documents or data and builds a searchable index from them. Common methods are 
inverted files, vector space, suffix structures and hybrids of these. A searcher is 
working on the output files from the indexer. The searcher accepts user queries, exe-
cutes the query over the index, and returns sorted search results back to users. Fig-
ure 1 illustrates the architecture of the search engine system. 

In order to keep the local copy up to date, it is desirable for search engine system to 
have soft real-time property. Real-time systems are computing systems that must react 
within precise time constraints to events in the environment [1]. As a consequence, 
the correct behavior of these systems depends not only on the value of the computa-
tion but also on the time at which the results are produced. The time before which a 
task should be completed to avoid damage to the system is called deadline. A system 
is said to be soft real-time if deadline missing decreases the performance of the sys-
tem, but does not jeopardize the system’s correct behavior. 
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Fig. 1. The architecture of search engine system 

Although there exists much research work that evaluates and improves the per-
formance of search engine system, very limited work has been done to propose design 
methods for real-time search system, and even less work provides theory analysis. 
The difficulty lies on the fact that the search engine system is a nonlinear and 
time-varying system. Therefore it is not easy to describe it by a mathematical model. 
Without an analyzable mathematical model, it is impossible to apply real-time theory 
to the system design with proofs. Most current methods to improve the efficiency of 
search system are to run more crawlers, both in the centralized and distributed archi-
tectures. These methods cannot provide precisely control to the network bandwidth 
required for the search operation. Therefore bandwidth waste is usually inevitable. 
How to provide real-time guarantee without relying on over-provisioning of network 
bandwidth becomes a great challenge. The contribution of this paper is to resolve 
these problems. After this introduction, section two introduces the related works in 
the field of search engines and real-time scheduling algorithms. Section three explains 
our system design methods in theory. Section four gives the performance evaluation. 
Section five makes the conclusion. 

2  Related Work 

It is an important requirement for search engines to provide most fresh information to 
users. Much of the recent work has been done to reduce the update cycle and improve 
the system efficiency. For example, agent technology has been tried to implement 
distributed search in paper [2]. This kind of system runs multiple agents locally in 
different websites, and sends a compact summary back to the search engine. An 
AS-based distributed system is proposed in paper [3], which divides the search do-
main into small blocks to improve the system throughput. Nobuyoshi Sato develops a 
distributed search engine, called Cooperative Search Engine (CSE), in order to re-
trieve fresh information [4, 5]. In CSE, a local search engine located in each web 
server makes an index of local pages. And a meta search server integrates these local 
search engines in order to realize a global search engine. Paper [6] describes a search 
system in P2P network. Paper [7] advocates an approach in which web servers them-
selves track the changes happening to their content files for propagating updates to 
search engines. However, all these systems do not take the real-time property into 
consideration. The runtime behavior is uncertain and cannot be guaranteed in theory. 
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Paper [8] proposes a scheme for real-time search engine. In this system, users can 
specify an explicit deadline, and the search results will be returned before the dead-
line. This system provides real-time guarantee for user queries, not for the searched 
websites. It just tries best to search web pages as many as possible in the specified 
time interval. So it is not suitable for large-scale search. J.Talim discusses how to 
control the number of crawlers using the tools of stochastic process [9]. This research 
inspires us very much while we build the mathematical model of search engine sys-
tem. It is generally believed that changing resource allocated to search engines, such 
as the number of crawlers, will change the search ability of the system. 

On the other hand, it is necessary to introduce some related work in the field of 
real-time system. The field of real-time scheduling has been growing exponentially 
since the mid-1970s. Liu and Layland studied the problem of scheduling hard tasks in 
1973 [10]. From then on, many of the classical algorithms and analysis methods focus 
on strict hard deadlines, by which a system is deemed schedulable only if every task 
is guaranteed to complete before its deadline. For example, the famous RM, DM, 
EDF algorithms have been proved to be optimal under their respective conditions [1]. 
In these researches, a real-time system is modeled as a set of N  independent tasks 

},,{ 1 NS ττ L= . Each task consists of an infinite sequence of identical activities 

that are regularly or irregularly activated, called instances or jobs. The j th job of the 

i th task will be denoted by ijJ . If the jobs are activated regularly, the task is called 

periodic task; otherwise, it is called aperiodic task. 
Further research shows that the traditional scheduling algorithms are highly ineffi-

cient in the unpredictable environment, where the execution time of a task varies 
greatly from one instance to another. The experiment of T.S.Tia demonstrates that 
traditional scheduling methods lead to computation resource loss, and the processors 
are very much under-utilized, even to 13% - 25% [11]. In order to overcome the 
shortcoming of low efficiency, flexible scheduling algorithms are proposed. One of 
them is stochastic scheduling [12]. Stochastic scheduling does not guarantee each job 
to complete before its deadline, it only promises that a certain percent of jobs will 
complete in time. So it is a kind of soft real-time scheduling algorithm. 

In recent years, much research work has applied control theory to computing sys-
tems in order to achieve acceptable performance in unpredictable environment. For 
example, several papers [13, 14, 15] present flexible scheduling techniques to im-
prove digital control system performance. A control-theoretical approach has also 
been applied to provide Qos guarantees in web servers [16, 17] and e-mail servers 
[18]. Feedback control outperforms the open loop control in unpredictable environ-
ment. Feedback control theory is adopted to implement adaptive real-time system in 
paper [19, 20, 21]. However, feedback control theory has been mostly applied in me-
chanical and electrical systems. In trying to apply feedback control theory to a search 
engine system, the modeling and implementation face significant research challenges. 
Some of these challenges will be answered in this paper. 

3  System Design with the Guide of Control Theory 

Let us explain how to define a search engine as real-time system. For a search engine 
system, let us assume there are L  websites in its search domain, which correspond 
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to L  periodic tasks. Each visitation to a website is deemed as a job. A search engine 
employs different update cycles for different websites in the search domain. That is to 
say, to keep up with the update speed of a website, the search system is required to 
visit this website in a fixed time interval. Therefore, the time interval can be deemed 
as period T , the end of the interval can be deemed as deadline. The purpose of our 
design method is to implement a soft real-time search engine, which can guarantee the 
temporal constraint for a certain percent of websites. And this percent value is ad-
justable by system implementers. 

3.1  Variables in the Control System 

The first step in designing the real-time search system is to decide the following vari-
ables in terms of control theory. Readers can refer to [22, 23, 24] for the basic knowl-
edge of control theory. 

Controlled variable is the performance metric controlled by the real-time search 
engine system. In our model, the variable deadline satisfied ratio )(kM  is used as 

controlled variable, which is defined over a time window },)1{( kWWk − , where 

W is the sampling period and k  s called the sampling instant. For the simplicity, 

time window },)1{( kWWk −  is also called time window k . The deadline satis-

fied ratio )(kM  at the k th sampling instant is defined as the ratio between the 
number of the jobs that respect their deadlines and the total number of all jobs (com-
pleted and aborted) in the sampling window k .  

Performance reference represents the desired system performance in term of the 
controlled variable. For example, a particular system may require a deadline satisfied 

ratio %90=refM . The difference between a performance reference and the cur-

rent value of the controlled variable is called an error. The deadline satisfied ratio 

error )()( kMMkE refM −= . 

Manipulated variable is system attribute that can be dynamically changed by the 
system to affect the value of the controlled variable. In our system, the manipulated 
variable is search speed )(kS . The search speed )(kS  at the k th sampling in-

stant is defined as the product of )(kN  and )(kA , where )(kN  is the number 

of crawlers at time window k , )(kA  is the average search speed of one crawler at 

time window k . )(kA  can be measured by recording the average number of web 

pages visited by one crawler in time window k , or the number of http sessions in 

time window k . )(kA  is time-varying and dependent on the quality of the net-

work. However, it is assumed that )(kA  does not vary greatly in two adjacent time 
windows. 

Figure 2 illustrates the framework of our real-time search engine system. The 
monitor measures the controlled variable )(kM  and feeds the samples back to the 
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controller. The controller compares the performance references refM with )(kM  

to get the current error )(kEM , and computes a change )(kD  (called control 

input) to the search speed )(kS . The controller uses a simple P (proportional) con-
trol function to compute the correct search speed value to compensate for the distur-

bance and keep the deadline satisfied ratio close to the reference refM . The crawler 

manager dynamically changes the search speed at each sampling instant k  accord-

ing to the control input )(kD  by adjusting the crawler number. The goal of the 

crawler manager is to enforce the new search speed )()()1( kDkSkS +=+ . In 
our system, crawler manager can calculate the new crawler number by formula  

 )(/)1()1( kAkSkN +=+  (1) 

Formula (1) is feasible because of the previous assumption that the average search 
speed of one crawler does not vary greatly in two adjacent time windows. 

3.2  Open Loop Transfer Function 

The second step is to establish an analytical model to approximate the search system. 
Although it is difficult to precisely model a nonlinear and time-varying system, we 
can approximate such a system with a linear model for the purpose of control design 
because of the robustness of feedback control with regard to system variations. Start-
ing from the control input, the crawler manager changes the search speed at every 
sampling instant k .  

)()()1( kDkSkS +=+  (2) 

Since formula (1) uses )(kA  to compute )1( +kN , the precise value of actual 

search speed at time window 1+k  )1( +kAS  may differ from the predicted 

value )1( +kS .  
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Fig. 2. Framework of real-time search engine system 
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)1()1()1( ++=+ kSkRkAS AS  
We can also rewrite it as following: 

)()()( kSkRkAS AS=  (3) 

where )(kRAS  is a time-variant variable that represents the extent of search speed 

variation in terms of the predicted value. Let )}(max{ kRR ASAS = , which is 

called the worst-case extent of search speed variation. Hence Equation (3) can be 
simplified to the following formula for the purpose of control design: 

)()( kSRkAS AS=  (4) 

)(kM  usually increases nonlinearly with the search speed )(kAS . The rela-

tionship between )(kM  and )(kAS  needs to be linearized by taking the deriva-

tive at the vicinity of the performance reference refM  as the deadline satisfied ratio 

factor MR : 

)(
)(
kdAS
kdMRM =  (5) 

In practice, the deadline satisfied ratio factor MR  can be estimated experimen-

tally by plotting a )(kM  curve as a function of )(kAS  based on experimental 
data. Now, we have the following linearized formula: 

))1()(()1()( −−+−= kASkASRkMkM M  (6) 

Based on Equations (2) and (4), the analytical model for the deadline satisfied ratio 
output is as following: 

)1()1()( −+−= kDRRkMkM ASM  (7) 

We now convert the model to z-domain transfer function that is suitable to control 
theory methods. Let )(zY  be the z-transform of the output variable )(kM , and 

)(zX  be the z-transform of the input variable )(kD . A linear system can be rep-

resented by a transfer function )()()( zXzYzH = . For our system, formula (7) 

can be converted into z-domain as 11 )()()( −− += zzXRRzYzzY ASM . So the 

transfer function in open loop is: 

1
)(

−
=
z
RR

zH ASM
open  (8) 

3.3  Closed-Loop Transfer Function 

The third step is to establish the closed-loop transfer function. At each sampling in-
stant k , the controller computes a control input )(kD  based on the deadline satis-
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fied ratio error )(kEM . We choose a simple P (proportional) control function to 
compute the control input.  

)()( kEKkD M×=  (9) 

It is obvious that the parameter K  has great impact on the system performance. 
In order to analyze the suitable value for parameter K , we convert figure 2 to the 
following block diagram according to control theory. In figure 3, we introduce the 
closed loop, and the closed-loop system transfer function should be recalculated based 
on the open loop one.  

Fig. 3. Feedback control loop 

The system input )(zI  is the performance reference, which is modeled as a step 

signal, )1/( −zzM ref  in the z-domain. From control theory, we can establish a 

closed-loop transfer function of deadline satisfied ratio in response to the reference 
input: 
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and the output can be computed by: 
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The second input to the closed-loop system is the disturbance )(zN  that adds to 

the total requested search speed )(zAS . For example, some websites suddenly have 
huge body of new information that cost the crawlers much more time to process than 
expected. This kind of sudden change represents more severe variation than the other 
smooth ones, so we can model )(zN  as a step signal that jumps instantaneously 

from 0 to N , or )1/()( −= zNzzN  in the z-domain. Here the value N  
means the extent of the disturbance. Considering the disturbance input, the 
closed-loop system transfer function for the deadline satisfied ratio in response to the 
disturbance is as following: 
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The system output while considering both reference input and disturbance input can 
be computed by: 

)()()()()( 21 zNzHzIzHzY +=  (13) 
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3.4  System Profile 

According to control theory, a system is stable if and only if all the poles of its trans-
fer function are in the unit circle of z-plane. The only one pole in formula (10) and 

(12) is MAS RKR−1 . So, if MAS RRK /20 << , the stability can be guaranteed. 

In our system, )(kM  is the output, and its corresponding format in z-domain is 

)(zY . The final value theorem of digital control theory states that the system output 

converges to a final value: )()1(lim)()(lim
1

zYzMkM
zk

−=∞=
→∞→
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This means that the steady state error is zero. 
According to control theory, for the system transfer function (formula 10), the 

overshoot remains zero in response to reference input if the closed loop pole equals to 
or larger than zero. So, if the parameter K  satisfies the condition 

MAS RRK /10 ≤< , the deadline satisfied ratio )(kM  reaches zero overshoot. 

The settling time of this feedback system can be adjusted by parameter K , because 
the parameter K  has direct relation to the pole of the transfer function. It is a basic 
technique to determine the settling time according to poles in a first order system in 
control theory. 

While the search system is steady, the output )(kM  will be stabilized at the 

value refM . When disturbance occurs, the system will converge to the desired value 

refM . The speed of this converging can be adjusted by parameter K . If )(kM  is 

stabilized at the value refM , the soft real-time guarantee is satisfied according to the 

concept of stochastic scheduling. 

4  Performance Evaluations 

The hardware platform of our experiments is a cluster of four PCs with CPU800MHz 
and memory 256M. Multiple computers are involved in order to eliminate the hard-
ware bottleneck to the number of processes. Usually, when the number of processes is 
very large, the efficiency of multiple processes cannot be achieved in a single CPU 
machine, because those processes are running concurrently, not in parallel. The search 
domain is limited in 1200 Chinese news web pages (like http://news.sina.com.cn), 
which provide continually changed fresh news everyday. Some websites changed 
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frequently, and the shortest update period is 10 minutes; some changed less fre-
quently, and the longest update period is 3 hours. The search engine is designed to 
receive all the news in these websites in the respective update periods and with lowest 
possible network bandwidth. The total news is about 30000 pieces each day, except 
for Sunday and Saturday. The following table records the update period distribution 
of the test set. 

Table 1. Distribution of the update periods 

Number of websites Update Period 
18 10 minutes 

273 30 minutes 
562 1 hour 
258 2 hour 
89 3 hours 

 
The first step is to determine the relation between deadline satisfied ratio )(kM  

and actual search speed )(kAS . The relation is nonlinear partially because the un-
even distribution of deadlines in our test set. It is more difficult to provide real-time 
guarantees to tasks with short deadlines. Figure 4 shows the experiment results of 

)(kM  based on )(kAS . Here, )(kAS  is measured by http sessions. The HTTP 
header fields, such as Last_Modified and Content-Length, are able to facilitate search 
operations. So, a certain number of operations of crawlers do not involve the visita-

tions to html pages. If %80=refM , we can draw the tangent line at point 

8.0)( =kM . The tangent slope is 
)(
)(
kdAS
kdMRM = . Therefore RM (0.8) = 0.01. 
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Fig. 4. M(k) curve based on AS(k) 

In the later steps, we use 5.1=ASR , %80=refM and sampling period W = 3 

minutes. Note that the point %80)( =kM  is more difficult to control because it 
has relatively higher curvature in figure 4, which makes it least amenable for linear 

)(kM∆

)(kAS∆
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modeling. Figure 5 records the system performance in a segment of 300 minutes dur-
ing stable state. While the disturbance exists, the variation range of deadline satisfied 

ratio is within 5% to refM . 
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Fig. 5. Stable state performance 

Figure 6 records the change of crawler number during the same time segment. In 
this segment, the maximum number is 30, and minimum number is 16. With the 
real-time guarantee, the crawlers are dynamically increased or decreased to save the 
network bandwidth, which is one of the advantages of our system. Traditional search 
engine system cannot provide this kind of control between )(kM  and network 
bandwidth usage. System implementers can choose a reasonable tradeoff point be-
tween these two variables.  
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Fig. 6. Chang of crawler number 

5  Conclusions 

This paper proposes a design method for soft real-time search engine system. A 
mathematical model of search system is set up. And the control theory is applied to 
prove the system performance guarantee. Experiment results further prove the effec-
tiveness of our scheme. Future work will further investigate the feedback control of 
crawlers and integrate the indexer and searcher into the real-time framework. 
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Abstract. In this paper we propose a vision-based approach to detecting user’s 
interests on web pages. This approach first splits a web page into several blocks 
of topics according to visual cues and then analyzes the layout structure of the 
page based on these blocks. The user’s interests are detected according to his 
browsing behaviors on the blocks and the layout structure of the web page. A 
personalized information agent is also developed to automatically extract new 
content from those web pages according to the user’s interests. Our experiments 
show that our proposed approach to detecting user’s interests on web pages 
achieves satisfactory accuracy and the personalized information agent signifi-
cantly saves user’s browsing time and improves user’s browsing experience. 

1   Introduction 

Currently, the Web has become an important source of new information in our daily 
life. In order to attract users with different interests, the editors of those web sites 
usually put a lot of content, which belongs to different topics, on the same web page. 
However, when a particular user browses this page, he is usually interested in a small 
part of them only. If we can detect those topics in which the user is interested and 
retrieve updated content of these topics automatically from the web site, it will sig-
nificantly save user’s browsing time and improve user’s browsing experience. This is 
the initial motivation of this paper. 

In this paper, we propose a novel approach to this problem, which takes advantage 
of knowledge from two aspects. The first is the knowledge from the editor of the web 
page. When an editor creates a web page, he usually groups content of the same topic 
in one block with visually consistent appearance. Therefore, difference in appearance 
often indicates difference in topics. The second is the knowledge from the user who is 
browsing the page. If a user is interested in a topic, his click actions should often fall 
into the block which represents that topic. With such knowledge, it is possible for us 
to detect blocks in which the user is interested on a web page. 
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Our approach to detecting user’s interests and extracting user-interested content on 
web pages is composed of three phases, i.e., Page Segmentation, Layout Analysis and 
Interest Detection. First, we split a web page into several blocks according to the 
difference in appearance. After splitting, each block represents a topic on the web 
page and the content in the same block should belong to the same topic. Second, we 
analyze layouts of the web page in consecutive days and match blocks between them 
in order to track changes of content of each topic. Third, we record user’s browsing 
behaviors and detect the blocks in which the user is interested. Based on the detection 
result, new content in these user-interested blocks will be extracted and presented to 
the user. 

In this paper, our major contributions are: 

1. A vision-based approach is introduced into the personalized information filter-
ing area, which can detect user’s interests in a smaller granularity than existing 
approaches. 

2. A novel approach is proposed to match layouts and track content change of the 
same web page over the time. 

The rest of this paper is organized as follows. Section 2 presents a brief introduc-
tion to related works. Section 3 describes the details of the page segmentation algo-
rithm. Section 4 discusses layout analysis algorithm for topics tracking. Section 5 
describes the system architecture of our personalized information agent and the corre-
sponding method to detect user’s interest. The experiment result is presented and 
analyzed in Section 6. Finally we present a brief concluding remark in Section 7. 

2   Related Works 

Personalized information filtering has been in research for many years. The aim is to 
retrieve useful information according to user’s interest. A lot of approaches have been 
proposed and many of them are NLP (Nature Language Processing) based, such as 
[1],[5].  They usually summarize key words from pages that the user has browsed to 
detect user interest. New pages are retrieved according to their text similarity to those 
key words. However, due to current limitations of NLP technologies, the accuracy of 
such approach is usually not satisfactory. We think not only the information from the 
text, but also the information from the visual appearance should be used to detect user 
interest. This is the major difference between our approach and existing NLP-based 
approaches. 

In order to detect user’s interest in blocks instead of the whole page, it is necessary 
for us to analyze the structure of web pages. Some researchers propose to detect con-
tent structure according to the structure of the DOM [6] tree of web pages, such as 
[2],[8]. Moreover, inspired by traditional image-based document analysis, in [3], a 
vision-based approach has been proposed to extract content structure from web pages. 
It is a top-down approach and the granularity of blocks in the final segmentation 
result is relatively large because it completely depends on the explicit and implicit 
separators on the web pages. The approach in [4], which is a little bit similar to ours, 
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first decomposes a web page into several basic blocks and then groups them together. 
However, the structure information in the DOM tree is not used and hence, the seg-
mentation result mainly depends on the definition of similarity of blocks, which is 
sometime misleading. 

3   Page Segmentation 

The goal of the page segmentation algorithm is to split a web page into several 
blocks, each of which belongs to only one topic. As we mentioned above, when a 
web page is composed, the editor usually puts content, which belongs to the same 
topic, into a visually distinguishable block. This is the basic assumption of our algo-
rithm. In order to make a block visually distinguishable on the page, the editor usu-
ally inserts empty blocks between this block and its neighbors to separate them apart, 
or make adjacent blocks look in different appearance. Based on these observations, 
we first decompose a web page into several salient blocks (refer to Section 3.1) and 
then cluster them into several topic blocks (refer to Section 3.2) according to their 
similarity in appearance. The final output of the page segmentation algorithm is the 
layout structure of the web page. 

3.1   Salient Block Decomposition 

Our proposed page segmentation algorithm is based on the DOM [6] representation 
of web page. However, a lot of nodes in the DOM tree of the web page do not occupy 
any space on the page. Moreover, because the HTML language is mainly a rendering 
language, same appearance can be rendered by DOM trees of different hierarchical 
structures. Therefore, our algorithm first takes three steps to decompose a DOM tree 
into several basic units, which are also referred to as “salient blocks”, to obtain a 
compact visual representation of a web page. 

The first step of salient block decomposition is to remove null nodes, which do not 
contain any spatial information, from the DOM tree to obtain a compact tree presen-
tation. Two kinds of nodes are regarded as null nodes. The first is the node that does 
not occupy any space on the web page. The second is the node that has some children 
and the space it occupies is not larger than its children’s space. For the latter, it will 
be removed from the DOM tree and its children become children of its parent. 

After removal of null nodes, we have obtained a compact DOM tree and each node 
in it contains some spatial information. However, it is not necessary for us to decom-
pose the page to the level of the leaves in the DOM tree because many high level 
nodes are already visually consistent and distinguishable and should not be split fur-
ther. In addition, not all nodes in the compact DOM tree contain useful information. 
Some blocks are inserted by the editor to separate other meaningful blocks. These 
blocks are referred to as separators. The second step of salient block decomposition is 
to detect those separators in the compact DOM tree using the following rules. 
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• A node is a separator if it does not contain any child nodes, text, or links. 
• If an <img> node is regarded as a separator, its width, height, or its aspect ratio 

should be smaller than some threshold. 
• <applet>, <embed>, <object>, <frame>, <frameset>, <iframe>, <form>, <but-

ton>, <input>, <select> and <textarea>  nodes are not regarded as separators 
even if they do not contain any child nodes, text, and links. 

We use the detected separators as indications of decomposition termination, just 
like [3][4]. The third step of salient block decomposition is a top-down traversal 
through the DOM tree to identify salient blocks. A node is regarded as a salient block 
only if it contains no separator in its offspring and there is at least one separator in the 
offspring of its parent. Otherwise, if its parent does not contain any separators in its 
offspring, the parent can be considered as a salient block. After traversal, the original 
web page is decomposed into a set of salient blocks, which is regarded as the compact 
visual representation of a web page. 

3.2   Block Clustering 

The granularity of the decomposed salient blocks is still too small and some of them 
still belong to the same topic. It is necessary for us to further group them into “topic 
blocks” according to their relevance. We use a hierarchical clustering algorithm to 
find these topic blocks. Topic block is regarded as the smallest unit of user’s interest 
in our approach. 

The distance function in our approach calculates relevance between two blocks 
from two major aspects, i.e., adjacency and appearance. The neighborhood relation-
ship and the minimum offset on X or Y-axis between blocks is used to calculate the 
distance in adjacency. The difference in background, foreground, font, size and 
alignment is detected to calculate the distance in appearance. The value from each 
aspect is multiplied by an importance factor and then summed up to get the final 
result. 

With the definition of distance function, we apply a hierarchical clustering algo-
rithm to find the topic blocks. Initially, each salient block is regarded as a cluster. We 
calculate the distance between two clusters Φ1 and Φ2 as follows. 

2121 ,)),(min(),( Φ∈∀Φ∈∀=ΦΦ BABADisDIS  
According to the distance function value between each pair of clusters, we select 

the closest pair of clusters from them and merge them together. This process is re-
peated until distance between any two clusters is larger than a threshold. The remain-
ing clusters are the topic blocks which represent the layout structure of the web page. 

4   Layout Analysis 

After page segmentation, we have obtained a set of topic blocks, which represent the 
layout structure of a web page. However, the content on the web page may change 
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daily and the layout of it may also change accordingly. In order to track the change of 
content of each topic, it is necessary for us to analyze the layouts of the web page in 
consecutive days and match blocks between them. For example, if a block, which 
contains links of sport news, on the web page of yesterday is identified as block #5, it 
should also be identified as block #5 today on the same page even if the links inside it 
are changed. 

In order to match blocks between two web pages, it is necessary for us to find a 
formal representation to describe relationship among them. In this paper, we propose 
the Neighborhood Relationship Model, which is introduced in Section 4.1, to convert 
the topic blocks on a web page into a graph. Based on this model, we match the graph 
representations of two web pages to get the best matching of topic blocks. The layout 
matching algorithm will be presented in Section 4.2. 

4.1   Neighborhood Relationship Model 

In the Neighborhood Relationship Model, the topic blocks on a web page are re-
garded as the vertices in a graph and the neighborhood relationship among them are 
regarded as the edges among those vertices. If block A is a neighbor of block B, they 
should satisfy the following constraints: 

• A and B should not intersect with each other. 
• There are no other blocks between A and B. 
• The projection of A and B on X or Y axis should overlap. 

There are two kinds of edges in this model, i.e., vertical edge and horizontal edge. 
If A is a top or bottom neighbor of B, there will be a vertical edge between vertex A 
and vertex B. If A is a left or right neighbor of B, there will be a horizontal edge be-
tween vertex A and vertex B.  

The Neighborhood Relationship Model is suitable to describe local structure of a 
web page. In most cases, it is relatively stable. Change in size of a block only affects 
a small part of the graph and some slight changes even have no effect on the structure 
of the graph. 

4.2   Layout Matching Algorithm 

With the Neighborhood Relationship Model, the topic blocks on a web page are con-
verted into a graph. However, because of the change of the amount of content, the 
size of blocks will change accordingly and thus affect the layout and graph represen-
tation of the web page. Figure 1 illustrates the change of layout and the corresponding 
change in the graph, in which the solid lines in the graph represent vertical edges and 
the dashed lines in the graph represent horizontal edges. In Figure 1, the blocks be-
fore the change are labeled as A, B, C, E, and F, and the blocks after the change are 
A’, B’, C’, E’, and F’, correspondingly. As we can see, the changes of blocks C, D, 
and E causes change in the graph representation. Actually, only the change of block 
D affects the structure of the graph. Changes of block C and E have no effect on the 
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graph. This is the advantage of the Neighborhood Relation Model mentioned above. 
The remaining problem is how to match vertices between these two graphs. 

Intuitively, because we analyze the layouts of a web page in consecutive days, 
there should be some blocks remaining unchanged on the page. Therefore, the first 
step of our layout matching algorithm is to match those unchanged blocks between 
the two pages. In this step, blocks in the two pages are matched according to their 
content (text or HTML inside a block). If block A on page P1 and block B on page P2 
can be matched together, the content of A should be identical to the content of B and 
they should be unique in P1 and P2, respectively. 
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Fig. 1. Change of layout and graph representation (Solid lines represent vertical edges and 
dashed lines represent horizontal edges) 

After matching of unchanged blocks, the second step of our layout matching algo-
rithm is to deduce matching candidates for each unmatched block according to the 
neighborhood relationship among blocks. For example, in Figure 1, block A’, B’ and 
F’ are matched with block A, B and F, respectively, in the first step because they are 
not changed. Because D is the first left neighbor of F and D’ is also the first left 
neighbor of F’, we can deduce that D is a candidate of D’. We do such deduction 
repeatedly on the graph until no new candidates can be found. Finally, as illustrated 
in Figure 2, blocks with unique candidates are marked as matched. 
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Fig. 2. Deduce matching candidates of blocks 

The number of unmatched blocks is relatively small after the above two steps. The 
third step of our layout matching algorithm is to enumerate all possible matching 
plans for the remaining unmatched blocks according to their candidates and select the 
best one which matches maximal number of edges between two graphs. Two edges in 
two graphs are matched only if the vertexes of them are matched and the types of 
them are the same. 

The nature of the third step of our layout matching algorithm is a graph matching 
problem, which has been proven to be NP-complete in [7]. Due to the deduction 
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process in the second step, the number of candidates of each unmatched block is 
greatly reduced. According to the experiment results (refer to Section 6), the number 
of unmatched blocks is usually smaller than 15. Therefore, the enumeration algorithm 
in the third step can find the best matching plan within one minute in most cases. 

5   Interest Detection 

In this section, we will present the design of our personalized information agent and 
the corresponding method to detect user’s interest. Our personalized information 
agent consists of three modules, i.e., Tracking Module, Analysis Module and Re-
trieval Module. 

In the Tracking Module, we aim to record two kinds of information to create user 
profile. The first is the browsing behavior of the user, mainly his click actions on web 
pages. The second is the layout of web pages browsed by the user. These pages are 
first split into topic blocks by the page segmentation algorithm introduced in Section 
3. Later, if a web page has been visited before, topic blocks on it will be matched to 
old ones by the layout matching algorithm introduced in Section 4. 

The Analysis Module is the core of our personalized information agent. It detects 
user-interested blocks in two steps. In the first step, we select the user-interested web 
pages according to the frequency at which the user browses these pages. The fre-
quency is calculated using the following equation. 
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According to the frequency, we select top 40 pages that are the most frequently 
browsed and then analyze the user’s interest on them. In the second step, we also use 
the frequency to estimate the user’s interest in a topic block using the following equa-
tion. 
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For each page, we select top 20 frequently clicked blocks as candidates of user-
interested blocks. The ID numbers of these blocks and their corresponding URLs are 
passed to the Retrieval Module to extract newly updated content in these blocks. 

In the Retrieval Module, our agent system checks the user-interested pages regu-
larly. The content in these blocks is extracted and compared to the old ones in the 
user’s database. Changed content is picked up and presented to the user in a conven-
ient way. In our agent system, the changed content is reorganized into a web page 
which is set as the startup page of the user’s browser. 

6   Experiment 

In order to evaluate our approach, we have tracked the home pages of 12 popular web 
sites over 1 month. For each web site, we have collected 25 copies of its home page 
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in consecutive days. Totally, we have obtained 300 pages as our testing data sets. 
First, we use our page segmentation algorithm to split these web pages into topic 
blocks. Based on these topic blocks, we match the layouts of a web page in consecu-
tive days by the first and second steps of our layout matching algorithm. Table 1 
illustrates average amounts of blocks segmented from the home pages of those 12 
web sites and the corresponding average number of unmatched blocks on each page 
after the first two steps of layout matching. We can see that the number of unmatched 
blocks is relatively small after the first two steps, which guarantee the efficiency of 
the third step of layout matching in most cases. Moreover, it also proves that the topic 
blocks, which are segmented from the web page by our page segmentation algorithm, 
is a relatively stable representation of the web and our page segmentation algorithm is 
therefore applicable to this kind of problems. 

Table 1. Unmatched blocks after the first two steps in the layout matching algorithm 

Web Site Avg. Unmatched/Total Web Site Avg. Unmatched/Total 
cnet.com 8.3/114.4 cnn.com 7.8/39.1 
excite.com 0.8/49.0 flowgo.com 0.2/23.2 
go.com 2.1/58.9 hjsm.net 1.1/37.9 
nbci.com 0.5/15.9 netscape.com 6.9/43.9 
sina.com.cn 8.7/107.5 travelocity.com 0.04/31.2 
windowsmedia 1.8/27.4 yahoo.com 9.7/48.8 

 
Based on the above matching result, we match the remaining blocks by the third 

step of our layout matching algorithm. Table 2 illustrates the distribution of the num-
bers of unmatched blocks between two web pages in consecutive days before the 
third step and the corresponding executing time of our layout matching algorithm 
with the third step. Our testing platform is a PC with a P4 1.8G CPU and 256MB 
RAM. For those pages, which have more than 15 unmatched blocks, we think there 
must be some significant changes in the layout of the page and just regard them as 
failures. From Table 2 we can see that the enumeration algorithm in the third step of 
our layout matching algorithm is able to find the best matching plan within one min-
ute under most situations. Although one minute is too slow for real-time response, 
since our agent system can work off-line and does not need to give response in real 
time, the efficiency of our layout matching algorithm is acceptable. Moreover, in 
most cases (nearly 90%), our algorithm can even respond in real time. 

Table 2. Distribution of the number of unmatched blocks and executing time of the layout 
matching algorithm 

Number of block Percent Executing Time 
0~9 89.4% <170ms 
10~15 7.8% <60s 
>15 2.8% - 
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Table 3. Error rate of block matching 

Web Site Error Web Site Error Web Site Error 
go.com 1.3% hjsm.net 0.3% cnet.com 5.7% 
nbci.com 1.0% netscape.com 6.8% excite.com 1.1% 
sina.com.cn 6.8% travelocity.com 0.1% Cnn.com 11.5% 
windowsmedia.com 3.8% yahoo.com 6.7% flowgo.com 0.2% 

 
After the blocks of the pages in consecutive days are matched together, we per-

form a manual check on the matching plan. Those blocks, which are not matched or 
matched incorrectly, are regarded as errors. Table 3 illustrates the error rate of block 
matching in all 12 web sites. Most of the errors are caused by significant changes in 
layouts. However, we can see that the accuracy of our layout matching algorithm for 
most web sites is satisfactory. 

We run a simulation on the testing sets in order to evaluate the accuracy of our ap-
proach to detecting user’s interest. A user is invited to browse each home page and 
click on the links in which he is interested to create the user profile. Based on this 
profile and equations (1) and (2) in Section 5, user-interested blocks are picked out 
and the updated content in them is extracted by our personalized information agent. 
The updated content of each day is reorganized into a page of interest. The user is 
also asked to browse those pages and perform a manual check on them. Two situa-
tions are regarded as failures. The first is that the user-interested blocks cannot be 
found. The second is that the user is not interested in the blocks that we find. Table 4 
illustrates corresponding evaluation results on those 12 web sites. As we can see, our 
algorithm achieves satisfactory accuracy in most sites. The worst case is the 
www.sina.com.cn. The accuracy for it is relatively low because the position of user-
interested blocks changes every the other day. We are going to solve this problem by 
introducing some semantic constraints in our further work. 

Table 4. Accuracy of user interest detection 

Web Site Correct Web Site Correct Web Site Correct 
go.com 95.8% hjsm.net 100% cnet.com 97.5% 
nbci.com 83.3% netscape.com 100% excite.com 100% 
sina.com.cn 56.9% travelocity.com 100% cnn.com 84.7% 
windowsmedia.com 95.8% yahoo.com 81.9% flowgo.com 97.9% 

 
A preliminary user evaluation has been done on our personalized information 

agent. First, the interests of the user, who performs in the above experiments in all 12 
web sites, are concluded according to his feedback. After that, we invite another 3 
users, who have similar interests and are also familiar with those web sites, to browse 
those web sites and look for the content in which the first user is interested. These 3 
users’ browsing time on these web sites is recorded and the average time is listed in 
Table 5. 
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Table 5. User evaluation 

Web Site Avg. Time Web Site Avg. Time 
cnet.com 37s cnn.com 60s 
excite.com 42s flowgo.com 21s 
go.com 54s hjsm.net 26s 
nbci.com 34s netscape.com 52s 
sina.com.cn 59s travelocity.com 33s 
windowsmedia.com 38s yahoo.com 26s 
Our Generated Page 274s   

 
These 3 users are also asked to browse the pages generated by our agent system to 

find the same content. The average browsing time on our pages is also listed in Table 
5 (the last row). Assume the average browsing time on web site i is ti (listed in Table 
5), the detection accuracy of user’s interest on web site i is pi (listed in Table 4), and 
the average browsing time on our pages is T (listed in Table 5). We evaluate the 
benefit of our agent system by the following equation: 
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The benefit of our agent system in this experiment is 36.5% over all the 12 web 
sites, which means we can save 36.5% browsing time on these pages for the user. 
Moreover, all of the 4 users in our experiments think this kind of information agent 
can help them find their interested information quickly and therefore improves their 
browsing experience. 

7   Conclusions 

In this paper, we propose a novel approach to detecting user’s interests on web pages 
and develop a personalized information agent based on it. The key feature of our 
approach is that we introduce a vision-based approach to this problem so that user’s 
interests can be detected in smaller granularity than existing approaches and hence 
with better accuracy. The experiments on 12 web sites over 1 month show that our 
approach has achieved satisfactory efficiency and accuracy. Moreover, the prelimi-
nary user evaluation has shown that our personalized information agent significantly 
saves user’s browsing time and improves user’s browsing experience. 
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Improved Link-Based Algorithms  
for Ranking Web Pages* 
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Abstract. Several link-based algorithms, such as PageRank [7], HITS [4] and 
SALSA [5], have been developed to evaluate the popularity of web pages. 
These algorithms can be interpreted as computing the steady-state distribution 
of various Markov processes over web pages. The PageRank and HITS algo-
rithms tend to over-rank tightly interlinked collections of pages, such as well-
organized message boards. We show that this effect can be alleviated using a 
number of modifications to the underlying Markov process. Specifically, rather 
than weight all outlinks from a given page equally, greater weight is given to 
links between pages that are, in other respects, further off in the web, and less 
weight is given to links between pages that are nearby. We have experimented 
with a number of variants of this idea, using a number of different measures of 
“distance” in the Web, and a number of different weighting schemes. We show 
that these revised algorithms often do avoid the over-ranking problem and give 
better overall rankings. 

1   Introduction 

The ranking of Web pages returned in response to a user query combines a measure 
of the relevance of the page to the query together with a query-independent measure 
of the quality of the page. The latter measure is based on the structure of the Web, 
considered as a directed graph of pages and links: A page with many in-links is pre-
sumed to be a high-quality page, particularly if (circularly) the links come from pages 
that are themselves high-quality. A number of techniques have been developed to 
rank Web pages based purely on the structure of hyperlinks. The best known of these 
are the PageRank algorithm[7], used in Google; the HITS algorithm [4], proposed by 
Kleinberg; and the SALSA algorithm [5]. (The original proposal for HITS and 
SALSA is to apply them to a collection of pages found to be relevant to a query, but 
the same algorithms can be applied to any collection of web pages.) These and similar 
algorithms can be viewed as computing the steady-state distribution of various Mar-
kov processes over Web pages. Algorithms of this kind tend to over-rank tightly 
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paper as NYU computer science dept. technical report TR2003-846, online at http://csdocs. 
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interlinked collections of pages, such as message boards. Intuitively, a Markov proc-
ess executing a random walk through the Web tends to get stuck inside such a collec-
tion, crossing links from one of the pages to another. However, the large number of 
links between these pages does not constitute any independent endorsement of quality, 
or at best is a comparatively weak endorsement of quality. We call this the “Circular 
Contribution effect”; effectively, each of the pages in such a collection boosts the 
evaluation of all the others, and hence, indirectly, of itself. To counteract this undesir-
able effect, we propose to modify the underlying Markov processes by giving differ-
ent weights to different outlinks from a page. A link from P to Q1 is weighted as 
more important than a link from P to Q2 if, in some sense, Q1 is “further” than Q2 
from P in the Web. We present three different definitions of this notion of “distance 
in the Web” and a number of different weighting schemes. Adapting each of these 
modifications to the PageRank and HITS algorithms, we show experimentally that 
the revised algorithm is much less prone to the circular contribution effect. 

1.1   Major Link-Based Ranking Systems and Their Properties 

We begin by discussing the three algorithms PageRank [7], HITS [4], and SALSA [5] 
and some of their properties. The detailed algorithms will be presented in Section 4.1. 
The stochastic model used in PageRank is a random walk through the web. In its 
original model, the web surfer follows the out link from his current page, and jumps 
to linked pages with equal probabilities; with small probability (0.15) he jumps ran-
domly in the web. The PageRank is the steady-state distribution of this stochastic 
process. HITS and SALSA are based on a model of the web that distinguishes hubs 
and authorities. Each page is assigned a “hub” value and an “authority” value. The 
hub value of page H is a function of the authority values of the outlinks from H; the 
authority value of page A is a function of the hub values of the inlinks into A. 
Borodin et al. [2] show that this can be interpreted in terms of a stochastic process 
that alternates traveling forward and backward across links. In the computational 
models of these stochastic processes, if there exists a path from node i to node j and 
also a path from node j to node i in the selected web graph, then the rank value of 
node i will boost the rank value of node j and vice versa; indirectly, each node ends 
up “endorsing” itself. We call this effect Circular Contribution. In general, Circular 
Contribution tends to be a feature of stochastic models, and often a useful one. But it 
can also lead to incorrect results. In general, if there is a Web Local Aggregation in 
the web graph, discussed in the next section, the Circular Contribution effect can 
mislead these algorithms into inaccurate rankings. 

1.2   Web Local Aggregation Effect in Stochastic Ranking Systems 

A hyperlink implies some relationship between the linked documents. We divide 
hyperlinks into two major categories based on their functionalities: 

Category 1: Links are used for information reference and information association. 
For example, students may add university home page to their personal home pages 
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because the university home page is an important information source for university 
community. Such links works as information reference based on human knowledge. 
Topic-related pages may link to each other as information association. 

Category 2: Links are used for directories. This makes web browsing meaningful. 
Directory links frequently provide weak information reference and association. A 
discussion board may add links to many messages. The topics of messages may be 
very diverse and there may be even no association between father page and child 
pages. 

When the hyperlinks functioning as directories gives weak information reference 
and association, they may cause negative effect in global web ranking. It is very com-
mon that the father page hosting many directory links may gain many back links from 
its children. Thus the father page and child pages form cycles and the Circular Contri-
bution effect happens. In ranking systems that use stochastic models, all pages in such 
collections will have their ranking raised as a result. We call this effect Web Local 
Aggregation. A Web Local Aggregation is characterized by the property that the 
number of intra-links within the collection is very large and is significantly larger 
than those of the in-bound links entering the collection and out-bound links leaving 
the collection. When information reference and association of the hyperlink is weak 
in such situation, the ranking biased by Web Local Aggregation does not correctly 
evaluate the global importance of web pages. 

1.3   Our Work 

To overcome the negative effect of local aggregation and improve the effectiveness 
of ranking systems, we propose the ideas of Hyperlink Evaluation and Evaluation-
based Web Ranking. 

In the stochastic models discussed in section 1.1, all the outlinks on a certain page 
or all the inlinks to a certain page are evaluated equally. The modifications that we 
propose, by contrast, give different weights to different links, so as to avoid or allevi-
ate the effect of Web Local Aggregation. Based on link evaluation and the frame-
works of existing stochastic web ranking algorithms, new ranking algorithms are 
proposed which can alleviate the negative effect of Web Local Aggregation effec-
tively.  

The remainder of this paper is organized as follows: Section 2 presents three dif-
ferent methods for hyperlink evaluation: collection-interlink amplification, collection-
rank-based evaluation, and minimal back-distance based evaluation. Section 3 dis-
cusses how the PageRank, HITS, and SALSA algorithms can be modified to use the 
methods of hyperlink evaluation. Section 4 presents several experiments on New 
York University web site and analyzes the effectiveness of the new algorithms. Due 
to space limit, more discussions and results are presented in the extended version only 
[8]. 
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2   Metrics of Hyperlink Evaluation 

We propose two general methods to reduce the effect on rankings of Web Local 
Aggregation. The first method is to weight cross-links between different domains 
more strongly than links between pages in a single domain. The second general 
method is to weight the link between two pages more strongly as a function of the 
length of the shortest path in the Web in the reverse direction of them. This directly 
attacks the Circular Contribution effect, as the contribution of short cycles in the Web 
to the evaluation of web pages is reduced. Based on these two methods, we present 
three metrics of hyperlink evaluation here: collection-interlink amplification, collec-
tion-rank-based evaluation and minimal back-distance based evaluation. 

2.1   Metric 1: Collection-Interlink Amplification 

Our analysis clusters the web into collections using host information. That is, two 
pages are placed in the same collection if and only if they belong to the same host. 
This metric evaluates cross-links between different collections greater than links 
within the collections by a fixed ratio. Mathematically, denote ijv as the value of link 

ji→ , )(iColl  as the collection index of page i . Let im  be the number of links from 

page i  within the collection and in  be the number of links from page i  that leave the 

collection. Let iii nmC +=  δ . The value of link ),( ji  is given as 



 =

=
       otherwise            /1

)()( if      /

i

i
ij C

jColliCollC
v

δ
 (1) 

where δ  is a constant within [0, 1]. The coefficient iC  normalizes the values ijv  

such that the sum of ijv  is 1 respect to index j . The value δ/1  gives the ratio how 

cross-links between collections are evaluated greater than local links. By giving more 
evaluation on cross links, the surfer can obtain higher probability to jump out of web 
local aggregation that frequently happens within a collection. 

2.2   Metric 2: Collection-Rank-Based Evaluation 

The second metric is also devised using web collection information but an improve-
ment of Metric 1. We consider not only the cross link between collections, but also 
the reliability of the destination host of a link. We use a two-stage evaluation ap-
proach to evaluate the importance of pages in the web graph: the collections are 
evaluated first then hyperlink evaluation can be improved using collection evaluation. 
We use a PageRank-like algorithm to evaluate collections. Suppose there are q differ-
ent collections in the web graph and let Coll

ijN  be the number of outer links from col-

lection i  to collection j . Then the transition matrix CollT  is 
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The ranking value vector of collections, denoted as CollV , is the stationary distri-

bution of transition matrix CollT . When the collection evaluation CollV  is given, we 
can define the hyperlink evaluation as: 
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where iC  is the normalization coefficient such that the sum of ijv  is 1 respect to in-

dex j  , and RRS → :  is an increasing function to scale the results of collection 
evaluation. This link evaluation corresponds to the following surfer behavior in a 
random walk: during the walk, the surfer can “see” the collection information of its 
neighbors. When he makes the transition selection, he prefers to jump to the page 
whose collection is more trustable. 

2.3   Metric 3: Minimal Back-Distance (MinBD) Based Evaluation 

This metric directly identifies the cycle information in the web graph and evaluates 
the links accordingly. In Circular Contribution, we know mutual contribution of two 
nodes is affected by the length of the path between them. The smaller the length is, 
the greater the contribution is. Thus, for each link ji→ , the backward contribution 
of node j  to node i  is dominated by the minimal length of all possible paths from 
node j  to node i  in the web graph. We call this length minimal back-distance 
(MinBD). Denote ijMinBD  as the minimal back distance from j  to i . For each link 

ji→  the mathematical representation of this metric is 
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where Ω  is a threshold, iC  is the normalization coefficient such that the sum of ijv  is 

1 respect to index j , RRf → :  is an increasing function satisfying 0)0( ≥f . The 

threshold Ω is set as 30, which can fit the current size of web diameter quite well [1, 
3]. Let’s consider the random walk guided by this link evaluation. Suppose the web 
surfer can “see” further than the neighbors at any page. An effective web walk strat-
egy should explore the web as much as possible and not go back to the visited local 
pages frequently. As those links with small MinBD are evaluated less, the Circular 
Contribution effect is reduced, which can effectively alleviate the negative effect of 
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Web Local Aggregation whose web graph contains many short cycles. MinBD can be 
efficiently computed with a DFS-based graph algorithm. The detailed discussion of 
this algorithm has been presented in the extended version of this paper [8]. 

3   Modify Stochastic Process Using Hyperlink Evaluation 

Supported by the three metrics of hyperlink evaluation, we propose a new ranking 
strategy named Evaluation-based Web Ranking. The basic idea here is that by apply-
ing link evaluation to the stochastic ranking algorithms, the new algorithms can im-
prove ranking effectiveness compared with the original ones. We first review the 
mathematical frameworks of three different algorithms here: PageRank [7], HITS [4] 
and SALSA [5]. Then we discuss how to apply hyperlink evaluation into these rank-
ing frameworks to produce new improved algorithms. The improved algorithms are 
independent with what actual link evaluation metric is used. For the mathematical 
representation of SALSA and the improved version, refer to [8]. 

3.1   The Mathematical Framework of Three Existing Ranking Algorithms 

PageRank Algorithm. A web graph of n  pages can be represented using an n-by-n 
adjacency matrix A , where ),( jiA -element is 1 if page i  links to page j , and 0 
otherwise. The PageRank algorithm first constructs a probability transition matrix M  
by normalizing each row of adjacency matrix A  to sum to 1. The idea of this algo-
rithm is inferred from random walk within a graph. When a person is at page i , with 
probability )1( ε− , it uniformly picks a URL link from this page and transits to the 
target page of this link. With probability ε , it jumps to any other page in the web 
with uniform probability. The final transition matrix T  is 

MUT )1( εε −+=  (5) 

where U  is an n-by-n matrix of uniform transition probabilities having nU ij /1=  for 

all nji ≤≤ ,1 . The vector of PageRank scores p  is then defined to be the stationary 
distribution of this Markov chain. The stationary distribution is the eigenvector of the 
transition matrix and satisfies 

( ) ppMU T =−+ )1( εε  (6) 

HITS Algorithm. The HITS algorithm points that a page has high “authority” weight 
if it is linked to by many pages with high “hub” weight, and that a page has high hub 
weight if it links to many authoritative pages. Given a set of n  web pages, the HITS 
algorithm firstly forms the n-by-n adjacency matrix A , whose ),( ji -element is 1 if 
page i  links to page j , and 0 otherwise. It iterates the following equations: 

tTt hAa ⋅=+1  (7) 

tt aAh ⋅=+1  (8) 
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where a  and h  are the vectors of authority values and hub values. For each iteration, 
a normalization step is then applied, so that the vectors a  and h  become unit vectors 
in some norm. Kleinberg [4] proves that for a sufficient number of iterations the vec-
tors a  and h  converge to the principle eigenvectors of the matrices AAT  and TAA . 
A more stable HITS is given by Ng et al. [6]. It introduces a small uniform jump 
probability to any other page for each transition as PageRank algorithm does. 

3.2   PageRank-Based Algorithm Using Link Evaluation 

In PageRank algorithm, the small coefficient of uniform jumping probability, ε , 
counts for an important factor of PageRank algorithm [6] and can be used to bias 
PageRank value distribution. We propose two levels of Evaluation-based Web Rank-
ing for PageRank-like algorithm: the first level of evaluation is that the PageRank 
transition probabilities can be evaluated by link evaluation; the second level of 
evaluation is that the uniform jumping probability ε  for each page can be evaluated 
by the link evaluation on that page. These findings lead to the discovery of two im-
proved algorithms in the mathematical framework of PageRank algorithm: fixed ε  
algorithm and evaluation-based non-fixed ε  algorithm. 
 

Level 1: Fixed ε algorithm. The original PageRank transition matrix M in Section 
3.1.1 is modified as 

ijij vMM =~ :~
 (9) 

where ijv  is any one of the link evaluations given in Section 2. Since the link values 

have been normalized, M~  is a well-formed transition matrix. Clearly, we replace the 
original matrix M  with M~  in Section 3.1.1 and apply the fixed uniform jumping 
probability to form the final transition as Eq. (6) does. 
 

Level 2: Evaluation-based non-fixed ε algorithm The hyperlink evaluation is the 
first level evaluation in reducing the local aggregation of the web. In the second level, 
we evaluate the overall quality of all out links from a page, and then decide how to 
choose ε . For any page i , we calculate the average of hyperlink values of all out 
links on page i . Because the normalization of hyperlink evaluations in Section 3 is 
performed on different bases for pages with different number of out links, we use the 
non-normalized evaluation to calculate average quality of links on a single page. The 
average quality of the out links on page i  is defined as 

i

jij ij

N

V
iAvgQual

∑ →= :)(  (10) 

where iijij CvV ×=  is the un-normalized link value and iN  is the number of outlinks 

on page i . The uniform jumping probability for page i , iε , is then evaluated as 

))(( iAvgQualgadjustbasei ×+= εεε  (11) 
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where baseε  is the global base and adjustε  is the adjustment range. ()g  is an decreasing 

function and maps  (i)AvgQual  into [0, 1]. For example, if (i)AvgQual  is in  ]   , 1 [ ∞ , 
xxg /1)( =  satisfies. The greater value (i)AvgQual  has, the smaller probability it will 

jump to an arbitrary page.  
Let tp  be the ranking vector after iteration t . Iteratively computing rank is shown 

as follows 
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where n  is the total number of pages in the web graph. To reduce complexity, the 
first term must be calculated only once for each iteration. And after each iteration, 
vector tp  must be normalized. 

3.3   HITS-Based Algorithm Using Link Evaluation 

To modify stochastic process in HITS ranking system, we can apply the link values 
as the weights to HITS algorithm. The non-zero entries of new transition matrix A

~
 is 

defined as 
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where ji→  is a link in the web graph. All entries of A
~

 are within [0,1] in this 

mathematical representation. Replacing TA  and A  in HITS algorithm with TA)
~

(  and 

A
~

, we get our improved HITS-based algorithm. 

4   Experiments 

Our experiment data set is built on a crawl on the entire web of New York University 
in October, 2002. The crawler narrows its downloading to the URLs with host name 
ending with “.nyu.edu”. After removing repetitions of web pages and non-text pages, 
the total number of URLs is 98,349. These URLs make up a web graph consisting 
723,380 hyperlinks. The ratio between number of hyperlinks and URLs is 7.4. The 
study of the in-link and out-link distributions shows they obeys power law with 
power coefficients of 1.94 and 2.24. These properties are in very good agreement 
with the study on the global Web [3]. Basically, PageRank-based algorithms are run 
on different data sets as HITS-based or SALSA-based algorithms. For PageRank-
based algorithms, they can be applies directly on a well linked web graph. For HITS-
based or SALSA-base algorithms, they are generally applied on topic related data sets. 
But in Section 1.1 and Section 3.1.1, we have known that their computation models 
are independent with data set. Therefore, we apply HITS-base and SALSA-based 
algorithms directly on our data set for analyzing purpose. To make ranking unique in 
each of such ranking systems, we choose authority ranking as the evaluation of im-
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portance of web pages. We have found that Web Local Aggregation in the NYU web 
does indeed have a negative effect on the rankings output by the standard algorithms. 
Table 1 shows the top 15 pages given by PageRank algorithm by setting 15.0=ε  in Eq. (6). 

The pages ranked from 9 to 12 are the directory pages of a message board archive in 
the medical school of NYU. Each of the directory pages hosts the links to the same 
collection of 958 message pages of different orders. And each message page has links 
to the four directory pages and links to the previous and following messages. These 
directory pages are ranked unexpectedly high in the whole collection of about 
100,000 pages, as compared to their actual significance, intuitively judged. However, 
since there are many short cycles in this collection, the Circular Contribution effect is 
significant and produces this inaccurate ranking distribution. Table 1 also shows the 
selected top ranked pages using stable HITS algorithm. A local collection describing 
a project called “Proteus” takes top 25 positions higher than the portal page of NYU. 

Table 1. Selected rank of PageRank (left) and stable HITS (right) 

Rank URL 
1 www.nyu.edu 
2 www.nyu.edu/bin/phfnyu 
3 www.nyu.edu/library/bobst 
4 www.stern.nyu.edu/acc/about 
5 www.nyu.edu/gsas 
6 www.law.nyu.edu 
7 www.med.nyu.edu 
8 monod.biomath.nyu.edu/index/papers.html
9 mchip00.med.nyu.edu/.../date.html 
10 mchip00.med.nyu.edu/.../index.html 
11 mchip00.med.nyu.edu/.../author.html 
12 mchip00.med.nyu.edu/.../subject.html 
13 www.law.nyu.edu/index.html 
14 rmm-java.stern.nyu.edu/…/index.html 
15 www.law.nyu.edu/search  

Rank URL 
1 apple.cs.nyu.edu/proteus/local/data/ 

OnlineProc /ACL02/MAIN/index.htm 
2 apple.cs.nyu.edu/proteus/local/data/ 

OnlineProc/ACL02/EMNLP/index.htm 
3 apple.cs.nyu.edu/proteus/local/data/ 

OnlineProc/ACL02/S2S/index.htm 
4 apple.cs.nyu.edu/proteus/local/data/ 

OnlineProc/ACL02/DIALOG/index.htm 
5 apple.cs.nyu.edu/proteus/local/data/ 

OnlineProc/ACL02/DEMOS/index.htm 
 …… 
13 www.nyu.edu 
14 apple.cs.nyu.edu/proteus/local/data/ 

OnlineProc /ACL02/WSD/contents.htm 
15 www.nyu.edu/bin/phfnyu  

 
In support of our theoretical analysis in the previous sections, we implement the 

following algorithms: the original PageRank (PR), stable HITS (HT), and SALSA al-
gorithms (SA); PageRank-based Level 1 evaluation algorithms using link evaluations 
of Metric 1 and Metric 2 (PRM1, PRM2); PageRank-based Level 1 and Level 2 eval-
uation algorithms using link evaluation of Metric 3 (PRL1M3, PRL2M3); HITS-
based and SALSA-base algorithms using link evaluations of Metric 1, Metric 2 and 
Metric 3 (HTM1, HTM2, HTM3, SAM1, SAM2, SAM3). 

Given those improved ranking algorithms, the greatest challenge is how to evalu-
ate them compared with the original one. We use an aggregation-tracing method to 
evaluate the effectiveness for different ranking algorithms in avoiding negative effect 
of Web Local Aggregation: first, we manually identify several sub collections of local 
aggregation in our data set; second, we trace how their ranks change for different 
ranking systems. The manually selected sub collections of local aggregation are given 
in Table 2. Collection MCHIP and END98-01 have similar structure which contains 
four directory links hosting the same message archives. PROT is the collection taking 
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the top positions in the ranking computed by HITS algorithm. A common property of 
these collections is that the number of intra-links within the collections is very large, 
and the percentage of intra-links respect to the involved links is all more than 81.0%. 
The local structures of these collections comply with our description of Web Local 
Aggregation. In the following discussions, we’ll see that the top rank of these collec-
tions are very high in the overall ranking given by three original algorithms as we 
predicted in Section 1. Tracing the rank change of these local aggregations will give 
us the clue how our algorithms can improve ranking quality. 

Table 2. Humanly identified sub collections of Web Local Aggregations 

Abbrev URL prefix Size Intra-link In Out 
MCHIP mchip00.med.nyu.edu/lit-med/archives/messages/ 962 12967 2 45 
PROT apple.cs.nyu.edu/proteus/local/data/OnlineProc/ 875 7469 6 26 
END98 endeavor.med.nyu.edu/pipermail/lit-med/1998/ 193 2850 10 12 
END99 endeavor.med.nyu.edu/pipermail/lit-med/1999/ 255 3876 10 21 
END00 endeavor.med.nyu.edu/pipermail/lit-med/2000/ 223 3336 10 76 
END01 endeavor.med.nyu.edu/pipermail/lit-med/2001/ 345 5162 10 255 
ARTG www.cs.nyu.edu/artg/telecom/fall99/lecture notes/ 504 4148 3 966 

 
In measuring the change of different ranking, we use the average difference ADiff  

and difference of highest rank HDiff  to evaluate the rank change of a sub collection 
between two different ranking distributions. Let Φ  be a sub collection of local ag-

gregation, )(1 iR  and )(2 iR  be the ranks of page i ∈ Φ  in two different ranking 

distributions. The measures of ADiff  and HDiff  are defined as follows: 
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i Φ∈  (15) 

Suppose the negative effect of Web Local Aggregation happens on collection Φ  in 
rank 1R . If the value of ),,( 12 RRADiff Φ  or ),,( 12 RRHDiff Φ  is positive, it shows such 

negative effect has been alleviated by 2R , otherwise not. The larger such value is, the 

more effective the ranking 2R  is. Table 3 and Table 4 (for results about SALSA, refer 

to [8]) give our main results. Analyzing the data in these tables, we draw the follow-
ing conclusions as our major results of this paper: 

PageRank and HITS algorithms are very sensitive to Web Local Aggregation. In 
PageRank and HITS algorithms, all selected collections except PROT have average 
rank within top 27% of the whole data set. The highest rank of MCHIP given by 
PageRank is 9 as we have pointed out in Table 1. The top rank of PROT given by 
HITS is 1 which is surprisingly bad as pointed out by Table 1. The top ranked pages 
of all selected collections, i.e. the Top(PR), Top(HT), Top(SA) in Table 3, 4 ,5, are 
all ranked very high in the whole collection. All of them are in the top 496 pages and 
are within top 0.5% of the whole data set.  
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PageRank and HITS algorithms give similar rank distribution. The average ranks 
of the selected collections given by PageRank and HITS algorithms obey the same 
order: MCHIP < END98-01 < ARTG < PROT. For the four collections of END98-01, 
the average ranks are close to one another both in the ranking given by PageRank and 
HITS algorithms. The standard variations of them are 1401.8 and 491.5, and are 
within 9% and 3% of the cumulative average of Avg(PR) and Avg(HT). The average 
of )()( HTAvgPRAvg −  for selected collections is 5184.1, which counts for 5.3% of 

the size of total data set.  

Table 3. Effectiveness of improved PageRank-based algorithms 

Coll. Avg(PR) ADiff(PRM1,PR) ADiff(PRM2,PR) ADiff(PRL1M3,PR) ADiff(PRL2M3,PR) 
MCHIP 12015.7 1744.2 2084.8 5927.8 5743.2 
PROT 59670.4 -1985.2 -2490.5 -8751.0 -8144.7 
END98 14199.5 1963.6 2490.5 3768.1 3507.8 
END99 14485.9 1986.4 2547.7 3854.7 3717.7 
END00 15666.9 1700.9 2243.4 2543.1 2388.9 
END01 17634.0 1459.0 1850.9 1863.7 1719.1 
ARTG 25024.9 65.1 299.4 539.3 916.9 
Coll. Top(PR) HDiff(PRM1,PR) HDiff(PRM2,PR) HDiff(PRL1M3,PR) HDiff(PRL2M3,PR) 

MCHIP 9 9 26 25 24 
PROT 496 127 108 55 56 
END98 139 67 82 59 59 
END99 95 60 70 54 55 
END00 129 55 66 42 40 
END01 73 44 53 42 38 
ARTG 47 6 7 20 21 

 

The ranking systems using our hyperlink evaluations are very successful to im-
prove ranking effectiveness in PageRank-based and HITS-based algorithms. Table 3 
presents the results given by PageRank-based algorithms. Since PROT is least af-
fected by Web Local Aggregation, we consider the collections other than PROT. 
Com-pared with the original PageRank algorithm, all new algorithms successfully 
improve the ranking biased by Web Local Aggregation. The magnitude of the im-
provement on ADiff  respect to link evaluations follows the same order: Metric 1 
<Metric 2 <Metric 3. Furthermore, the positive values of HDiff  measure show that 
the highest ranks of these collections decline. Table 4 presents the results given by 
HITS-based algorithms. The improvement of new ranking distribution is significant. 

Table 4. Effectiveness of improved HITS-based algorithms (AD(x) = ADiff(x,HT), HD(x) = 
Hdiff(x,HT)) 

Coll. Avg(HT) AD(HTM1) AD(HTM2) AD(HTM3) Top(HT) HD(HTM1) HD(HTM2) HD(HTM3) 
MCHIP 7394.9 3140.2 14296.7 16374.6 104 93 -24 279 
PROT 40691.4 9603.3 17353.3 26145.8 1 0 607 2478 
END98 19288.4 4935.3 8644.1 11957.2 273 291 -12 957 
END99 18112.1 4729.9 10611.2 13041.2 211 237 -6 785 
END00 18410.0 4776.7 10292.5 14193.1 250 248 -19 868 
END01 18064.1 4560.1 12004.8 10513.1 133 167 37 650 
ARTG 25825.3 6107.7 4602.6 16812.5 101 89 -4 1826 
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Our discussion focuses on alleviating the over-ranking problem. As a complement, 
we present some snapshots of top ranked pages given by improved algorithms as a 
demonstration how high quality pages win in these ranking systems. Table 5 presents 
15 top ranked pages using algorithm PRL2M3 and HTM3. Both of them make good 
improvement compared with that in Table 1.  

Table 5. Top ranked pages in PRL2M3 (left) and HTM3 (right) 

Rank URL 
1 www.nyu.edu 
2 www.nyu.edu/bin/phfnyu 
3 www.nyu.edu/gsas 
4 www.nyu.edu/prospects.nyu 
5 www.nyu.edu/library/bobst 
6 www.law.nyu.edu 
7 www.nyu.edu/cas 
8 www.law.nyu.edu/index.html 
9 www.nyu.edu/presidential.installation 
10 www.nyu.edu/athletics/varsity teams.html
11 www.nyu.edu/parentsday 
12 www.nyu.edu/msep 
13 www.nyu.edu/students.nyu 
14 www.nyu.edu/alumni.nyu 
15 www.nyu.edu/parents.guide  

Rank URL 
1 www.nyu.edu 
2 www.nyu.edu/bin/phfnyu 
3 www.nyu.edu/gsas 
4 www.med.nyu.edu/ethics.html 
5 www.law.nyu.edu 
6 www.nyu.edu/library/bobst 
7 www.med.nyu.edu/som/departments.html 
8 www.nyu.edu/cas 
9 www.nyu.edu/athletics/varsity teams.html 
10 www.stern.nyu.edu/acc/about 
11 rmm-java.stern.nyu.edu/jmis/toppage/index.html 
12 www.med.nyu.edu/webmastermail.html 
13 www.cims.nyu.edu 
14 www.law.nyu.edu/sitemap 
15 www.nyu.edu/its  
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Abstract. In this paper we present the experiments which evaluate the effec-
tiveness of a group of Web search engines and meta-search engines. Experi-
mental results show that on average the performances of selected meta-search 
engines and search engines are very close, therefore, the claim that meta-search 
engines are more effective than their counterpart-Web search engines can not 
be supported. Another observation is that, very often, search engines and meta-
search engines are doing much better with short queries than with long queries, 
which is surprisingly opposite to conventional information retrieval systems. It 
suggests that Web search services focus on short queries having very few key 
words probably with special efforts; however, the general search techniques 
they use for long queries are unsophisticated and further improvement is in de-
mand. 

1   Introduction 

The Internet and the World Wide Web (WWW) is one of the most important and 
profound creations of humankind. Since its first occurrence in 1993, it has become 
very popular everywhere in the last decade. Among many Internet-enabled applica-
tions and services available today, information retrieval (IR) is very likely to be one 
of the two primary uses of the Internet (the other is e-mail). Web search services play 
the most important role for users to identify some previously unknown resources for a 
particular information need. Web search engines and meta-search engines are two of 
the three major types of Web search services. 

The performances of these search services are concerned by Web users, developers 
and researchers. There have been quite a few comparative studies on search capability 
and performance of general Web search engines, for example in [N95a, N95b, L95, 
CR96, GMS97, L97, LS97, N97, L99, HCTH99, and JSS00]. However, none of them 
include meta-search engines. Some meta-search engine developers compared their 
meta-search engines with the Web search engines which their meta-search engine 
access [G98, GW96]. They claimed that the results in their meta-search engine had a 
wider coverage and improved precision than those Web search engines involved. As 
one of the major solutions for Web search service, Web meta-search engine has cer-
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tain potential advantages over other solutions. For example, we can expect that the 
result from a meta-search engine has a wider coverage than any component Web 
search engine, considering that no Web search engine is able to index all the docu-
ments on the Web. But is it true that meta-search engines can achieve better effec-
tiveness than Web search engines? It is an open question. 

One of the authors of this paper has been involved in a distributed information re-
trieval project MIND [MIND], in which merging results from different resources is 
one of the two major goals. Their research found that the result merging algorithms 
used by meta-search engines such as ProFusion and MetaCrawler were not sophisti-
cated; further improvement is possible for better performance [WC04]. Therefore, it 
is an interesting thing to compare the performances of Web search engines and meta-
search engines in the “real” Web context. 

The rest of this paper is organized as follows: in Section 2 we survey previous 
study on this topic. We introduce the experimental methodology in Section 3 and 
present experimental results in Section 4. Section 5 concludes the paper. 

2   Previous Work 

In this section we first survey several major aspects about Web search services, and 
then focus on the evaluation work done on these search services. 

2.1   Three Major Types of Web Search Services  

Web search services can be divided into three types: Web search engines, Web meta-
search engines, and directories.  

On the Web, a directory is a subject guide, typically organized by major topics and 
subtopics. There are general directories, academic directories, commercial directories, 
portals etc. The best-known directory probably is the one at Yahoo (http://www. 
yahoo.com). Many other sites (e.g., About, LookSmart, and the Open Directory) now 
use a Yahoo-like directory including major portal sites. 

Search engines are used for full-text searches of Web pages. Search engines are 
best at finding unique keywords, phrases, quotes, and information buried in the full-
text of Web pages. Because they index word by word, search engines are also useful 
in retrieving a large collection of documents. If a user wants a wide range of re-
sponses to specific queries, using a search engine is a good way. General search en-
gines are such search engines that cover all areas of knowledge and from an interna-
tional perspective. 

Search research on the Web has a short and concise history. The World Wide Web 
Worm (WWWW) [B94] was one of the first Web search engines. It was subsequently 
followed by several academic search engines, many of which later became public 
companies. Google [BP98] is a well-known example. Right now Google, 
AllTheWeb, MSN, AOL Search, AskJeeves, HotBot, and Lycos are some of the ma-
jor general Web search engines. 
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Meta-search engines do not have their own databases. Any query submitted to a 
meta-search engine is redirected to multiple search engines, then the meta-search 
engine collects the results from all selected search engines, merges them together, and 
presents them to the user. 

Web meta-search engines began to exist only a little after Web search engines, 
MetaCrawler [SE96, SE97] and ProFusion [GWG96] were two of the earliest meta-
search engines, until now there have been a large number of public Web meta-search 
engines such as Vivisimo, SavvySearch [DH97], EZ2WWW, Kartoo, SurfWax, Faz-
zle, MetaFind, MetaEureka etc. In most cases, result merging is a straightforward 
process, which is done only with ranking (or score) information of all document links 
from Web search engines. However, for improving the performance, a more compli-
cated and time-consuming method which fetches the original documents and re-ranks 
them with their own ranking algorithm has been used in several meta-search engines 
such as Inquirus [LL98] and Mearf [OKK02]. Meng, Yu, and Liu [MYL02] did a 
survey on meta-search engines in 2002. 

To our knowledge, evaluation of Web meta-search engines has not been reported 
before except for only a few from the meta-search engine developers themselves. To 
evaluate the performances of meta-search engines and compare their performances 
with Web search engines’ performances are two of the major aims of this study. 

In this study, we focus on performance comparison of search engines and meta-
search engines, while directories have not been considered. 

2.2   Evaluation of Web Search Services 

Since the beginning, Web search services have always been under development and 
evolution. The performance of these Web search services is an important issue. Sev-
eral different methods have been used, which we can classify into the following three 
types: (1) Survey-based evaluation; (2) Log-based evaluation; (3) Test-based evalua-
tion. 

Survey has been the most popular way to evaluate Web search services, conducted 
by the trade press or computer industry organizations who ‘test drive’ and then com-
pare search engines on the bases of speed, ease of use, interface design and other 
features that are readily apparent to users of  search engines. For example, 
www.searchenginewatch.com conducts surveys periodically on the comparison of 
online search systems. www.searchengineshowdown.com, www.llrx.com and others 
do similar work and publish their search engines comparison results on the Web. 
Some academic researchers, for example, [N95a, N95b] adopted this method as part 
of their evaluation methodology. 

Another evaluation method is using the logs of the deployed system for the evalua-
tion. The logs record the behavior of a large number of the system’s users on queries 
of their choices. This method is developed on the assumption that the behavior of 
users on the system can represent the performance of the system. Related study can 
be found in [JSBS98, JSS00, SWJS00, and ZE97]. 
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In test-based evaluation, different search engines are actually used to retrieve Web 
pages and their effectiveness in doing so are compared. It resembles the typical IR 
evaluations that take place in laboratory settings to compare different retrieval algo-
rithms, though Internet shootouts often consider only the first 10 or 20 documents 
retrieved, whereas traditional IR studies often consider many more. 

Query choosing is an important aspect in the evaluation. According to some search 
engine evaluations carried out previously, 3 kinds of query choosing methods have 
been reported, which are as follows: 

1. Queries were invented by invited expert users in their specialized area, e.g. in 
[GP99] or designed by experimenters, e.g. in [L95]. 

2. Queries were drawn from real life, for example, from Web search engine log 
files [LS97 and CR96]. 

3. Queries were designed by some organizations. TREC [HCTH99] and NTCIR 
in Japan [EOIK03] are two examples.  

Quite a few test-based evaluation cases have been reported in the literature. In the 
following let us discuss some of them. 

In the United States, U. S. National Institute of Standards and Technology has 
been holding Text Retrieval Conference (TREC) for over 10 years [TREC]. The aim 
of these conferences is to evaluate submitted IR systems. Since 2000, a Web track has 
been introduced. 

In Japan, the Japanese National Institute of Informatics has been holding several 
NTCIR workshops [EOIK03], which are similar to TREC. However, they mainly 
focus on Japanese IR.  

Leighton [L95], Chu and Rosenthal [CR96], and Leighton and Srivastava [LS97] 
compared the performances of different groups of general Web search engines, while 
a directory was included in Gordon and Pathak’s work [GP99].  

There is some evaluation work focus on a particular area or a particular type of 
network. For example, Wishard [W98] compared several general search engines with 
queries relevant to earth science, while Stenmark [S99] evaluated the performances of 
several intranet search engines. 

Hawking et al. [HCTH99] presented results for an effectiveness comparison of six 
TREC systems (systems submitted to TREC) working on the snapshot collection 
against five well-known Web search engines working over the Web. They found that 
all five search engines performed considerably worse than the six TREC systems. 
Their experiments suggested that the standard of document rankings produced by 
public Web search engines was by no means state-of-the-art.  

3   Experimental Methodology 

In this section we discuss the methodology used in this study: consideration for se-
lecting a group of Web search tools, queries, evaluation criteria and measurement. 

Four Web search engines, Google, AllTheWeb, HotBot, and AltaVista, and four 
meta-search engines, MetaCrawler, ProFusion, MetaFind, and MetaEUREKA were 
chosen, since most of them were well-known Web search tools. 
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Table 1. Query format used for the experiment 

Number (initial 
number in TREC) 

Short Query Long Query 

1(551) intellectual property laws regulations protect intellectual 
property 

2(552) foods cancer patients foods diets cancer patients  
3(554) home buying home buying mortgages 
4(557) Clean air clean water efforts maintain improve clean airclean 

water 
5(558) U.S. Russian relationship  present relationship U.S. Russia 
6(562) world population growth outlook world population growth 
7(563) smoking drinking during pregnancy  effects children mothers smoking drink-

ing during pregnancy 
8(570) future occupation future occupation greatest need statistics 

projections  
9(572) selecting nursing home guidelines criteria selecting nursing 

home 
10(585) tornado basics basic information tornado 
11(589) mental illness adolescence studies services offered mental illness 

adolescence 
12(593) Bush human right China Bush administrations policy human 

rights China 

 

In this study, 12 queries, which were a subset of 50 queries in TREC 2002 Web 
topic distillation task, were used.  

An example of the TREC topic (558) is showed as follows: 

<top> 
<num> Number: 558 
<title> U.S./Russian Relationship 
<desc>Description: 
Describe the present day relationship between the U.S. and Russia. 
<narr>Narrative: 
Relevant documents details the contemporary status of cooperation and the overall relation-
ship between the U.S. and Russia at present, including business, trade, financial and in-kind 
assistance, as well as official governmental relations. 
</top> 

Each topic includes three parts: title, description, and narrative. As in TREC, all 
parts could be used to form queries, and narrative was used to judge the relevance of 
the documents to the topic. 

For any information requirement (topic), we may construct different queries. Al-
most every Web search service provides quite a few different options for query sub-
mission. Especially some advanced search functions, e.g., phrases, Boolean queries, 
and proximity search, could be provided. However, simple key words search is sup-
ported by almost every search service. According to some surveys [JSB98, JSS00], 
key words search was the most popular query format used for Web search. Over 90% 
of the queries submitted to many Web search engines were just one or more words; 
other kinds of queries were rare. Also as mentioned in Amanda Spink and his col-
leagues’ study [SWJS00], public Web users tended to use few terms, few modified 
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queries and rarely used advanced search features. Therefore, in this study, we focus 
on the key words query format. 

Two kinds of queries were considered: short queries and long queries. In either 
case, stop words were removed. Short queries were constructed with all the words in 
the “title”, while long queries were constructed with all the words in the “title” part 
and a few selected words from the two other parts. Such a query forming method is 
based on the following consideration: 

1. Since the words in the “title” indicated the most important concepts that were 
related to the required information, but that was not always the case for the “de-
scription”, and especially for the “narrative” part; 

2. Using all the words in three parts almost always produce very poor results; 
3. Many search engines have a limitation for how many words can be used in a 

query, for example, Google only allows up to 10 words.  

Table 1 shows the words used for all short and long queries. 
In this study, Binary judgment (relevant/irrelevant), as in TREC 2002, was used. In 

addition, we used average precision at several different document levels (5, 10, 15, 
and 20) for the evaluation. Some other researchers, e.g., [GP99], also used similar 
measures.  

Web page references from sponsors were all neglected in the experiment. A bro-
ken link was regarded as irrelevant. For duplicate links, only the first was evaluated, 
all others were regarded as irrelevant whether they were actually relevant or irrele-
vant to the query. 

All the experiments were done between June 20 and August 20 of 2003. 

4   Experimental Results 

The experimental results of four Web search engines are shown in Figures 1 and 2, 
for short queries and long queries, respectively. On average, Google outperforms 
HotBot, AltaVista, and AllTheWeb by 21%, 29%, and 42%, respectively for short 
queries; and it outperforms HotBot, AllTheWeb, and AltaVista by 6%, 34%, and 
37%, respectively for long queries.  

The experimental results of four Web meta-search engines are shown in Figures 3 
and 4, for short and long queries, respectively. For both short and long queries, Pro-
Fusion is the best and MetaEUREKA is the worst. For short queries, on average Pro-
Fusion outperforms MetaFind, MetaCrawler and MetaEUREKA by 5%, 12%, and 
21%, respectively. For long queries, on average ProFusion outperforms MetaCrawler, 
MetaFind, and MetaEUREKA by 7%, 26%, and 35%, respectively. 

4.1   Comparison between Short and Long Queries 

The experimental results are shown for the comparison between short queries and 
long queries in Figures 5 and 6. For both Web search engines and meta-search en-
gines, short queries lead to much better performance than long queries (37% and 24% 
improvement for Web search engines and meta-search engines, respectively).  
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Fig. 1. Average precision at different docu-
ment levels for search engines (short queries) 

Fig. 2. Average precision at different docu-
ment levels for search engines (long queries) 
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Fig. 3. Average precision at different docu-
ment levels for meta-search engines (short 
queries) 

Fig. 4. Average precision at diffrent docu-
ment levels for meta-search engine (long que-
ries) 
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Fig. 5. Comparison between short queries and 
long queries for search engines 

Fig. 6. Comparison between short query and 
long query for meta-search engines 

Besides the above short and long queries, we did some more experiments with 
more words. Let us discuss this using TREC topic 558 (see Section 3 for its contents). 
The “narrative” part of the topic includes 34 words, only AltaVista, HotBot, and 
MetaFind can accept all of them in one query1. However, no relevant documents were 
found in the top 20 links in all these cases. Then we tried 10 words, which were 
“status cooperation relationship between U.S. Russia business trade financial assis-
tance”. Google returned 5 relevant links, both MetaCrawler and MetaEUREKA re-
turned 2 relevant links, and all the others did not return any relevant links at all. 
                                                           
1  All other search tools have limitations on the maximum number of words in one query. 10 

for Google, and 30 for AllTheWeb, FroFusion, MetaCrawler, and MetaEUREKA. 
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Compared with the shorter queries “U.S. Russian relationship” and “present U.S. 
Russian relationship”, in which 8-16 relevant links were found in all 8 search tools, 
the difference was very big. 

Usually, for a given topic, a query with more words leads to a more precise result 
in conventional IR systems. For example, that is almost always the case in TREC (see 
also [HCTH99] and [H00]). Why do we observe the opposite phenomena in Web 
search tools? It suggests that Web search tools concentrate on short queries with very 
few words, but they may not be as good as some good IR systems for longer, thus 
more “complex” queries. Probably as indicated in [HCTH99], Web search services 
do not use start-of-the-art of information retrieval, however, the high effectiveness of 
these Web search services on short queries is very impressive. 

4.2   Comparison between Web Search Engines and Meta-search Engines 

In Figures 7 and 8, the performances of the best Web search engine (Google) and best 
meta-search engine (ProFusion), as well as the average performances of the four Web 
search engines and four meta-search engines are shown. 
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Fig. 7. Performance comparison of Web 
search engines and meta-search engines 
(short queries) 

Fig. 8. Performance comparison of Web 
search engines and meta-search engines 
(long queries) 
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Fig. 9. Search results of Google with differ-
ent word orders 

Fig. 10. Comparison between short query and 
long query for meta-search engines 

For short queries, Google outperforms ProFusion by 21%, while the four Web 
search engines outperform meta-search engines by 7% on average. For long queries, 
Google outperforms ProFusion by 9%, while the four meta-search engines outper-
form Web search engines by 4% on average. 
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The average performances of four Web search engines and four meta-search en-
gines are close; however, none of the meta-search engines is as good as Google, the 
best Web search engine, in performance. The experiments do not support the claim in 
[GW96] that meta-search engines are more effective than Web search engines. The 
performance of a meta-search engine is related to the performances of all component 
Web search engines and the results merging algorithm. However, surprisingly, Pro-
Fusion does not access Google but performs best, while the three others do access 
Google but are not as good as Profusion. 

4.3   The Impact of Word Order on Query Results 

For key words search, we may organize the same words in different orders. Experi-
ments show that in many cases different orders of words in queries may cause signifi-
cant differences on query results. Figures 9 and 10 present two examples with 
MetaEUREKA and Google. “World population growth”, “world growth population”, 
and “population world growth” were used as three different queries, and the results 
were quite different. “World population growth” was the one obtaining the best re-
sults, since it was exactly the way that appeared in many of the relevant Web pages. 

5   Discussion 

In this paper we have reported the effectiveness evaluation experiment with two dif-
ferent groups of Web search services-Web search engines and meta-search engines.  

The experiments have been done with 12 TREC queries and 4 Web search engines 
(Google, AllTheWeb, AltaVista, and HotBot) and 4 meta-search engines (ProFusion, 
MetaCrawler, MetaFind, and MetaEUREKA).  From these experiments, we have the 
following observations: 

• Though Web search engines and meta-search engines are implemented with 
different techniques, their average performances are close. The claim that meta-
search engines are more effective than Web search engines cannot be sup-
ported; 

• Google is very likely to be the best among all selected Web search engines and 
meta-search engines. ProFusion is likely to be the best meta-search engine. 
However, there is considerable difference between Google and ProFusion; 

• Most of the search services are doing very well with short queries including 
only a few key words, however, when we add more words into the queries, the 
performances go down, which are opposite to some conventional information 
retrieval systems. It implies that Web search engines do not use document rank-
ing techniques as well as some conventional IR systems; 

• In key words search, the order of these words may affect the performance of 
the query result significantly. To try to submit a query whose words appear in 
the same sequence as in the retrieved documents may help improve the quality 
of the retrieval. 
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The work in this paper can be furthered in several directions: 
• Synonyms (e.g. comparison of searching for “home buy” vs. “property buy”) 

have not been tested in this study. To find out which Web search tool can sup-
port this is an interesting thing. 

• In this study, directories have not been included. Though a little more compli-
cated, to compare directories with Web search engines and meta-search engines 
is an issue that needs attention. 

• All Web search engines and meta-search engines selected in this study are gen-
eral Web search tools. There are a lot of Web search services that are focused 
on some special topics/fields; to do some evaluation study about them is an-
other direction. 

• The query language used in this study is English. Actually, at present many 
Web search services can support multi-lingual query. To carry out some 
evaluation with some other languages such as Chinese, Japanese, or Spanish is 
another direction. 
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Abstract. Most users of the WWW want their searches to be effective. Cur-
rently, there exists a wide variety of efficient syntactic tools that have can be 
used for search in the WWW. With the continuous increase in the amount of in-
formation, effective search will not be possible in the future only with syntactic 
tools. On the other hand, people have remarkable abilities at the moment of re-
trieving and acquiring information. For example, a librarian is capable of know-
ing, with great precision,  what a client seeks by asking a small set of questions. 
Motivated by the efficiency of that process, we have created a web search sys-
tem prototype based on ontologies that uses a cognitive model of the process of 
human information acquisition. We have built a prototype of a search system 
whose output better meets the expectations of the users compared to tools based 
only on syntax. Using this model, the prototype “understands”  better what the 
user is looking for.  

Keywords: Semantic Search in the WWW, Cognitive Models, Semantic Web. 

1   Introduction 

The explosion in the amount of information in the WWW occurred in the last years is 
one of the central problems faced by its users. The amount of information is so big 
that it is necessary to possess efficient and effective mechanisms of information re-
covery. 

Currently, one of the most commonly used tool for search is information filtering 
[1], which consists of filtering the information returned by the search process based 
on certain parameters. Among these parameters are the user’s profile [2], which is a 
definition of characteristics that represent the interests of the user that enables  to 
delimit his search, such as likes, language, and interests. Another parameter fre-
quently used is ranking, that is a score given to the web pages and depends on how 
many times the page has been chosen by users of the search engine. Another tool 
used for search is indexation [3,4], that consists of elimination of frequently used 
terms and search of roots of words or synonymous, to create an index that represents 
a document. 
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All the methods described above use syntactic handling of words, in the sense that 
all information used from words depends exclusively on the word itself. Neverthe-
less, this is not sufficient; most users get frustrated when the result of their search 
includes plenty of pages that have nothing to do with their interests. Moreover, the 
amount of available information increases and systems based on syntactic methods 
will soon be surpassed. It is necessary, then, to add semantic elements to search sys-
tems. In this work we are concerned on how to incorporate the sense that users give 
to words into a search algorithm. 

The absence of semantic capabilities imply that search engines return irrelevant in-
formation with words with the same syntax, but that do not mean the same thing, 
words that mean the same thing but appear in a context different to the user’s, and 
leaving out those that mean the same thing but are spelled differently and appear in 
the same context. 

An example of a semantic search system is OBSERVER [5], which uses specific 
ontologies that enable users to express the demanded information at an abstraction 
level beyond words itself.  To this end, it keeps a set of small ontologies, each of 
them associated to a set of documents.  When a requirement is demanded, the system 
chooses the ontology class which meets the user’s requirements and asks the user for 
confirmation, then it returns the documents associated to that class. 

On the other hand,  it is remarkable the ability of the human being when look for 
information. For example, a librarian is capable of knowing, with great precision,  
what a client looks for by asking a very small set of questions. This is due, among 
other things, to the fact that humans easily understand the language, context and mo-
tivation of the person who asks for his help. The cognitive process of information has 
been studied by diverse authors [6], nevertheless, according to our knowledge, there 
have not been attempts of integrating cognitive models into automated search sys-
tems. 

In the following sections, we describe a search prototype based on ontologies that 
uses a cognitive model of the human process of information acquisition.  Section 2 
presents a description of  tools used in the prototype development, section 3 describes 
a cognitive model for human understanding, section 4 explains the prototype and 
shows a real example using ontologies of public domain and, finally, in section 5, we 
comment on some preliminary results and sketch our future work. 

2   Ontologies, Web Documents, and Information Extraction 

The following subsections describe ontologies and how they are related to web 
documents. Moreover, we describe the process of information extraction, which is 
central to our algorithms. 

2.1   Ontologies and Web Documents 

Ontologies provide a way to represent and share knowledge using a common vocabu-
lary; they define a protocol of communication and allow knowledge reuse. Ontologies 
are useful to represent both concepts and the relationships among them. 
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The elements that compose an ontology are classes, which are a formalization of 
concepts; relations that represent interactions among classes functions; Instances, that 
are objects of a class;  and axioms, that are declared logical truths that hold about 
elements of an ontology. 

A principle of well-designed ontologies is that similar concepts be grouped to-
gether or represented using same primitive [7]. This principle is central to this work, 
since the closer the concepts in the graph, the more related they are. 

Ontologies are not related to the web in a natural way; therefore, additional efforts 
are necessary to relate them. There exist two ways of relating them: the first one, is 
that every web page contains a small ontology that represents its content (this ontol-
ogy can be written in any of RDF, OIL or DAML+OIL languages [8]). This approach 
gives too much freedom to the user to describe his pages, therefore making it difficult 
for a computer system to analyze its content. Furthermore, common users of web 
pages are generally unenthusiastic to use tools that define semantically well their 
pages. 

The second way of relating web pages to ontologies, is to have a unique ontology 
in which every class is linked to a database of web information (web pages, pdf, im-
ages, etc.). This is achieved by creating databases containing tuples of documents 
associated with the classes of the ontology. In this work, we use this approach.  

Currently, the CYC project [9], is a research project carrying out construction of 
ontologies. The CYC project is still in development, and its goal is to construct a 
knowledgebase containing a significant part of commonsense knowledge of this cen-
tury.  

2.2   Information Extraction of a Document in Natural Language 

Whilst information recovery is used to retrieve documents that contain particular 
words, an information extraction (IE) algorithm allows a user to obtain all the con-
cepts that could be associated to the words in the text [10]. 

There exist several tools that allow IE; among the GATE software [11]. These sys-
tems can work also with compound terms. Thus, such a system would be able to 
recognize the compound term “President of Chile” as one concept. In case a word or 
compound term is associated to more than one concept, all the associated concepts 
are returned. 

In our prototype we use a Java library for IE known as Stand-Alone Gazetteer [12]. 
We have adapted Stand-Alone Gazetteer to work with the CYC ontology.  

3   A Cognitive Model for Human Understanding 

The cognitive model of information extraction (fig. 1) [13,14,15,16] consists of 5 
parts: perception, observation, interpretation, understanding and reflection.  

The first part of the process addresses the way information is acquired from reality, 
i.e. environment of the human being. We define perception as the act of capturing the 
information in the reality. Human beings have a finite capacity of storing and gather-
ing perceived information. Humans only perceive information of their interest. That 
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information is determined by what is relevant for the person. For example, someone 
who has interest in plants, after entering to an office, would perceive the existence of 
them. On the other hand, one that does not have any interest in plants, would not 
notice them. 

 

Reality Informa
tion

Perceptio
n

Observati
on

Interpretat
ion

Understan
ding Reflection

previous knowledge
Interest language Create context Creation of relationships 

feedback  

Fig. 1. Stages of the model 

Perception is the act of describing an object with a language. Not all the things that 
are perceived are observed. For the observation of an object to occur there is a need 
for a language that allows to describe it. Two persons who dominate different lan-
guages will observe different things while looking at the same object. In this way, 
while looking to a plant, a gardener sees more things than a person who does not 
dominate a language that  describes  the plants in detail.  

The interpretation occurs when the observed object is contextualized by the ob-
server. Using the description of the object, the observer places it in a context and is 
able to relate it to other elements that belong to the same context. For example, if the 
gardener sees a plant he may know what type of plant is, if it is eatable, ornamental, 
etc. On the other hand, if an interior decorator sees the plant, he will be able to know 
where to place it, for what types of decorations it is suitable to, etc. 

Understanding arises once information has been interpreted. It is a process that is 
strongly linked to what the observer can do with his interpretation in order to validate 
or invalidate his observation. For example, once a plant is observed, the gardener will 
know if it lacks light or water and will do what is necessary. The act of understanding 
is related with doing. Often, when a person understands something, it acts according 
to this understanding. 

Reflection is the last part of the model. It consists of checking the whole process 
and determining if the actions of the observer were adequate. For example, the gar-
dener will be able to see if the faded plant has recovered after watering it. Otherwise, 
he understands that it was not lacking water but another element. Thus, he increases 
the possibilities of succeeding in the future by repairing the information of the mis-
taken component. 

4   Search System Prototype Based on the Cognitive Model 

This section presents a search system prototype based on the cognitive model pre-
sented in the section 3. The prototype is based on the ontology cyc.daml of the CYC 
project. 
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Fig. 2. Design of the developed prototype 

Figure 2 shows the search system design based on the model of section 3. It is 
composed by five modules that interact with the user, the ontology, or the ontology 
lexicon, and give as result the feedback of the system and the web pages related to the 
search. 

Besides from the system of search, there is another subsystem: the association sys-
tem. Its goal is to associate the web pages with the classes of the ontology, keeping a 
database of pages associated to ontology classes. It must be working all the time, 
constantly updating its associations. 

The following subsections explain and exemplify the algorithms of each of the 
modules. 

4.1   Step 1: Perception Level 

The aim of this step (first step of  figure 2) is to determine what is the motivation of 
the system, i.e., what the system “wants” to look for. The algorithm is shown is fig-
ure 3.  

Asks the user for a list of words  
Keyword ! classes of the ontology associated those words 

Fig. 3. Algorithm for perception level 

For example, let us suppose that the system receives the word “shape”. This word 
is associated with four classes of the CYC ontology: GeometricallyDescribableThing, 
ShapeType, ShapingSomething, shapeOfObject, which are stored in the array Key-
word. This array is the output of the module. 
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4.2   Step 2: Observation Level 

The observation level reproduces the human ability to describe a perception by means 
of  language. In our system, it is necessary to know the language1 of the user to un-
derstand what information is he really interested in. The system knows the language 
of the user by asking him to describe his interests using a paragraph in natural lan-
guage.. Then, the system turns the paragraph into a list of references to classes of the 
ontology that represents the interests of the user.  

List ! {<class,word> | word is in Paragraph given by user and class 
is returned by Gazetteer[word]} 

Profile_repeated ! <class, word> elements of List such that word has 
more than one associated class in List. 

Profile ! elements <class, word> of List such that word has a unique 
associated class in List. 

for each element <class, word> in Profile_repeated 
Evaluation[class, word] ! classes(nodes) of the smallest 

subgraph of the ontology generated using a BFS search 
starting from class and that contains an element in 
Profile. 

endfor 
for each element <class, word> in Profile_repeated 

relation_index[class, word] <- relation index of class with re-
gard to Evaluation[class, word] 

 endfor 
for each word wd such that there exists <class,wd> in Pro-

file_repeated 
Add to Profile Argmimclass relation_index[class, wd] 

endfor 

Fig. 4. Algorithm for observation level 

When the Gazetteer recognizes a word, there exist 2 possibilities: that the word is 
associated with exactly one class of the ontology or that it is associated with more 
than one class. In spite of having more than one ontological meaning, the latter type 
of words have only one meaning for the user, which should be determined by the 
content of the paragraph (the context given by the paragraph). Due to this, for each of 
these words, the algorithm must determine a unique class of the ontology associated 
to it, considering the content of the whole paragraph. 

To this end, the algorithm separates the words associated with only one class of the 
ontology and it places these classes in the vector Profile. Words associated with more 
than one class, are placed in Profile_repeated, paired to every class to which they are 
related.  

To determine the unique class associated with every word in Profile_repeated, we 
choose the class that is semantically closer and more related to the elements of Pro-
file. To measure how close and related is a particular class with the elements of Pro-
file, the algorithm uses an relation index. To calculate this index, it takes into account 
two values. The first one, is the minimum distance between the class and some ele-
ment of Profile (this distance can be calculated directly from the information in the 
                                                           
1  The word language here must be understood in the same way as in section 3, i.e. as the 

means the person has to describe his knowledge. 
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Circular:Circle - Circular:Circularnote 

areas:FieldOfStudy-areas:Area 

matrix Evaluation). The second one, is the number of classes of Profile that are re-
lated to the class at minimum distance. Finally, the relation index is computed as the 
quotient between these two quantities.  

For every word that is associated with more than one class of the ontology, the al-
gorithm chooses the class with the minimum relation index and adds it to Profile. In 
this way, we obtain a list of non ambiguous classes in Profile for a given paragraph. 

 
 

 
   A knowledge website of Flow Research   Circular Geometry is a knowledge website of Flow Research 

that focuses on circular geometry. Circular geometry is a type of geometry based on circular figures rather 
than squares. According to circular geometry, it possible to derive rational values for the areas of circles by 
assuming a circle rather than a square as the unit of measure for quantifying area. 

Fig. 5. Paragraph of interests that shows the words that are present in the lexicon 

For example, suppose the user enters the paragraph shown in figure 5. Words in 
light gray have more than one associated class in the ontology CYC, whereas the 
words in dark gray only have associated class (words not marked are not known by 
the ontology).  

Figure 6 shows how related are the concepts associated to the words circular and 
area with the rest of the words in the paragraph. In the graph, it is clear that area and 
circle are the classes that really correspond to the meaning given in the paragraph, 
since the relation index is the minimum (the relation index of circularnote is 1, 
whereas that of circle is ½). Thus, we leave in the profile the concepts: Circle, Area, 
discarding FieldOfStudy and Circularnote. 

For this algorithm to work correctly, it is essential that there exist words associated 
with only one class of the ontology in the paragraph provided. Although this is an 
important limitation, it is difficult to find paragraphs that describe areas of interest 
and that are completely ambiguous. In case that this situation arises, the algorithm 
outputs an empty profile 
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Fig. 6. (a) Search of the class most related to the word circular  (b) Search of the class most 
related to the word area 
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4.3   Associating Web Pages to Classes of Ontology 

For the search system to work, it is necessary to have a database of web documents 
associated with concepts in the ontology (shown in figure 2). To construct the data-
base, the module uses the algorithm described in the step above. Thus, it receives a 
document as input (which is obtained by means of a web spider) and one association 
between the webpage and each class found in the document is stored in the database. 

4.4   Step 3: Interpretation 

In this step (interpretation module in figure 2) the keyword is contextualized, i.e., the 
algorithm finds the context of the word with respect to the user. Specifically, the 
algorithm finds the ontology subgraph that is semantically closer to both the keyword 
and the elements in the profile. This resulting subgraph corresponds to the area of 
interest of the user or to the context that the user give to the words. 

The area of interest is computed using a breadth-first search, starting from all 
nodes associated to the keyword until an element of the Profile is found or until 
search has reached a limit depth2 (which in practice is 5). 

4.5   Step 4: Understanding 

This step (understanding module in figure 2) shows to the user in a useful manner the 
set of shortest paths from the keyword to the profile classes. Since it is possible that 
the user wants to search out of the area of interest, the algorithm also shows the nodes 
directly connected to the keyword . 

In case the resulting graph is too complex to be visualized, the graph is pruned us-
ing a transitivity rule. For example, if a is subclass of b and b is a subclass of c, the 
intermediate relation (b) is hidden and a direct arc between a and c is shown.  
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Fig. 7. Resulting Graph showed to the user. The dark gray node corresponds to the keyword 
and the light gray ones to the closest related elements in the profile. 
                                                           
2  We have observed that at a greater distance, classes are generally in a context that has no 

relation with the search. 
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Now the system lets the user interact with the graph. The user can click over the 
nodes in the graph. Afterwards, the system shows all the web pages associated to the 
classes of the ontology clicked by the user. In our example, in case the user clicks the 
classes Shapetype and ellipse, the system will show links to the web pages that con-
tain both concepts. 

4.6   Step 5: Reflection 

At this point (module reflection of  figure 2), the system needs feedback from the user 
to verify that it has done the correct thing. If the user chooses one or more of the 
shown classes, it means that he agrees with what was displayed by the algorithm, that 
is to say, the concept he was looking for has been interpreted well by the system. 

If the user chooses one of the nodes that do not belong to the paths between key-
word and profile nodes, it means he does not agree with the result of the system. This 
can be because the concept was not interpreted well or the context found by the algo-
rithm was not the correct one. At this point, an option is presented to the user in order 
to allow him to better customize his profile. The system offers him to add new con-
cepts by changing the paragraph that defines his language. 

5   Some Preliminary Tests 

In order to test our system we compared it against the well-known search engine 
Google. The experiment consisted in searching for information about the Isle of Man 
(an country located in the Irish Sea). 

We invoked Google with the keyword “Man”, and kept the first 44 results. From 
these, only 6 where related to the island (13.6% of efficacy).We processed these 44 
pages with our system, generating a database that contained links to 742 different 
classes of the ontology. Afterwards, we invoked our system with the keyword “Man” 
(which in fact has three associated concepts in the ontology: “AdultMalePerson”, 
“ControllingSomething”, and ”Country”). Furthermore, we entered a profile with two 
classes: “Nation” and “GeopoliticalEntity”. In the resulting graph, when the user 
clicks over the node “man” he obtains a list of 18 links. Among them, 6 are related to 
the isle of Man (33% of efficacy). 

In this simple test, we see that the efficacy of our prototype is better that of 
Google. Moreover, since our prototype “discovered” that what the user wanted was 
information of the isle of man, the information returned is fewer (only 18 from a total 
of 44 possible answers). 

6   Conclusions and Future Work 

The system presented is not a purely semantic web search engine, nor a syntactic one. 
The main advantage of our approach is that it can work with existent web technology, 
since it is not necessary to add any special context to HTML pages. Nevertheless, its 
main limitation is that it relies on the existence of a big ontology, containing, ideally, 
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all human commonsense knowledge. Although the existence of such an ontology 
could be regarded as an utopia, we think it is more promising that pure semantic web, 
since it is unlikely that common web authors will be able to (or want to) use advanced 
tools to semantically describe their pages. 

One of  the main contributions of this work corresponds to the use of a cognitive 
model of the way a human being retrieves information. This model has been enlight-
ening to us, especially with regard to the design of the system. 

Currently, we are doing extensive tests of efficacy and efficiency of the system. 
Furthermore, we plan to improve the efficiency of the observation step, replacing 
breath-first search by a fast algorithm that will use a database of pre-computed dis-
tances between ontology nodes. 
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Abstract. Although a bulletin board system has been an important virtual place 
for exchanging information in the same interest group for a long time, its users 
have to browse each article for getting target information because current board 
system has not been able to provide conceptual data access. To solve this issue, 
we propose a semantic-based bulletin board system, called Semantic Board that 
supports tagging and searching articles using semantic information. Without 
modification, it can be adopted in various application fields using different se-
mantics with a proposed ontology named SBoard. The SBoard ontology is de-
signed to describe RDF predicates representing semantic information in the 
Semantic Board. The ontology indicates the form generation in the frontend and 
RDF data access in the backend of the target predicates. Using this, the Seman-
tic Board is able to generate dynamically HTML forms to ease difficulties in 
writing semantic tags manually and store users' input as a corresponding RDF 
document. The SBoard is also used to generate RDQL statement for searching 
articles based on semantic information. 

1   Introduction 

A bulletin board system has been a killer application dedicated to sharing information 
for online community before the Web arrived. A lot of network services such as the 
Gopher have been dismissed after the emergence of the Web, but the board system 
survived and has been integrated into the part of the Web, so called a Web-based 
board system. Since the board system enables users to share information and ex-
change their opinion easily, a number of studies have been conducted on various 
fields such as groupware [1], official document processing [2], and education system 
[3]. For other perspective view, some researchers concentrated on extending its func-
tionalities including multimedia support [4], or collaboration filtering [5].  

In spite of its convenience and effectiveness, existing board systems tend to take a 
lot of time and efforts from users for getting target information. Though some ad-
vanced board systems provide searching function based on text matching, its data 
access is processed at the lexical level. The lexical level access to the board system 
reveals a limit on getting proper information because same meaning can be repre-
sented in different ways in the board systems. For example, a date of 6th.Jul.2003 can 
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be represented as either 2003.7.6 or 03-07-05. If these expressions were contained in 
a “job hunting board,” job hunters would suffer to search a proper article including 
correct date that they want to get.  

This issue is not confined only to the board system, but also to the other informa-
tion systems because current information systems including the Web have used lexi-
cal-based information processing other than semantic-based. Search engines on the 
Web provide users with convenient searching functions, but their search results are 
mainly extracted by using the keyword matching. Authors on the Web create web 
pages with their whims and use subtly different terms that can fool a simple keyword 
search [6]. For this reason, a lot of researchers are interested in the Semantic Web as 
a solution to this issue [7][8]. Within the Semantic Web, information can have seman-
tic contents that can be processed by machines or agents [9][10], so the Semantic 
Web will enable intelligent service [10] and provide more accurate search result satis-
fying users’ intention.  

The main methodology of making the Semantic Web is a semantic tagging to the 
data on the Web. The semantic tagging means activity of which authors tag the se-
mantic information manually to their resource using the Semantic Web tag language 
like Resource Description Framework (RDF) [11] and related ontologies. For this 
purpose, W3C and other researchers suggested several Semantic Web tag languages 
[12] and applications such as Protégé [13] and ADF[14] are announced.  

The manual semantic tagging is suitable to the Web pages, but this approach is not 
preferable to the board system because it requires a great amount of knowledge about 
the Semantic Web tag languages and it may cause frequent typos. An easy alternative 
is giving HTML form to users to collect user’s semantic data input, but this method 
causes a severe scalability problem. The input data on the HTML form has to be 
processed by the Common Gateway Interface (CGI) and general CGI code can only 
processes predefined data. It makes the board system can only support fixed semantic 
data. If this approach is adopted, a new board system has to be developed whenever 
different semantic data is required. Therefore a desirable semantic-based board sys-
tem not only provides easy semantic data access from the Web browser, but also 
supports various ontologies without modifying its processing code.  

To satisfy these requirements, we propose a new board system, called Semantic 
Board that can dynamically generate posting/query forms for the target semantic 
information without code modification. It can also provide a storage access module 
for creating a RDF document from the input data and a search module generating 
RDF Data Query Language (RDQL) [15] statement. With the proposed ontology 
named SBoard, the Semantic Board can be used in various application fields. The 
SBoard ontology is designed to write a Predicate Semantic Description (PSD) that 
describes RDF predicates imported in the Semantic Board.  
The paper is organized as follows. Section 2 will discuss building blocks and chal-
lenges for creating a semantic-based board system. Section 3 addresses the architec-
ture of the SBoard ontology and the PSD. Section 4 focuses on the internal structure 
of the Semantic Board. Section 5 concludes this paper. 
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2   Building Blocks and Challenges 

2.1   The RDF in Describing Semantic Information 

Although the several Semantic Web description languages have been announced to 
describe semantic information on the Web, the RDF can be a suitable solution for a 
semantic-based board because of its simple yet powerful description ability. The RDF 
is based on the idea of describing resources in terms of simple predicates and predi-
cate values [11]. This relationship could be represented as the RDF graph shown in 
Fig.1.(a).  

 

 

Fig. 1. Examples of RDF graph 

In a semantic-based board, a targeted resource will be an article that a participant 
posted. Therefore the article's URI, predicates and predicate values should be pro-
vided to create a RDF/XML document that holds an article's semantic information. 
For example, to announce conference meetings, the article in the board may have 
predicates such as a subject, meeting date shown in Fig.1.(b). 

2.2   HTML Forms and the RDF 

A semantic-based board should provide an HTML form to keep its users from writing 
RDF/XML manually. When using this approach, the data on an HTML form needs to 
be mapped to the elements of a RDF document to get the article’s predicates and their 
values. When the data on an HTML form is transferred to the Web server, form data 
is encoded as a stream of “name=value” pairs separated by the “&” character and it is 
processed by corresponding CGI code. Fortunately, each “name=value” pair can be 
easily mapped to “predicate=value” of semantic information. That is, the input data 
on an HTML form can be simply processed as elements of RDF document with the 
CGI code like other Web applications. This seems an intuitive solution for making a 
simple semantic-based board.  

2.3   Issues and Requirements 

Above CGI based approach reveals a severe scalability problem for a semantic-based 
board. In the CGI programming, an HTML form and its processing code are hard-
coded in the board system before the board is released. That means the attached se-
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mantic information has to be fixed when the CGI programming is simply applied to 
an semantic-based board. If a board manager wants to change the board’s semantic 
data schema, the board system’s HTML form and its processing code should be 
modified or rewritten because the frontend and backend of the Web application is 
adhered to the predefined data.  

In the RDF, the different semantic domain requires different predicates. For exam-
ple, a domain related to photos will require the predicates such as resolution and pic-
ture type, but other domain related to job hunting may need the predicates including 
job category and opening date. By this reason, a semantic-based board supporting a 
single application domain can not be reused for other domains unlike ordinary board 
systems.  

To support various predicates without code modification, a semantic-based board 
system should satisfy two requirements at least. First, it should have a method to 
describe target predicates. Especially, the method should indicate the elements of 
corresponding HTML form and RDF document for each predicate. Secondly, the 
board system is able to read the described predicates and generates frontend HTML 
forms and backend processing codes. To satisfy these requirements, we suggest a 
Semantic Board and new ontology.  

3   SBoard Ontology and Predicate Description 

3.1   Elements of Ontology Design 

We designed a new ontology named SBoard to be used for describing RDF predicates 
that explain articles’ semantic data. Ordinary ontologies are designed to describe 
resources on the Web, but the purpose of the SBoard ontology is to describe the 
predicates of other ontologies that will be imported into the proposed semantic-based 
board. Therefore a predicate of the other ontologies is a resource in the SBoard. The 
vocabulary of the SBoard is designed to indicate HTML form and RDF document 
template for the predicates of other ontologies.  

The predicates of the SBoard are categorized into three groups; Posting-Form 
group, Query-Form group and RDF data group. The predicates in the Posting-Form 
group are formtag, label, range and default. These predicates are used to construct 
corresponding HTML form component in the posting page. The Query-Form group’s 
predicates are label and target, which make HTML form components in the query 
page. The predicates of RDF data group are datatype and prefix that provide informa-
tion needed to create RDF document. The detailed description of SBoard predicates is 
shown in Table 1. 

3.2   Predicate Semantic Description 

The Semantic Board is able to import a description file containing predicates. This 
predicate description file will be called as a Predicate Semantic Description (PSD) in 
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this paper. A PSD is consisted of Common part and several Predicate parts. The 
Common part has a modelname predicate for connecting backend database access and 
it exists only once in a PSD. The Predicate part is applied to each predicate. In the 
Predicate part, RDF data group’s predicates provide information for creating RDF 
document. Posting-Form group’s predicates indicate information to generate HTML 
form component for posting an article. The predicates of Query-Form group are simi-
lar to the member of Posting-Form group, but these generate HTML form for query 
input.  

 

 

Fig. 2. Predicate part of DC:Creator and its expected results 

Each Predicate part in a PSD is used to generate either a posting form or a query 
form. To generate a posting form, the predicates of Posting-Form and RDF data 
group are required. For example, if a board manager wants to use “Creator” predicate 
from the Dublin Core [16] for his board system, the description and its results may be 
as shown in Fig.2. 

In the case of DC:Creator, it needs a text input component and it should be stored 
as xsd:string data type in a RDF document. A sboard:label and sboard:formtag in the 

Table 1. Predicates of the SBoard Ontology 

Group Name Mandatory Description 
formtag yes indicates the HTML form component such as 

TEXT 
label yes indicates the LABEL before the component 
range optional indicates the data when formtag is SELECT 

component, RDF:Bag is used to set the data 

Posting-Form 

default optional indicates the default value on the component 
datatype yes indicates the data type the predicate can have RDF data 
prefix yes indicates the namespace prefix for RDF docu-

ment 
label  indicates the LABEL before the component Query-Form 
target  indicates the target predicate for searching 
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Posting-form group indicate HTML form component. The sboard:prefix is required 
to write this predicate for the name space in the RDF document. If input data is “Tim 
Lee” at HTML text component in Fig.2, the resulted RDF document would have 
DC:Creator predicate as shown in Fig.3. 

 

 

Fig. 3. Resulted RDF Document 

4   System Design 

4.1   Architecture 

An ordinary board system is constructed using the CGI that connects articles to the 
backend storage. However, a semantic-based board requires additional mechanism 
for connecting semantic information to the backend storage. It should also support 
dynamic importing of a PSD described with the SBoard ontology. To satisfy these 
requirements, the Semantic Board is consisted of two independent modules shown in 
Fig.4.  

 

 

Fig. 4. Structure of the Semantic Board 
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One module is similar to an ordinary board system, but the other module is respon-
sible of processing semantic information. Initially, a board manager imports a PSD. 
The Semantic Board reads the PSD on starting time and dynamically generates the 
posting/query form and RDF access module. The posting form is combined with 
normal article posting input form and the query form is provided as an independent 
page. With this scheme, a board manager is able to adopt various PSDs for supporting 
diverse semantic information without the board’s code modification. 

4.2   Query Statement 

Board users who want to get articles by semantic searching have to use semantic 
query language such as RDQL [15]. The RDQL is similar to the SQL and provides 
searching RDF documents using a triple. Since it is difficult for ordinary users to use 
this, we designed query operations that generate RDQL statements in the Semantic 
Board. It enables users to search semantic information without using complex RDQL 
statement. The designed operations are as shown in Table 2. 

Table 2. Query Operations 

Data type Operation 
Numeric GT(>), GE(>=), EQ(==), LE(<=), LT(<) 
Text SAME 
Date FROM, UNTIL 

 
Query operations are automatically allocated to the OPTION field of SELECT com-
ponent according to the data type in a PSD when the query form is generated. A tar-
get in the Query-Form group indicates the predicate used for searching target. The 
Query-Form group and RDF data group cooperate and make the query form compo-
nents. For example, if there is an “age-query” predicate whose target predicate’s data 
type is xsd:integer, the Semantic Board creates HTML SELECT form tags according 
to the Numeric data type as shown in Fig.5. The generated form tags can be grouped 
as “query operation part” and “query data part”. The query operation part selects an 
operation to make a RDQL query operation and the query data part indicates the 
target data for the query operation. 

When users issue a query on a query form, a selected query operation and query 
data are used to make corresponding RDQL statement. If a user selects “GE” as query 
method and enters “25” as data for age in the example Fig.5, a RDQL statement is 
created from the PSD and user’s data input as shown in Fig.6. The Semantic Board 
hides complex RDQL from users adopting this scheme. 

4.3   Evaluation 

We tested the Semantic Board and the SBoard ontology by developing a job-hunting 
board system. Several predicates required for a job-hunting are described in a PSD, 
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which is imported into the Semantic Board. We assumed “job category”, “opening 
date” and “closing date” may be important semantic information for the job-hunting 
board and “opening date” is targeted for searching data. The part of the PSD is as 
below. 

The purpose of the evaluation is a testing the proper generation of posting/query 
forms and validity of resulted RDF document. After importing above sample job-
hunting PSD, the Semantic Board generates the posting form shown in Fig.7.(a). It 
also enables users to access articles using semantic-based searching for “job opening 
date”. Besides the job-hunting PSD, other PSDs including “conference meeting” are 
tested on the same board. For the conference meeting PSD, users can semantically 
access conference information by its conference subject and opening date shown in 
Fig.7.(b). 

 

Fig. 5. Generation of Query Form 

 

Fig. 6. Relation between PSD, Form, and RDQL statement 
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Fig. 7. Generated HTML Posting Form 

It is difficult for ordinary users to write PSD effectively, but this is not a main 
obstacle because a PSD is generally written by a skilled manager or it can be easily 
copied from the Internet. Until now, the SBoard ontology is not able to describe the 
Blank Node or the Container in the RDF specification and this will be a next research 
issue. 

<?xml version="1.0" encoding="UTF-8"?>  
<rdf:RDF xmlns:rdf="http://www.w3.org/1999/02/22-rdf-syntax-ns#"  
xmlns:rdfs="http://www.w3.org/2000/01/rdf-schema#"  
xmlns:sboard="http://www.sboard.org/2003/sboard-rdf/1.0#"  
xml:base="http://www.sample.com/2003/app/job-board">  
<rdf:Description rdf:about="http://www.sboard.org/2003/model">  
   <sboard:modelname>JobBoard</sboard:modelname>  
</rdf:Description>  
<rdf:Description rdf:about="http://www.sample.com/2003/app/job-board#category">  
   <rdf:type rdf:resource="http://www.w3.org/1999/02/22-rdf-syntax-ns#Property"/>  
   <sboard:prefix>job</sboard:prefix>  
   <sboard:datatype rdf:datatype="http://www.w3.org/2001/XMLSchema#string"/>  
   <sboard:label>Job Category</sboard:label>  
   <sboard:formtag rdf:resource="http://www.sboard.org/2003/sboard-rdf/1.0#selection"/>  
   <sboard:default>Programmer</sboard:default>  
   <sboard:range rdf:resource="#Prop_001_Bag"/>  
   <sboard:formtype rdf:resource="http://www.sboard.org/2003/sboard-rdf/1.0#inputform"/>  
</rdf:Description>  
<rdf:Description rdf:about="http://www.sample.com/2003/app/job-board#openingdate">  
   <rdf:type rdf:resource="http://www.w3.org/1999/02/22-rdf-syntax-ns#Property"/>  
   <sboard:prefix>job</sboard:prefix>  
   <sboard:datatype rdf:datatype="http://www.w3.org/2001/XMLSchema#date"/>  
   <sboard:formtype rdf:resource="http://www.sboard.org/2003/sboard-rdf/1.0#inputform"/>  
   <sboard:label>Opening Date</sboard:label>  
</rdf:Description>  
------------ cut here ----------------  
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5   Conclusion and Future Work 

A bulletin board system has played an important role for a long time in exchanging 
information for online community, but it has revealed some weak points in accessing 
information. In a current board system, users have to access information at lexical 
level and it causes users to invest much time and effort for retrieving target data. 
However, this issue is not confined only to the board system, but related to most in-
formation systems.  

To solve this issue, we propose a board system and a new ontology that support 
semantic information access. The ontology is used to describe various predicates that 
can indicate the semantic information of an article in the board system. The proposed 
board system is designed to support diverse semantic information to an article with-
out code modification. It imports PSDs and then generates posting/query HTML 
forms that enable ordinary users to use semantic information easily. We also suggest 
a new searching mechanism to connect the RDQL and HTML form tags without data 
type conflict. The main purpose of this research is suggestion of a method that en-
ables dynamic semantic information support in a board system without code modifi-
cation and the evaluation shows expected results.  

In the further research, the proposed system will be extended to support semantic 
accessing of multimedia data including pictures and an asynchronous notification 
based on semantic information. The predicate describing method in this paper can be 
used in other information systems that need to change its semantic information at 
runtime. 
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Abstract. Computing data cubes requires the aggregation of measures over ar-
bitrary combinations of dimensions in a data set. Efficient data cube evaluation 
remains challenging because of the potentially very large sizes of input datasets 
(e.g., in the data warehousing context), the well-known curse of dimensionality, 
and the complexity of queries that need to be supported. This paper proposes a 
new dynamic data structure called SST (Sparse Statistics Trees) and a novel, in-
teractive, and fast cube evaluation algorithm called CUPS (Cubing by Pruning 
SST), which is especially well suitable for computing aggregates in cubes 

whose data sets are sparse. SST only stores the aggregations of non-empty cube 
cells instead of the detailed records. Furthermore, it retains in memory the dense 
cubes (a.k.a. iceberg cubes) whose aggregate values are above a threshold. 
Sparse cubes are stored on disks. This allows a fast, accurate approximation for 
queries. If users desire more refined answers, related sparse cubes are aggre-
gated. SST is incrementally maintainable, which makes CUPS suitable for data 
warehousing and analysis of streaming data. Experiment results demonstrate the 
excellent performance and good scalability of our approach. 

1   Introduction 

In the past decade there has been continuous interest by the research community on 
data warehousing, OLAP (On-line Analytical Processing) and data cubes [5, 6, 9]. 
How to compute and store data cubes is of particular importance. Since most OLAP 
queries involve only aggregates in the form of group-bys or cube-bys instead of de-
tailed information, we call these types of queries cube queries. These queries com-
pute the aggregates (SUM, COUNT, MIN, MAX, etc.) of measures over an arbitrary 
combination of the dimensions and their hierarchical levels. For example, if a retail 
warehouse contains three dimensions, time, location, and product, a cube query could 
be “How many computers are sold in Raleigh, NC and Atlanta, GA between January 
and March of year 2001?”  

Efficient computation of data cube is a fundamental and required function in ana-
lytical applications. It forms the basis for generating various reports and for complex 
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data analysis. Moreover, efficient data cube computation has important applications 
in designing a new bred of data mining algorithms. The new SST data structure ex-
hibits the following important advantages over existing approaches: 
• Efficiency: SST only stores aggregations (instead of detail records) and dense 

data cubes. After initialisation of SST by one pass of data, accurate approxima-
tion can be instantly obtained without any I/O operations.  

• Interactive: users can refine their query answers or stop evaluation at any time.  
• Self-indexing: the dense cubes stored in in-memory SST and the sparse cubes 

stored on disk are all already sorted automatically. This eliminates the large 
overhead of indexing the data cubes or views. 

• Scalable: CUPS can deal with many dimensions and large domain sizes. It is 
scalable in large number of records. In addition, CUPS is easily modified to par-
allel algorithms. 

The rest of this paper is organized as follows. The related work is summarized in 
section 2. In sections 3 and 4, we present the data structure of SST and the cube query 
processing algorithms. The results of the performance experiments are given in sec-
tion 5. Concluding remarks are provided in Sec. 6. 

2   Related Work 

The literature related to OLAP and data cube is rich. To deal with the sparse data, 
Yihong Zhao et al. proposed the chunking method and sparse data structure for sparse 
chunks [20]. Sanjay Goil and Alok Choudhary proposed PARSIMONY to parallelize 
MOLAP for better performance [8]. Also in the MOLAP camp, CubiST (Cubing with 
Statistics Trees) for the first time computes and maintains all the data cubes including 
supercubes together in one compact data structure called statistics tree (ST) for dense 
data [21]. ST is a static data structure. Once the dimensions and their domain sizes 
are given, the tree configuration is determined irrespective to the contents of the re-
cords. When ST can fit into memory, CubiST is an excellent choice. But in most real 
world applications, the requirement that the whole ST fit into memory is unrealistic. 
CUPS addresses this major drawback of scalability so that it is especially scalable and 
suitable for sparse data. To optimise the cube queries that have constraints on arbi-
trary hierarchy levels, [22] selects and materializes a family of statistics trees for 
dense data. CUPS is interactive, which is a very attractive feature in data exploration 
and data streaming applications. In addition, in this paper we will address the I/O 
issues (e.g. paging and matching) that papers [21, 22] did not. 

Materialized views are commonly used to speedup cube queries. A greedy algo-
rithm over the lattice structure to choose views for materialization is given [12]. Other 
views can be computed from them on-the-fly. View maintenance problem is ad-
dressed by [14, 10, 19, 16]. Bitmap and B+-tree are two popular indexing schemes 
that are used by most systems. Bitmap is suitable for dimensions with small number 
of values. Encoded bitmap is an improvement for large domain size dimensions [7].  
B+-tree is an indexing structure for dimensions with large cardinalities. B+-tree is one-
dimensional structure while SST is multidimensional.  
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Another method is to restrict cubing only on group-bys that use HAVING 
COUNT(*) > X, where X is greater than some threshold [4]. K. Beyer and R. Rama-
krishnan develop a new algorithm BUC (Bottom-Up Cubing) to solve the new min-
sup-cube problem. Similar to some ideas in [17], BUC builds the CUBE bottom-up; 
i.e., it builds the CUBE by starting from a group-by on a single attribute, then on two 
attributes, and so on. BUC belongs to the ROLAP camp, focusing on the row opera-
tions e.g. sorting. External sorting and large intermediate files slow down this type of 
algorithms. Another major drawback of BUC is that it is not incrementally maintain-
able.  

T. Johnson and D. Shasha [13] propose cube trees and cube forests for cubing. 
SST differs from cube trees in that it stores all the aggregates in the leaves and inter-
nal nodes contain special star pointers. Due to the complexity and long response 
times, some algorithms give a quick approximation instead of an exact answer that 
requires much more time. Sampling is often used in estimations [11, 3]. Vitter and 
Wang use wavelets to estimate aggregates for sparse data [18]. An interesting idea of 
relatively low cost is to refine self-tuning histograms by using feedback from query 
execution engine [2]. However, the loss of accuracy in this algorithm is unacceptable 
for high skewed data. 

3   Sparse Statistics Trees 

3.1   Tree Structure 

SSTs are multi-way trees with k+1 levels, where k is the number of dimensions. Each 
level corresponds to a dimension except the last level. The root is at level 0. The 
leaves on the last level (i.e. level k) contain aggregates.  The internal nodes are used 
to direct the access paths for the queries. A node at level h (h = 0, 1, �, k-1) contains 
(index, pointer) pairs. The indexes represent the domain values of the corresponding 
dimension and the pointers direct query paths to the next level. An additional special 
index value called star value represents the ALL value of dimension h; the corre-
sponding star pointer is used to direct the path to the next level for a cube query that 
has no constraints for dimension h.  

All leaves are automatically sorted and indexed by the corresponding root-to-leaf 
paths. SST stores the full cube (i.e. containing all data cubes) in its leaves if it fits in 
memory. In the example SST of Fig. 1, there are three dimensions and the domain 
value indexes are labelled along their corresponding pointers. Leaves shown in boxes 
contain the aggregation values of the paths from the root to the leaves. Without loss 
of generality, in this paper we implement COUNT function. Other aggregation func-
tions e.g. SUM needs only minor changes. Data cubes with no or few stars consume 
most of the storage space but are rarely queried. When main memory is exhausted, 
these sparse cubes will be cut off and stored on disk. In this sense, SST makes opti-
mal usage of memory space and is used to speed up most frequent queries. Another 
important observation is that SST represents a super view, binding all the views (or 
arrays) with different combinations of dimensions together into one compact struc-
ture. As a MOLAP data structure, SST preserves the advantages of ROLAP in the 
sense that it only stores nonempty data cubes in summary tables for sparse data. 
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3.2   Dynamic Generation and Maintenance of the SST Tree 

The SST is dynamically generated. While scanning, the input records are inserted into 
the tree one by one.  Whenever a new record is inserted, starting from the root for the 
first dimension, we first search its index fields. If the index is already there, we sim-
ply follow its pointer to the next level node. If not, a new node will be created as its 
child and a new entry of (index, pointer) pair will be inserted. If necessary, a new 
child is also created for the star index entry. At the same time we always follow the 
star pointer to the next level. 

We proceed recursively until level k-1 is reached. The SST after inserting the first 
record (6, 9, 5) and the second record (20, 1, 3) is shown in Fig. 1. The newly created 
or accessed pointers are shown in dashed arrows. The pseudo-code of inserting one 
record into SST is shown in Fig. 2 by calling recursive function insert(root, 0, re-
cord). To generate SST, we first create a root with an empty list and then repeatedly 
insert all the input records. 
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Fig. 1. The SST after inserting first two records. 

Even though SST only stores the nonempty aggregates, it may still not fit in 
memory at some point during the insertion process. Our strategy is to cut sparse 
leaves off and store them on disks so that they can be retrieved later to refine answers.  

3.3   Cutting Sparse Nodes and Generating Runs 

The total number of nodes in the SST is maintained during the construction and main-
tenance. Once it reaches a certain threshold (we say, SST is full), a cut phase starts. 
One idea is to cut off sparse leaves whose COUNT values are less than a threshold 
minSupp.  

Continuing the example of Fig. 1, two more records (6, 9, 3) and (20, 9, 3) are in-
serted (Fig. 3). If we set minSupp to 2, all the nodes and pointers shown in the dashed 
sub-graphs will be cut. Notice that when a node (e.g., B) has no children (i.e., has an 
empty list) after cut, it must also be cut and its pair entry in its parent (e.g., A) should 
be deleted. All memory space resulting from cut is reclaimed for later use. All the 
leaves being cut are stored on disk in the form of (path, aggregation) pairs, where 
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path is the root-to-leaf index combination and aggregation in our example is the 
COUNT value. All the pairs resulting from the same cut phase form a run, which are 
naturally sorted by paths. 

4   Evaluation of Ad-Hoc Cube Queries 

4.1   Approximate Query Evaluation through SST 

From any cube query over k dimensions, we extract the constrained domain values 
and store them using k vectors v0, v1, …, vk-1, each for a dimension. If dimension i is 
absent, vi contains one single ALL value. We call these vectors selected value sets 

1  insert(n, level, record) { // insert a record into node n at level �level�;
2 if level = k-1 then

// base case, where k is the number of dimensions;
3 if index is not found in the list, where index = record[level]; 
4 create new leaf and pointer to it; add a new entry into list; 
5 create star leaf and entry if it is not there yet;
6 update the leaves pointed by index and star pointers;
7 return;
8 if index is not found in the list, where index = record[level]; 
9 create new node and pointer to it; add a new entry into list; 
10 create start node if it is not there and add star entry into list;
11 let m1, m2 be the nodes pointed by index and star pointers;
12 insert(m1, level+1, record); insert (m2, level+1, record); 
13 return;
14  }

 
Fig. 2. Recursive insertion algorithm. 
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Fig. 3. SST after inserting two more records and before cutting. 
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(SVS) of the query. Starting from the root of SST, our algorithm follows along the 
paths directed by the SVS until it will encounter related leaves. If a path stops at a 
node n at level s where the sth domain value is not in the index list of n, the algorithm 
returns 0 because there is no dense cube for this path.  The aggregation of the visited 
leaves is returned to users as an approximation. We discuss the methods for refining 
query answers in the next subsection.  
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Fig. 4. The SST after the cut phase. 

In our running example, suppose a cube query COUNT (*; {1, 9}; {3, 5}) is 
submitted and the SST shown in Fig. 4 is used to evaluate the query. We first com-
pute its SVS: v0 = {*}, v1 = {1, 9}, and v2 = {3, 5}. Starting from the root, follow the 
star pointer to the next level node. The path stops because the first domain value of v1 
(=1) is not in the list. The query result is still 0. Check the second value of v2 and 
follow the pointer corresponding to its index 9. Further tracking along the pointer for 
3 leads to the fall-off leaf (the matched path *-9-3 is shown in dashed lines). After 
adding it up, the result becomes 2. Following the pointer of the next value of v3 does 
not lead to a match. A quick approximate query result of 2 is returned. Next, we can 
refine the result by matching the paths with the runs generated in Sec. 3.3. The result 
is updated from 2 to 3 (after aggregating path *-1-3 in the run), and finally to the 
exact answer 4 (after aggregating path *-9-5). 

4.2   Interactively Refining Query Answers 

When the run files are large and the queries involve a large number of data cubes, 
retrieving and aggregating the related sparse cubes are nontrivial. The cubes are ac-
cessed by the paths defined by v0 × v1× … × vk-1 from SVS.  We store them in a vector 
Q_cube. For each run, refining query answers becomes a problem of matching the 
cubes in Q_cube with the (path, value) pairs stored in the run file and aggregate those 
matched cubes as the refinement for this run. Of course, it is inefficient to scan the 
run file for matches with Q_cube. Instead, we segment the run file into pages and 
only retrieve the matched pages. During the run generation, a pageTable is created 
and stored in memory. The entries of pageTable are the cube paths of the first cube of 
each page.   
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5   Simulation Results 

5.1   Setup for Simulation 

We have conducted comprehensive experiments on the performance of our CUPS 
algorithms by varying the number of records, and the degrees of data skew in a com-
parison with BUC. We decided to use BUC since the performance of BUC was better 
than its closest competitor MemoryCube. We have implemented BUC based on a 
description given in the paper [4]. However, this paper only implements the internal 
BUC. That is, it assumes that all the partitions are in the memory. Obviously, this is 
not adequate since in real world applications the space for the partitions and other 
intermediate results easily exceed the common available memory. Therefore, to in-
vestigate its overall behaviour including I/O operations we implement both internal 
BUC and external BUC. All experiments were conducted on a Dell Precision 330 
with 1.7GHZ CPU, 256MB memory, and the Windows 2000 operating system. 

5.2   Varying Number of Records 

We first use uniformly distributed random data over five dimensions with cardinality 
of 10 each. The number of records increases from 50, 000 to 1,000,000 (data set sizes 
from 1megabytes to 20 megabytes). Correspondingly, the data density (defined as the 
average number of records per cell) increases from 0.5 to 10.  The threshold minSupp 
and available memory are set to 2 and 10 megabytes respectively. The pattern of 
runtimes is the same for larger parameters and data sets. The runtimes are shown in 
Fig. 5. CUPS is about 2-4 times faster than BUC. The runtimes are the times for 
computing the data cubes. 
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Fig. 5. Varying number of records. 
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5.3   Varying Degrees of Data Skew 

In this set of experiments, instead of using uniform data sets we change the degrees of 
data skew. Real world data sets are often highly skewed. For example, the number of 
computers sold in Chicago, IL last month was probably much higher than in Greens-
boro, NC. Our data sets all contain 100,000 records and have 5 dimensions with the 
same size of 20. The average data density is 1/32. 
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Fig. 6. Varying degrees of data skew. 

To control the degree of data skew, we use a measure skew_rate which is the per-
centage of input records that have values in 0 - skew_max for all dimensions, where 
skew_max is a parameter (we fixed it to 5 in the experiments). The rest of records 
have random values within domain ranges (0-19 in our example). The larger 
skew_rate and the smaller skew_max are, the more skewed the data set is. The test 
results of using skew_rate from 0.1 to 0.9 are show in Fig. 6. For very sparse and 
skewed data sets, the performance of CUPS is significantly better than BUC. Al-
though the data is very sparse, some regions and subspaces are still dense. 

6   Conclusion 

In this paper, we presented a new data structure called SST. Based on SST, new cub-
ing algorithm CUPS has been given. This method deals with data sparseness by only 
storing nonempty cubes and retaining only dense cubes in memory. Duplicate records 
are aggregated into leaves without storing the original data even the record Ids. For 
complex relational databases with high dimensionality and large domain sizes, to free 
more space, the algorithm dynamically cuts out high-dimensional sparse units that are 
rarely or never queried. Our optimal one-pass initialization algorithm and internal 
query evaluation algorithm ensure fast set-up and instant responses to the very com-
plex cube queries. Our paging and “zigzag” matching techniques speedup the query 
refinement computation. Comparisons with the BUC algorithms have confirmed the 
benefits and good scalability of CUPS. 
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Abstract. Given the fact that relational and object-relational databases
are the most widely used technology for storing data and that XML is
the standard format used in electronic data interchange, the process of
converting relational data to XML documents is one that occurs fre-
quently. The problem that we address in this paper is an important one
related to this process. If we convert a relation to an XML document,
under what circumstances is the XML document redundancy free? In
some allied work we formally defined functional dependencies in XML
(XFDs) and, based on this definition, formally defined redundancy in an
XML document. We then introduced a normal form for an XML docu-
ment (XNF) and showed that it is a necessary and sufficient condition for
the elimination of redundancy. In this paper we address the problem of
determining what class of mappings map a relation in BCNF to an XML
document in XNF. The class of mappings we consider is very general
and allows arbitrary nesting of the original flat relation. Our main result
establishes a necessary and sufficient condition on the DTD induced by
the mapping for it to be in XNF.

1 Introduction

The eXtensible Markup Language (XML) [4] has recently emerged as a stan-
dard for data representation and interchange on the Internet [19, 1]. As a result
of this and the fact that relational and object-relational databases are the stan-
dard technology in commercial applications, the issue of converting relational
data to XML data is one that frequently occurs. In this conversion process of
relational data to XML data, there are many different ways that relational data
can be mapped to XML data, especially considering the flexible nesting struc-
tures that XML allows. This gives rise to the following important problem. Are
some mappings ‘better’ than others?

Firstly, one has to make precise what is meant by ‘better’. In this paper we
extend the classical approach used in relational database design and regard a
mapping as good if it produces an XML document which is free of redundancy.
This then raises the question of what is precisely meant by redundancy in an
XML document. The relationship between normal forms and redundancy elimi-
nation has been investigated, both for the relational case [11, 7, 10] and the nested

Q. Li, G. Wang, and L. Feng (Eds.): WAIM 2004, LNCS 3129, pp. 346–356, 2004.
c© Springer-Verlag Berlin Heidelberg 2004



Redundancy Free Mappings from Relations to XML 347

relational case [8], and in particular it has been shown that Boyce-Codd normal
form (BCNF) [6] is a necessary and sufficient condition for the elimination of
redundancy in relations when the only constraints are functional dependencies
(FDs). In some recent work [18, 12, 17], we showed how to extend the definition of
FDs in relations to FDs in XML (called XFDs) and how to extend the definition
of redundancy from relations to XML. In particular we defined a normal form for
a set of XFDs (XNF) and showed that it is a necessary and sufficient condition
for every document satisfying the set of XFDs to be free of redundancy.

In a previous paper [18] we addressed the following problem. Suppose we
are given a single relation and wish to map it to an XML document. There are
many such mappings and in particular a deeply nested structure, rather than a
flat structure, may be chosen because it better represents the semantics of the
data. We then want to determine what mappings result in the XML document
being redundancy free. Knowing this is important for systems designers because
they would obviously wish to avoid mappings which result in the introduction
of redundancy to the XML document since, as shown in [18], they can lead to
update problems which parallel those that occur in unnormalized flat relations.
The class of mappings that we considered is a very general class of mappings
from a relation into an XML document first proposed in [12, 12]. The class takes a
relation, first converts it into a nested relation by allowing an arbitrary sequence
of nest operations and then converts the nested relation into an XML document.
This is a very general class of mappings and we believe that it covers all the
types of mappings that are likely to occur in practice. The main result of the
paper then showed that, for the case where all FDs in the relation are unary,
any mapping from the general class of mappings from a relation to an XML
document will always be redundancy free if and only if the relation is in BCNF.

However, there are certain limitations to this previous work that we address
in this paper. In particular, in [18] we were only concerned with eliminating
redundancy from those XML documents which are the result of mappings from
normalised relations, rather than all possible XML documents defined over the
schema.

As a result, it is possible that an XML document mapped from a relation to
be redundancy free even though the set of XFDs applying to the document is
not in XNF. While this is fine if the document is to remain unchanged, it is not
satisfactory if the XML document is to be subsequently updated because the fact
that the document is not in XNF means that redundancy can arise even if the
XFDs in the document are checked after an update. As a result of this discussion,
in this paper we address the following problem. Given a relation scheme which is
in BCNF, and a set of unary keys, what mappings from a relation defined over a
scheme to an XML document result in the set of XFDs induced by the mapping
being in XNF? If a mapping has this property, then because of the result on the
relationship between XNF and redundancy elimination mentioned earlier, one
is guaranteed that any XML document will be free of redundancy, even if later
updated, as long as the XFDs are checked after an update. The main result
of the paper (Theorem 3) derives a necessary and sufficient condition on the
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DTD induced by the mapping for it to be in XNF. Not surprising, because we
are placing more stringent requirements on the mapping from relations to XML
documents, Theorem 3 shows that only a very limited class of mappings produce
normalized documents whereas the result in [18] showed that any mapping will
result in a redundancy free document as long as the relation scheme is in BCNF.

The rest of this paper is organized as follows. Section 2 contains some prelim-
inary definitions. Section 3 contains the definition of XFDs. Section 4 addresses
the topic of how to map flat relations to XML documents and establishes one
of the main results of the paper concerning the XFDs induced by the mappings.
Section 5 addresses the problem of how to determine when a mapping from a
relation to an XML document results in the document being in XNF. In Section
5 we derive the main result of the paper which provides a characterization in
terms of the induced DTD. Finally, Section 6 contains some concluding remarks.

2 Preliminary Definitions

In this section we present some preliminary definitions that we need before defin-
ing XFDs. We model an XML document as a tree as follows.

Definition 1. Assume a countably infinite set E of element labels (tags), a
countable infinite set A of attribute names and a symbol S indicating text. An
XML tree is defined to be T = (V, lab, ele, att, val, vr) where V is a finite set of
nodes in T ; lab is a function from V to E ∪ A ∪ {S}; ele is a partial function
from V to a sequence of V nodes such that for any v ∈ V , if ele(v) is defined
then lab(v) ∈ E; att is a partial function from V × A to V such that for any
v ∈ V and l ∈ A, if att(v, l) = v1 then lab(v) ∈ E and lab(v1) = l; val is a
function such that for any node in v ∈ V, val(v) = v if lab(v) ∈ E and val(v) is
a string if either lab(v) = S or lab(v) ∈ A; vr is a distinguished node in V called
the root of T and we define lab(vr) = root. Since node identifiers are unique, a
consequence of the definition of val is that if v1 ∈ E and v2 ∈ E and v1 �= v2

then val(v1) �= val(v2). We also extend the definition of val to sets of nodes and
if V1 ⊆ V , then val(V1) is the set defined by val(V1) = {val(v)|v ∈ V1}.

For any v ∈ V , if ele(v) is defined then the nodes in ele(v) are called subele-
ments of v. For any l ∈ A, if att(v, l) = v1 then v1 is called an attribute of v.
Note that an XML tree T must be a tree. Since T is a tree the set of ancestors of
a node v, is denoted by Ancestor(v). The children of a node v are also defined as
in Definition 1 and we denote the parent of a node v by Parent(v). of Ancestor.

We note that our definition of val differs slightly from that in [5] since we have
extended the definition of the val function so that it is also defined on element
nodes. The reason for this is that we want to include in our definition paths
that do not end at leaf nodes, and when we do this we want to compare element
nodes by node identity, i.e. node equality, but when we compare attribute or
text nodes we want to compare them by their contents, i.e. value equality. This
point will become clearer in the examples and definitions that follow.

We now give some preliminary definitions related to paths.
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Definition 2. A path is an expression of the form l1. · · · .ln, n ≥ 1, where
li ∈ E∪A∪ {S} for all i, 1 ≤ i ≤ n and l1 = root. If p is the path l1. · · · .ln then
Last(p) = ln.

For instance, if E = {root, Division, Employee} and A = {D#, Emp#} then
root, root.Division, root.Division.D#, and root.Division.Employee.Emp#.S
are all paths.

Definition 3. Let p denote the path l1. · · · .ln. The function Parnt(p) is the path
l1. · · · .ln−1. Let p denote the path l1. · · · .ln and let q denote the path q1. · · · .qm.
The path p is said to be a prefix of the path q, denoted by p ⊆ q, if n ≤ m and
l1 = q1, . . . , ln = qn. Two paths p and q are equal, denoted by p = q, if p is a
prefix of q and q is a prefix of p. The path p is said to be a strict prefix of q,
denoted by p ⊂ q, if p is a prefix of q and p �= q. We also define the intersection
of two paths p1 and p2, denoted but p1 ∩ p2, to be the maximal common prefix of
both paths. It is clear that the intersection of two paths is also a path.

For example, if E = {root, Division, Employee} and A = {D#, Emp#}
then root.Division is a strict prefix of root.Division.Employee and root.
Division.D# ∩root.Division.Employee.Emp#.S = root.Division.

Definition 4. A path instance in an XML tree T is a sequence v̄1. · · · .v̄n such
that v̄1 = vr and for all v̄i, 1 < i ≤ n,vi ∈ V and v̄i is a child of v̄i−1. A
path instance v̄1. · · · .v̄n is said to be defined over the path l1. · · · .ln if for all
v̄i, 1 ≤ i ≤ n, lab(v̄i) = li. Two path instances v̄1. · · · .v̄n and v̄′1. · · · .v̄′n are said
to be distinct if vi �= v′i for some i, 1 ≤ i ≤ n. The path instance v̄1. · · · .v̄n is
said to be a prefix of v̄′1. · · · .v̄′m if n ≤ m and v̄i = v̄′i for all i, 1 ≤ i ≤ n. The
path instance v̄1. · · · .v̄n is said to be a strict prefix of v̄′1. · · · .v̄′m if n < m and
v̄i = v̄′i for all i, 1 ≤ i ≤ n. The set of path instances over a path p in a tree T
is denoted by Paths(p).

For example, in Figure 1, vr.v1.v3 is a path instance defined over the path
root.Division.Section and vr.v1.v3 is a strict prefix of vr.v1.v3.v4.

We now assume the existence of a set of legal paths P for an XML application.
Essentially, P defines the semantics of an XML application in the same way
that a set of relational schema define the semantics of a relational application.
P may be derived from the DTD, if one exists, or P be derived from some other
source which understands the semantics of the application if no DTD exists. The
advantage of assuming the existence of a set of paths, rather than a DTD, is that
it allows for a greater degree of generality since having an XML tree conforming
to a set of paths is much less restrictive than having it conform to a DTD. Firstly
we place the following restriction on the set of paths.

Definition 5. A set P of paths is consistent if for any path p ∈ P , if p1 ⊂ p
then p1 ∈ P .

This is natural restriction on the set of paths and any set of paths that is
generated from a DTD will be consistent.

We now define the notion of an XML tree conforming to a set of paths P .
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Definition 6. Let P be a consistent set of paths and let T be an XML tree.
Then T is said to conform to P if every path instance in T is a path instance
over apath in P .

The next issue that arises in developing the machinery to define XFDs is the
issue is that of missing information. This is addressed in [18] but in this paper,
because of space limitations, we take the simplifying assumption that there is
no missing information in XML trees. More formally, we have the following
definition.

E rootvr

E Deptv1

A Empv4 A Empv5 A Projectv6

E Deptv2

“e1” “e2” “j1”

E Sectionv3 E Sectionv7

A Empv8

“e3”

A Project

“j2”

v10

Fig. 1. A complete XML tree.

Definition 7. Let P be a consistent set of paths, let T be an XML that conforms
to P . Then T is defined to be complete if whenever there exist paths p1 and p2

in P such that p1 ⊂ p2 and there exists a path instance v̄1. · · · .v̄n defined over
p1, in T , then there exists a path instance v̄′1. · · · .v̄′m defined over p2 in T such
that v̄1. · · · .v̄n is a prefix of the instance v̄′1. · · · .v̄′m.

For example, if we take P to be {root, root.Dept, root.Dept.Section, root.Dept.
Section.Emp, root.Dept.Section.Project} then the tree in Figure 1 conforms to
P and is complete.

The next function returns all the final nodes of the path instances of a path
p in T .

Definition 8. Let P be a consistent set of paths, let T be an XML tree that
conforms to P . The function N(p), where p ∈ P , is the set of nodes defined by
N(p) = {v̄|v̄1. · · · .v̄n ∈ Paths(p) ∧ v̄ = v̄n}.

For example, in Figure 1, N(root.Dept) = {v1, v2}.
We now need to define a function that returns a node and its ancestors.

Definition 9. Let P be a consistent set of paths, let T be an XML tree that
conforms to P . The function AAncestor(v), where v ∈ V , is the set of nodes in
T defined by AAncestor(v) = v ∪ Ancestor(v).

For example in Figure 1, AAncestor(v3) = {vr, v1, v3}. The next function re-
turns all nodes that are the final nodes of path instances of p and are descendants
of v.
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Definition 10. Let P be a consistent set of paths, let T be an XML tree that
conforms to P . The function Nodes(v, p), where v ∈ V and p ∈ P , is the set of
nodes in T defined by Nodes(v, p) = {x|x ∈ N(p) ∧ v ∈ AAncestor(x)}.

For example, in Figure 1, Nodes(v1,root.Dept.Section.Emp)= {v4, v5}. We
also define a partial ordering on the set of nodes as follows.

Definition 11. The partial ordering > on the set of nodes V in an XML tree
T is defined by v1 > v2 iff v2 ∈ Ancestor(v1).

3 Strong Functional Dependencies in XML

We recall the definition of an XFD from [18, 12].

Definition 12. Let P be a set of consistent paths and let T be an XML tree
that conforms to P . An XML functional dependency (XFD) is a statement of
the form: p1, · · · , pk → q, k ≥ 1, where p1, · · · , pk and q are paths in P . T strongly
satisfies the XFD if pi = q for some i, 1 ≤ i ≤ k or for any two distinct path
instancesv̄1. · · · .v̄n and v̄′1. · · · .v̄′n in Paths(q) in M(T ), val(v̄n) �= val(v̄′n) ⇒
∃i, 1 ≤ i ≤ k, such that xi �= yi if Last(pi) ∈ E else⊥/∈ Nodes(xi, pi) and
⊥/∈ Nodes(yi, pi) and val(Nodes(xi, pi)) ∩ val(Nodes(yi, pi)) = ∅, where xi =
max{v|v ∈ {v̄1, · · · , v̄n} ∧ v ∈ N(pi ∩ q)} and yi = max{v|v ∈ {v̄′1, · · · , v̄′n} ∧ v ∈
N(pi ∩ q)}.

We note that since the path pi ∩ q is a prefix of q, there exists only one node
in v̄1. · · · .v̄n that is also in N(pi ∩ q) and so xi is always defined and unique.
Similarly for yi.

4 Mapping from relations to XML

We assume that the reader is familiar with the definition of the nest operator,
νY (r∗), and the unnest operator, µ{Y }(r∗), for nested relations as defined in [9,
3].

The translation of a relation into an XML tree consists of two phases. In the
first we map the relation to a nested relation whose nesting structure is arbitrary
and then we map the nested relation to an XML tree.

In the first step we let the nested relation r∗ be defined by ri = νYi−1(ri−1), r0

= r, r∗ = rn, 1 ≤ i ≤ n where r represents the initial (flat) relation and r∗

represents the final nested relation. The Yi are allowed to be arbitrary, apart
from the obvious restriction that Yi is an element of the NRS for ri.

In the second step of the mapping procedure we take the nested relation and
convert it to an XML tree as follows. We start with an initially empty tree. For
each tuple t in r∗ we first create an element node of type Id and then for each
A ∈ Z(N(r∗)) we insert a single attribute node with a value t[A]. We then repeat
recursively the procedure for each subtuple of t. The final step in the procedure
is to compress the tree by removing all the nodes containing nulls from the tree.
We now illustrate these steps by an example.
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Name Sid Major Class Exam Proj
Anna Sid1 Maths CS100 Mid Proj A
Anna Sid1 Maths CS100 Mid Proj B
Anna Sid1 Maths CS100 Final Proj A
Anna Sid1 Maths CS100 Final Proj B

Fig. 2. A flat relation.

Example 1. Consider the flat relation shown in Figure 2.
If we then transform the relation r in Figure 2 by the sequence of nest-

ings r1 = νPROJ (r), r2 = νEXAM(r1), r3 = νCLASS,{EXAM},{PROJ}(r2), r∗ =
νMAJOR(r3) then the relation r∗ is shown in Figure 3. We then transform the
nested relation in Figure 3 to the XML tree shown in Figure 4.

Name Sid {Major} {Class {Exam} {Proj}}
Anna Sid1 Maths CS100 Mid Proj A

Final Proj B

Fig. 3. A nested relation derived from a flat relation.

E

A A E E

A E E

A A A

E root

Id

Name Sid Id Id
“Anna” “Id1”

Major

“Maths”

Exam
“mid-year”

Exam

“final”

Id Id

Project

“Project A”

A Class

“CS100

A Project

“Project B”

Fig. 4. An XML tree derived from a nested relation.

We now have the major result which establishes the correspondence between
satisfaction of FDs in relations and satisfaction of XFDs in XML. We denote by
Tr∗ the XML tree derived from r∗. We refer to the XFDs satisfied in Tr∗ as the
induced XFDs.

Theorem 1. Let r be a flat relation and let A → B be an FD defined over r.
Then r strongly satisfies A → B iff Tr∗ strongly satisfies pA → pB where pA

denotes the path in Tr∗ to reach A and pB denotes the path to reach B.
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In addition the mapping induces a DTD for Tr∗ , what we refer to as the
induced DTD. To describe this we firstly formally define a restricted class of
DTDs which is sufficient for the purpose of this paper.

Definition 13. A DTD is a specification of the form D ::= e|(e(D1, . . . , Dn))∗
where e ∈ E and D1, . . . Dn are DTDs and ∗ represents repetition one or more
times.

For example, in the previous example the induced DTD is:
D ::= (Id(Name,Sid,(Id(Major))∗, (Id(Class,(Id(Exam))∗,(Id(Proj))∗)∗))∗.

5 Mapping from Normalized Relations
to Normalized XML Documents

Firstly, we recall the definition of the normal form XNF from [2, 18].

Definition 14. Let P be a consistent set of paths and let Σ be a set of XFDs
such that PΣ ⊆ P . Σ of XFDs is in XML normal form (XNF) if for every
nontrivial XFD p1, · · · , pk → q ∈ Σ+, Last(q) /∈ S and if Last(q) ∈ A then
p1, · · · , pk → Parnt(q) ∈ Σ+, where Σ+ denotes the set of XFDs logically im-
plied by Σ.

This leads to the following important result which was established in [18].

Theorem 2. Let P be a consistent set of paths and let Σ be a set of XFDs such
that PΣ ⊆ P . Then Σ does not cause redundancy iff Σ is in XNF.

Before proceeding to the main result of the paper, we firstly address the issue
of what XFDs to apply to the XML document from a mapping as given in Section
4. As already shown in Theorem 1, the only XFDs induced by a mapping from
a relation to an XML document are those of the form pA → pB corresponding
to an FD A → B. However, if these are the only XFDs that we assume apply
to the XML document then no XML document will be in XNF. So what we
propose is to add an extra XFD to the set of induced XFDs to ensure that this
pathological situation does not occur. The XFD that we add is the combination
of every path terminating in an attribute node determines the root.Id node in
the tree. This ensures that there are no duplicate subtrees rooted at the highest
Id node. In general, we have the following definition.

Definition 15. Let R(A1, . . . , An) denote a relation scheme which is in BCNF,
let ΣR denote a set of unary FDs defined over R. Let Ω be the set of all mappings
from relations defined over R to XML trees as defined in Section 4 and let ω ∈ Ω.
Let Σω be the set of XFDs as defined by Theorem 1. Then the set of XFDs induced
by ω, denoted by Σiω , is defined by Σiω = Σω ∪ {pA1, . . . , pAn → root.Id}.

We now turn to the main topic of this paper, determining when Σiω is in
XNF. One approach would be to use the definition of XNF directly since the
implication problem for unary XFDs has been shown to be decidable and a linear
time algorithm has been developed for it [15]. In other words, we simply proceed
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by taking each XFD p → q ∈ Σ+
iω

and using the implication algorithm in [15]
to determine if p → Parnt(q) ∈ Σ+

iω
. However this approach neither provides

any insight into the properties of those mappings which result in XML trees
in XNF, nor is it easy to use. It requires that the system designer be familiar
both with the theory of XFDs and the implication algorithm for them. Instead,
what we do now is a much more efficient and simpler approach. Instead of using
the induced XFDs directly, we shall characterize when Σiω is in XNF by the
structure of the induced DTD. This result is much easier to apply as it requires
only the knowledge of the keys in the relation scheme and the structure of the
DTD; it does not requires any understanding of XFDs. Thus we now have the
main result of this paper.

Theorem 3. Let R(A1, . . . , An) denote a relation scheme which is in BCNF
and let ΣR denote a set of unary FDs defined over R. Let Dω be the DTD
induced by ω. Then Σiω is in XNF iff the following hold:

(i) if R has more than one key then Dω has the form Dω ::= (Id(A1, . . . , An))∗;
(ii) If R has only one key, call it A1, then Dω has the form Dω ::= (Id(A1, . . . ,

An))∗ or Dω ::= (Id(A2, . . . , An, (Id(A1))∗))∗.

6 Conclusions

The problem that we have addressed in this paper is one related to this process
of exporting relational data in XML format. The problem is that if one converts
a relation to an XML document, under what circumstances will the XML doc-
ument be normalized, i.e. be in XNF as defined in [18]. The XML document
being in XNF is important since, as shown in [18], it is a necessary and sufficient
condition from the elimination of redundancy in an XML document. Being re-
dundancy free is an important property of an XML document since, as shown
in [18], it guarantees the absence of certain types of update anomalies in the
same fashion that redundancy elimination and BCNF ensures the elimination of
update anomalies in relational databases [11].

The mappings that we allow from relations to XML documents were first
introduced in [12] and are very general. Essentially, they allow arbitrary nesting
of a flat relation into an XML document and we believe that the class consid-
ered includes all the mappings that are likely to occur in practice. Drawing on
some previous work by the authors [12, 18, 17] that formally defined functional
dependencies and redundancy in XML documents, we firstly showed that FDs in
flat relation map to XFDs in XML documents in a natural fashion, i.e. if an FD
holds in a flat relation if and only if a related XFD holds in the mapped XML
document. The main result of the paper (Theorem 3) then gave a necessary and
sufficient condition on the DTD induced by the mapping for the XML document
to be in XNF.

There are several other related issues that we intend to investigate in the
future. The first is to relax the assumption that the exported relation is in
BCNF. In general, the relation to be exported will be a materialized view of
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the source database and so, even if the relations in the source database are
normalized, the materialized will not necessarily be normalized. We need then
to derive a similar result to the one derived in this paper to determine when
an unnormalized flat relation is mapped to an XML document. The second
issue is to consider the same problem for the case where the constraints in the
source relation are MVDs. In some allied work [14, 13, 16], we have shown how to
extend the definition of multivalued dependencies to XML documents and have
defined a 4NF for XML (4XNF) and shown it to be a sufficient condition for
the elimination of redundancy. Thus an important problem to be addressed is
determining which mappings from a relation to XML are in 4XNF. The last issue
that we intend to address is the issue of mappings between XML documents,
rather than between relations and XML documents as considered in this paper.
In this case the class of mappings will be different and may be those that can
be expressed in a language such as Xquery. The problem then to be addressed
is which mappings produce normalized XMl documents.
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Abstract. This paper introduces tree multivalued dependencies (TMVDs) for 
XML documents by extending multivalued dependencies in relational databases 
and recent research about tree functional dependencies (TFDs). We show the 
existence of the TMVDs in XML documents that produce redundancies and up-
date anomalies. Secondly, the precise definition of TMVDs is proposed, which 
is based on the tree structure and deep equality. Moreover, we introduce the 
concept of recomposition that is a reconstruction of an XML database by mov-
ing or adding nodes. The right side of TMVDs is characterized by single attrib-
ute and multiple attributes, for which there are different recompositions. In ad-
dition, the relationship between TFDs and TMVDs is investigated, and we 
demonstrate that a TMVD is a generalized TFD. Furthermore, we present a 
theorem showing the recomposition by TMVDs saves space. Finally, we exhibit 
a recomposition that is not equivalent to any relational data. 

1   Introduction 

XML has recently emerged as the new universal data format for representing and 
exchanging data [20]. It becomes even more important as web databases are generated 
increasingly. As a more complex data model than the relational database model, XML 
documents suffer from data redundancies and update anomalies [1,20]. Consequently, 
storage facilities and update anomalies of XML are significant for designing well-
organized XML data.  

For relational databases, normalization is a well-developed technique for reducing 
redundancies and eliminating update anomalies [8, 4, 5, 14]. Normalization allows the 
decomposition of a relational schema into different sub-schemas. The recent work on 
TFDs [1, 2] extended the notion of functional dependencies (FDs) in a relational da-
tabase to XML trees, and has been shown to be useful in reducing update anomalies 
and redundancies in XML.  

For example, Figure 1 shows an XML document that obeys the TFD Sno→Sname, 
which intuitively means any two students with the same value of Sno must have the 
same Sname. Moreover, the transformation of Figure 1 is presented in Figure 2 by 
moving attributes Sname and creating new element types Info, and thus reducing 
redundancies and anomalies.  

                                                           
*  This research was made possible through funding from the Natural Sciences and Engineering 

Research Council of Canada. 
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Cno StudentStudent

Sno
123

Grade
B+

Course Course

Courses

Sname
Fox

Cno Student

Sno
123

Grade
A+

Sname
Fox

Student

Sno
456

Grade
A-

Sname
Smith

CS100 CS225

... ...

 

Fig. 1. An XML document with TFD Sno → Sname 

Cno StudentStudent

Sno
123

Grade
B+

Course Course

Courses

Cno Student

Sno
123

Grade
A+

Info

Sno SnameStudent

Sno
456

Grade
A-

Info

Sno Sname

CS100 CS225 123 Fox 456 Smith

... ...

 

Fig. 2. Recomposed XML tree of Figure 1 

In relational databases, multivalued dependencies (MVDs) are a generalization of 
FDs. In this paper, we extend TFDs in XML databases and MVDs in relational data-
bases, and introduce tree multivalued dependencies (TMVDs). TMVDs are analogous 
to MVDs in relational databases. Figure 3 shows an XML document with TMVD 
Course →t→ Instructor, and a complete definition of TMVD appears in section 2.  

Consider the following DTD that describes a part of a university data set; 
<! ELEMENT Schedules (Schedule*) > 
<! ELEMENT Schedule (Course, Instructor, Text) > 
<! ELEMENT Course (#PCDATA) > 
<! ELEMENT Instructor (#PCDATA) > 
<! ELEMENT Text (#PCDATA) > 
 

Schedules

Schedule Schedule Schedule Schedule ScheduleSchedule

Course
CS831

Text
SIGKDD

Course
CS831

Course
CS831

Course
CS831

Instructor
Yao

Instructor
Hilderman

Text
AI M.

Text
SIGKDD

Text
AI M.

Instructor
Hilderman

Instructor
Yao

Text
NP C.

Instructor
Saxton

Course
CS811

Text
C.C.

Instructor
Saxton

Course
CS811  

Fig. 3. An XML document with TMVD Course →t→ Instructor 

For every Schedule, we store its Course, Teacher, and Text. Figure 3 is an XML 
document satisfying this DTD; we handle an XML schema in the similar way as a 
DTD. This XML document conforms to the following constraint. For any course there 
can exist any number of instructors and texts, instructors and texts are independent. In 
other words, the same texts are used for any given offering, no matter which instruc-
tor is offering it. A given instructor or given text can be associated with any number 
of courses. This example is similar to MVDs in relational databases. However, we 
refer to both the values and the structures of XML databases. 
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The TMVD constraint in Figure 3 generates redundant information in an XML 
document. For instance, two Instructors and two Texts have been combined for the 
Course “CS831” and the cross product of those items is shown in the tree. In addition, 
the redundancies can cause update anomalies. For example, if a new Text should be 
inserted for Course “CS831”, the updating has to combine two Instructors according 
to the constraint rather than producing only one Schedule. 

We apply a method parallel to the relational database method to reduce redundan-
cies and updating anomalies. The XML tree is reconstructed by splitting information 
about Course, Instructors, and Text, as shown in Figure 4, which satisfies the follow-
ing DTD 

<! ELEMENT Schedules (Schedule*) > 
<! ELEMENT Schedule (Course, Instructors*, Texts*) > 
<! ELEMENT Course (#PCDATA) > 
<! ELEMENT Instructors (#PCDATA) > 
<! ELEMENT Texts (#PCDATA) > 
 

AI M.

Schedule

Course

Yao Hilderman

Instructors Texts

SIGKDD

Schedule

Course

Saxton

Instructors Texts

NP CompleteComputational Complexity

Schedules

CS831 CS811  

Fig. 4. Recomposed XML tree of Figure 2 

Each Schedule element has a child as one course, and a sequence of any number of 
instructors and texts joined to that course. Each course is related to the number of 
corresponding instructors and texts. Figure 4 shows a reconstructed XML document 
that conforms to this DTD. 

In section 2 we precisely define the concept of TMVDs. We also introduce the es-
sential notations for TMVDs: tree, subtree, minimum subtree and deep equality. In 
section 3 we illustrate the definition of TMVDs by an example. 

In section 4 we define the normalization of XML documents to decrease the re-
dundancy and update anomalies in XML documents. We show the recomposition for 
single attribute XML documents, and multiple attributes XML documents independ-
ently. In section 5 we compare the normalizing of TFDs and TMVDs, and use a few 
examples to show TMVDs are a generalized TFDs. 

In section 6 we present a theorem showing that the recomposition of the XML 
documents saves space over the original XML document. In section 7 we introduce a 
TFD that is introduced in  [1], which is not equivalent to a relational FD. We show 
that it is really one of the recompositions of TMVDs, and TMVDs can be hold in this 
non-relational tree.  

2   Notation 

The structure of XML is fundamentally tree oriented [16, 19]. We view XML docu-
ments as trees, with nodes labelled with tag or attribute names, or atomic values [19]. 
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To introduce the notion of tree multivalued dependencies (TMVDs), we would like to 
present XML trees as sets of subtrees which contain the minimum amount of informa-
tion. We introduce the concept of minimum subtrees to include sufficient TMVDs 
information with the least space, and use deep equality to describe the equality of the 
subtrees.  
 

Definition 1 Tree. A tree is defined to be a connected graph without cycles in which 
there is an unique path from the root to any node. 
 

Definition 2 Subtree. A subtree T' of tree T is a tree having all of its nodes in T. 
 

Definition 3 Deep Equality. Two XML subtrees are said to be deep equal if 
1. They are atomic and the values are equal, or  
2. They are sets of the same cardinality and the elements of each set are pair-

wise deep equal. 
With the definition of the tree, subtree, and deep equality, we extend MVDs in re-

lational databases and tree functional dependencies [1] to tree multivalued dependen-
cies (TMVDs) in the XML documents. We define TMVDs for XML documents by 
using subtrees. For a DTD D, a TMVD over D is an expression of form X →t→Y. 
 

Definition 4 Tree Multivalued Dependencies. (TMVDs) X →t→Y  
Given a DTD D, where X, Y are finite non-empty subtrees of a XML tree T,  
A XML tree T can be tested for satisfaction of X →t→ Y if: 

1. X →t→ Y if for every pair finite non-empty subtrees u and v are subtrees of T, 
X and Y are subtrees of u and v, where u.X is the subtree u including subtree X 

2. u.X is deep-equal to v.X , u.X and u.Y are not deep-equal 
there exists  
z, a finite non-empty subtree of T, and X, Y and Z are subtrees of u and v  
where U is a minimum subtree including u.X, u.Y, and u.Z, V is a minimum sub-

tree including v.X, v.Y, and v.Z 
w, a finite non-empty subtree of T and Z is a sbutree of w. X, Y and Z are subtrees 

of w, where W is a minimum subtree including w.X, w.Y, and w.Z 
With w.X is deep-equal to u.X , w.Y is deep-equal to u.Y, and w.Z is deep-equal to 

v.Z . 

3   Example of TMVDs 

We illustrate the definition of TMVDs by the example in Figure 3, and the TMVD: 
Course →t→ Instructor exists. 

  X: Schedules.Schedule.Course"CS831" 
  Y: Schedules.Schedule.Instructor"Yao",  

Schedules.Schedule.Instructor"Hilderman" 
  Z: Schedules.Schedule.Text"SIGKDD", Schedules.Schedule.Text"AI M." 
Let u include u.X Schedules.Schedule.Course"CS831", u.Y  

Schedules.Schedule.Instructor"Yao" and u.Z Schedules.Schedule.Text"SIGKDD" 
Let v include v.X Schedules.Schedule.Course"CS831", v.Y  

Schedules.Schedule.Instructor"Hilderman" and v.Z Schedules.Schedule.Text"AI M." 
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Let w include w.X Schedules.Schedule.Course"CS831", w.Y  
Schedules.Schedule. Instructor"Yao" and w.Z Schedules.Schedule.Text"AI M." 

w.X is deep-equal to u.X, w .Y is deep-equal to u.Y, and w.Z is deep-equal to v.Z. 

4   Example of Recomposition for TMVDs 

With the definitions of the previous sections, we can present the reconstruction of the 
trees to save space and reduce anomalies. In this section, we show the example of 
recomposition for single attributes and multiple attributes for TMVDs, respectively.  

In BCNF, relational databases are decomposed into sub-schemas in which every 
nontrivial functional dependency defines a key. TFDs use a similar technique as the 
relational one; however, since TFDs only deal with one XML document, it actually 
creates a new element type and moves an attribute [1]. Instead of decomposing the 
tree, we propose the notion of recomposition, which is the reconstruction of the tree 
by moving or adding the nodes. 
 
Single Attribute. One unique Course in Figure 3 is associated with a number of In-
structors and Texts, and the join of Instructors and Texts creates the redundancies. 
Figure 4 is a recomposition by Course →t→ Instructor | Text, where Instructor and 
Text only contain a single element. 
 
Multiple Attributes. The XML document in Figure 5 shows for any Course there can 
exist any number of Instructors and Texts, which satisfies the following DTD. In-
structor includes FName and LName instead of a single element. And FName and 
LName should be ensured as the brother nodes. 

<! ELEMENT Schedules (Schedule*) > 
<! ELEMENT Schedule (Course, FName, LName, Texts) > 
<! ELEMENT Course (#PCDATA) > 
<! ELEMENT FName (#PCDATA) > 
<! ELEMENT LName (#PCDATA) > 
<! ELEMENT Texts (#PCDATA) >  
 

Schedules

Schedule

Course
CS831

FName
Yiyu

LName
Yao

Text
SIGKDD

Schedule

Course
CS831

FName
Robert

LName
Hilderman

Text
AI M.

Schedule

Course
CS831

FName
Robert

LName
Hilderman

Text
AI M.

Schedule

Course
CS831

FName
Yiyu

LName
Yao

Text
SIGKDD

Schedule... ...

 

Fig. 5. An XML document with multiple attributes for TMVDs 

Based on the decomposition of relational database, a good recomposition of this 
XML data can be generated by moving attributes, changing attribute Instructor to 
Instructors, and creating an extra layer Instructor for FName and LName. The extra 
layer Instructor has a semantic meaning, and is necessary for the structure of XML 
document. It ensures FName and LName as the children of Instructor, and thus retains 
them together. 
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Instructors BookCourse
CS831

Schedule

Instructor

FName
Yiyu

LName
Yao

Instructor

FName
Robert

LName
Hilderman

SIGKDD AI M.

Instructors BooksCourse
CS811

Schedule

Instructor

FName
Larry

LName
Saxton

BookBook

Year
1994

Text
C. C.

Year
1990

Text
NP C.

Schedules

 

Fig. 6. Recomposition of XML document with multiple attributes for TMVDs 

5   TMVDs and TFDs 

In this section we apply the recomposition rule of TFDs for the XML document with 
constraint TMVDs. We display the relationship between the TFDs and TMVDs. 
TFDs is a special case of TMVDs, as FDs and MVDs in relational database.  
 
Applying TMVDs Recomposition on TFDs. We recompose the Figure 1 as it has 
TMVD constraint. 

Figure 1 originally has the constraint Sno → Sname: Two students with the same 
Sno value must have the same Sname. Now we recompose it as it has Sno →t→ 
Sname, as Sno has a number of Sname and Null. And we have Figure 4 that is the 
same result as Figure 2. Therefore, TFDs can be treated as same as TMVDs, and 
TFDs is a one case of TMVDs. 

 

Cno StudentStudent

Sno
123

Grade
B+

Course Course

Courses

Cno Student

Sno
123

Grade
A+

Info

Sno SnameStudent

Sno
456

Grade
A-

Info

Sno Sname

CS100 CS225 123 Fox 456 Smith

... ...

 

Fig. 7. Applying TMVDs recomposition on TFDs 

Applying TMVDs Recomposition on TFDs. We apply the recomposition rule of 
TFDs for Figure 3 

Figure 3 originally has a TMVD: Course →t→ Instructor: for any course there can 
exist any number of instructors and texts. Now we recompose it as it has Course → 
Instructor, as the same Course value must have the same Instructor. We have Figure 8 
that is not the same result as Figure 4. Accordingly, we can’t treat TMVDs the same 
as TFDs, and TFDs is a special case of TMVDs.  

 
Schedules

Schedule Schedule InfoScheduleSchedule

Course
CS831

Text
SIGKDD

Course
CS831

Course
CS831

Text
AI M.

Instructor
Hilderman

Instructor
Yao

Text
NP C.

Course
CS811

Text
C.C.

Course
CS811

Info

Instructor
Saxton

Course
CS811  

Fig. 8. Applying TMVDs recomposition on TFDs 
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6   Recomposition Theorem 

Theorem 1. The recomposition of XML documents that contain TMVDs requires no 
more space than the original XML documents, and contains the same information. 
 

Proof:   
Single Attribute 
1. If X →t→ Y|Z, Y and Z only has a single attribute respectively,  

 

x1 z1y1

... ...

x1 z2y2 x1 z2y1                            

x 1 Y Z

y 1 y 2 z 1 z 2

... ...

x 2

 

  Fig. 9. A single attribute XML tree Fig. 10. Recomposition of Figure 9 

According to the definition of TMVD, there are at least 9 leaves in the original 
XML tree: u.X, u.Y, u.Z, v.X, v.Y, v.Z, w.X, w.Y, w.Z.  Figure 9 has at least 9 
leaves: x1, y1, z1, x1, y2, z2, x1, y1, z2. In the thorough example Figure 3, we at least 
have 

1. t(Schedules.Schedule.@Course) = CS831 
2. t(Schedules.Schedule.@Instructor) = Yao 
3. t(Schedules.Schedule.@Text) = SGIKDD 
4. t(Schedules.Schedule.@Course) = CS831 
5. t(Schedules.Schedule.@Instructor) = Hilderman 
6. t(Schedules.Schedule.@Text) = AI Magazine 
7. t(Schedules.Schedule.@Course) = CS831 
8. t(Schedules.Schedule.@Instructor) = Hilderman 
9. t(Schedules.Schedule.@Text) = SGIKDD 

9 leaves, which is same to the number in the definition. 
According to the definition of TMVDs, "u.X is deep-equal to v.X , u.X and u.Y are 

not deep-equal", and "w.X is deep-equal to u.X ,  w.Y is deep-equal to u.Y, and w.Z 
is deep-equal to v.Z" , we at least have 5 identical leaves: u.X, u.Y, u.Z, v.Y, v.Z. If 
u.Y = v.Y, u.Z = v.Z, then we have a TFD instead. Figure 10 also has at least 5 identi-
cal leaves: x1, y1 y2, z2, z2, as same as the number from the definition. 

In Figure 4, we at least have 5 leaves 
1. t(Schedules.Schedule.@Course) = CS831 
2. t(Schedules.Schedule.Instructor) = Yao 
3. t(Schedules.Schedule.Instructor) = Hilderman 
4. t(Schedules.Schedule.Text) = SGIKDD 
5. t(Schedules.Schedule.Text) = AI Magazine 

It is obvious that the original design uses more space than this recomposed tree, 
since the information is only stored once for both instructors.  
 

Multiple Attributes 
We suppose a relational XML tree T satisfies X →t→ Y, and Y = {y1, y2, ..., yn}. We 
separate the original tree T to two parts, a minimum subtree T' include u, v, w, and the 
rest. We only consider a minimum subtree T'. 
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Step 1. Suppose n=2, then Y ={y1, y2} 
 

x1 z1y11y21 x1 z2y12y22 x1 y11y21 z2 xn z1y1n1 y2n1

... ...

 

Fig. 11. Original XML tree T with Y has two attributes y1 and y2 

According to the definition of TMVD, there are at least 3*(X+Y+Z)=3*(1+n+1) = 
3*(1+2+1) =12 nodes in the original XML tree  

u.X, u.y1, u.y2, u.Z 
v.X, v.y1, v.y2, v.Z 
w.X, w.y1, w.y2, w.Z 

T' in Figure 11 has at least (x1+y11+y21+ z1+x1+y12+y22+z2+x1+y11+y21+z2) =12 
nodes in original tree, which is as same as the number from the definition.  

A recomposition of Figure 11 is shown as the following as Figure 12 
 

x1 Ys

... ...

x2

Y

y11 y21

Y

y12 y22

Z Ys Z xn Ys Z

z1 z2

T'

 

Fig. 12. Recomposed XML Tree with Y has two attributes y1 and y2 

According to the definition of TMVDs, "u.X is deep-equal to v.X , u.X and u.Y are 
not deep-equal", and "w.X is deep-equal to u.X , w.Y is deep-equal to u.Y, and w.Z is 
deep-equal to v.Z", we have at least u.X, u.y1, u.y2, u.Z, v.y1, v.y2, v.Z 

(u.X + u.y1+ u.y2 +u.Z +v.y1+ v.y2 + v.Z) 
= (X + 2*y1 + 2*y2 + 2*Z) 
= (X + 2*(y1+y2) + 2*Z):  
(1 + 2*n +2) =7  

identical nodes for any recomposed trees, and those nodes could be subtrees. 
Figure 12 have at least 

(x1+y11+y21+y12+y22+z1+z2) 
=(X + 2*y1 + 2*y2 + 2*Z) 
= (X + 2*(y1+y2) + 2*Z) :  
(1 + 2*n +2) = 7 

identical nodes and those nodes are subtrees, which is as same as the number of nodes 
from definition.  

Figure 12 T' has 7 nodes, and any other recomposed tree should have at least 7 
nodes. Therefore, Figure 7 costs no more space than the original tree. 

An extra layer is created in the recomposition when Y has a set of attributes. Node 
Y in original tree is changed to Ys, and Ys has at least two children or attributes 
named Y, shown as Figure 14. 
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Step 2. When Y has n attributes, then Y ={y1, y2, …, yn} 
 

x1 z1y11y21 yn1... x1 z2y12y22 yn2... x1 y11y21 yn1... z2 xn z1y1n1 y2n1 ynn1...

... ...

 

Fig. 13. Original XML Tree T - sets attributes 

x1 Ys

... ...

x2

Y

y11 y21

Y

y12y22

Z

yn1... ... yn2
... ...

Ys Z xn Ys Z
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Fig. 14. Recomposed Tree with sets attributes 

From the definition the recomposed tree has 
u.X, u.y1, u.y2,..., u.yn, u.Z, v.y1, v.y2,..., v.yn, v.Z 
(u.X + u.y1+ u.y2 +...+ u.yn + u.Z +v.y1+ v.y2 +...+ v.yn + v.Z) 
= (u.X + (u+v).y1 + (u+v).y2 +...+ (u+v).yn + (u+v).Z) 
= (u.X + (u+v).(y1+y2+..+yn) + (u+v).Z) :  
(1 + 2*n +2) = 2n+3 

identical nodes and those nodes are subtrees, and they are at least no more than the 
original tree.  

Figure 14 has 
(x1+y11+y21+...+yn1+y12+y22+...+yn2+z1+z2)  
= (x1+(y11+y12)+(y21+y22)+...+(yn1+yn2)+(z1+z2)) 
= (x1+ 2*y1 + 2*y2 +...+ 2*yn + (z1+z2)) 
= (X + 2*(y1+y2+..+yn) + 2*Z):  
(1 + 2*n +2) = 2n+3 

identical nodes and those nodes are subtrees as well, which is the same as the number 
of nodes from the definition.  

 
Step 3. If Z has sets of attributes, or both Y and Z has sets of attributes, they have the 
similar recomposition and proof as step 2. 

7   Non-relational XML Document 

The previous work reference about TFDs gave an example of non-relational XML 
document, which has two @years in the different levels of the tree, and thus causes 
anomalies [1].  The following algorithm shows how to detect anomalies of those 
kinds. We can transform documents in a lossless fasion into ones that do not yield 
those problems by recomposition, which is presented by figure 16. 
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for (i=0; i<length of the tree; i++) 
{select a node ai 
 for (j=i; j<length of the tree; j++) 
  {compare with another node a(i+j) 
   if (ai<>a(i+j)) 
     go to node a(i+j+1) 

   else  
     if (the length of ai <> the length of a(i+j)) 
      {non-rel; //a non-relational XML tree  
//The While loop checks deep equality for a non-
relational XML tree 
       {while (the children of ai) is not a leave 
        compare (the children of ai) and (the children 
of a(i+j))) 
        {if (not equal) 
           break; 
         else  
           if (the length of ai <> the length of a(i+j)) 
              non-rel; // a non-relational XML tree 
with deep equality 
             else 
               break;}}}} 
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Fig. 15. A Non-relational XML Document for TFDs 

DBLP

conference conference

title
"    "

article article article

year
2001

author
Wang

title
"..."

year
1995

author
Suciu

title
"..."

year
2001

author
"... "

title
"..."

year
2003

Info

title
"    "

year
2004

Info

 

Fig. 16. Recomposed XML tree 

8   Conclusions and Future Research 

This paper presents the TMVDs of XML documents, and uses the recomposition to 
normalize XML data and achieve a good design. We propose the definition of 
TMVDs for XML documents, and show that TFDs is a special case of TMVDs. And 
the recomposition is able to transform the non-relational XML trees with TFDs into a 
relational structure.  
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The recomposition algorithm can be improved in several ways, and we plan to 
work on the order of recomposition. In addition, we also like to find the relationship 
between TMVDs and other dependencies. To accomplish this, the long-range goal of 
this research is to develop the theory of normalization for XML documents. 
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Abstract. In this paper we propose a novel model for XML data management, 
which is called TROS (Text Relational Object Semantic), to overcome the 
shortcoming of directly storing XML data in relational databases. TROS con-
sists of three layers, the top of which is object semantic layer, the middle rela-
tional data management layer and the bottom is text file management layer. We 
also consider the implementation issues of this model. By analyzing the seman-
tics of queries posed by users, we propose a novel object-relational index struc-
ture, which can efficiently improve query performance by avoiding join opera-
tions between relations. In the model, relational queries result support corre-
sponding document content’s queries. 

1   Introduction 

Flexibility of XML data structure caused by diversity of requirements in reality makes 
it quite difficult to store and manage XML data solely by relational databases [1–3, 5–8]. 
For example, in many XML documents, there is a large amount of text and other 
unstructured information that cannot be well normally formed in a relational database. 
Even for data of well-formed structure, to store it in a relational database, we have to 
split it into different tables to implement its hierarchical structure with key references 
between those tables. In fact, many efforts have been put into store and query XML 
data totally by relational ways.  

There are many cases when XML data exists in the form of documents, which re-
sults in that it just too inconvenient for users to retrieve and management.  

In this paper, we propose a novel model for managing XML data called TROS 
(stands for Text Relation Object Semantic). Within this model, we can manipulate 
XML data as it were in text files; meanwhile relational techniques are also adopted. 
Users can edit and search the text part of an XML document as they do on usual text 
files; and the data-centric part of the document is stored and managed in relational 
databases. By combing the two management methods, we can summarize the seman-
tic and syntactic information of XML documents and propose the concept of Object 
Semantic Tree to provide supports for users to query the XML document.  

                                                           
*  This work is supported by the National Natural Science Foundation of China under Grant 

No. 60228006, and the National Hi-tech R&D Program of China under Grant No. 
2002AA116020. 
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Fig. 1. Framework of the TROS model 

2   The TROS Model 

The Basic content 

1. Based on the schema and statistical information of an XML document, we pro-
pose the structure of object semantic layer, which is a synopsis of the content and 
structure of the XML document as DataGuides in [4] .The structure is described 
as a tree of object semantic, each node of which corresponds to a class of objects 
in the XML document. 

2. With the XML document unchanged, we encode each object in the XML docu-
ment, which corresponds to a class in the object semantic tree. The objects are en-
coded increasingly according to their position in the document. 

3. We generate the relational schema from the object tree by defining a table for 
each node in the object tree. To maintain the relation between the content in tables 
and those in the XML documents, we store the content’s position in XML docu-
ment into the relational tables. 

4. A novel object-relational index structure is defined in such model.  
5. As for the queries under such model and index structure, those posed on the data-

centric content can be answered within relational databases; Join operations be-
tween tables are not necessary in query evaluation any more. 

3   The Object Semantic Layer 

3.1   Element Tree 

First, we parse the schema of XML documents to build corresponding element tree. In 
element tree, each node corresponds to an element described in the schema document, 
edge denote hiberarchy of the elements. There are some nodes that have no concrete 
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element content and attribute value, only to indicate structure of the element tree. We 
call them empty nodes. In figure 2,the nodes filled with grey are empty nodes. To 
uniquely identify each element in an element tree, we number each element node as 
shown in Figure 2 additional a code for every node. We number nodes of the same 
level from left to right increasingly one, and add a separator to code of different level 
node, then every element node in an element tree is uniquely identified by its code. 
According to the code of every element, we can rapidly get the common deepest an-
cestor node for any element nodes in an element tree by computing their the longest 
common prefix. This code is simple and general [9], but its application is key. In our 
element tree, every element node includes the element name, type, code, occurrence 
(1,*,+,?) ,empty or solid ,  all attribute name and type that can be get by parsing XML 
schema. Here we assume occurrence of all attribute is one. We denote by E an ele-
ment tree. d denote the sum of all nodes in the element tree E. Any node ei∈E, 
E=(e1,e2,e3…,ei,…ed) ,1<i<d  ,where i is the sequence number of every node by pre-
order traversing the element tree E. 

3.2   Automatic Match Tree 

We get the content of every element node only from the XML schema is insufficient 
in order to choose a better storage and index mechanism.  

To get more information of every element node which occur in corresponding 
XML documents, we must scan original XML documents. For example occurrence 
sum of every element in the XML document, which element is document-centric and 
what is their size range etc. Due to semi-structure and self-describing characteristic of 
XML data, it is difficult to get the statistic data efficiently. In TROS model, we use 
different processing method to management document-centric and data-centric data. 
To obtain more details about the data types described in an XML document, we have 
to scan the original document. Because of complexity of the schema, variety of data 
types and large data amount of XML documents, it is necessary for us to employ 
efficient approach to collect information from the documents. Here, we present a 
structure of match tree and its match algorithm. The algorithm requires sequence scan 
corresponding XML documents one pass to get all statistic information what user 
need.  

Traversing an element tree in pre-order can determine the emergency order of tags 
in the corresponding XML document. The uncertainty of the tags, i.e., those marked 
with ‘*’, ‘?’ or ‘+’, are key issues for us to make statistic, query and manage the XML 
documents. We consider that appearance sequence of tag in a XML document is ac-
cording to depth-first search sequence of corresponding element tree, but indetermi-
nate condition appear when occurrence of the element node is indeterminate 
(*,+,?).Because we don’t predicate occurrence situation of the corresponding tag 
whose occurrence is indeterminate in XML document, so we need adjust match order 
according to the tag that is read in the document. 

By taking the XML document as input and its element tree as a receiver, we can 
carry out matching analysis according to depth-first search sequence of corresponding 
element tree. Under such a condition, we can draw the following conclusions: 
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If the node of element tree matches with corresponding tag in the XML document, 
we continue matching according to the sequence of pre-order traversal to the element 
tree. Under such a condition, we can draw the following conclusions: 

1. For an node of uncertainty in an element tree, if it is not found corresponding 
matching tag in XML documents,. then the next matching position stays it’s the 
nearest sibling node. If it has no sibling node, then the next matching position 
stays its nearest ancestor node marked with ‘*’ or ‘+’. If there is no such node, 
then the next matching position is null.  

2. For leaf node of uncertainty marked with ‘*’ or ‘+’ in an element tree, if matching 
then its next matching position is the self. The next matching position for other 
nodes is according to the sequence of pre-order traversal to the element tree.  

Based on the above analysis, we can attach next matching position information to 
corresponding node in an element tree. The next matching clue is depicted as solid 
lines in Fig.3.To store the next match position of corresponding node in an element 
tree, we add a nextmatch field to each node. We call the additional next match 
information element tree Automatic-match tree.  

 

Automatic Match T reeXML data

Query and Statist ic
Request

Algorithm
BasicMatch

Q u e r y . a n d .St a t i s t ic  R e su lt s

 

Fig. 2. Application of the automatic-match tree 

With Automatic-match tree, the matching process can be as follow, For each tag in 
the given XML document 

1. If the tag is not matched with current node in the element tree, and the next match-
ing position of current node is not null, we can get the next matching position and 
continue with the matching process. If the next matching position is null, then we 
have to find the next matching position by traversing the element tree by pre-order, 
and continue with the matching process.  

2. If the leaf node that is being matched in the element tree is marked with ‘*’ or ‘+’, 
then the next matching position is the leaf node itself, else if the next matching po-
sition of the currently matched leaf node is not null, then we should fetch the next 
matching position of this node. Otherwise, the next matching position of currently 
matched node is the next position of the node according to pre-order search se-
quence.  

Because Automatic-match tree we can get statistic information for our special ap-
plication goal by scanning the XML document only one pass. Here, it is an efficient 
tool by it we can get corresponding statistic information and creating corresponding 
index structure. 
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3.3   Trimming Element Tree 

To trim an element tree of the XML documents, we inline those nodes whose occur-
rence is just one into their parent node, and retain those whose occurrences are not 
fixed, i.e. marked with ‘*’, ‘+’ or ‘?’.Fig.3 depicts an example of object semantic tree. 
Here, we present the trimming approach is not the same as that given in [3]. The 
nodes whose occurrence is optional (as marked with ‘?’) will not be embedded in our 
approach. We will get object semantic tree by applying such an approach on the ele-
ment tree of XML documents. As for implementation, we add inlinelev and 
inlinepointer field to each node in the element tree. Its Inlinelev field 
stores the sum of its embedded up level and the inlinepointer field stores the 
pointer that point to its child node that will be embedded. Adding inline information 
to the element tree depicted in Figure 3 where the dashed lines with arrow indicate the 
inline clues, and the bold and italic numbers in the node indicate the sum of its em-
bedded up levels. By the inline information, we can integrate the element tree into an 
object semantic tree.We call the procedure that transform an element tree E into an 
object semantic tree O integration which is expressed Inte(E )=>O . By integration 
any element node ei (1≤ i≤ d )is included in a special object node oj (1≤ j≤f ), 

Inte(ei)→oj , i≥j , oj ⊆E ,where if oj=(ej , …ep) ej is the first element node which be-
longs to the object oj . 

We denote by O an object semantic tree, f denote sum of all nodes of the object 
semantic tree O ,O={o1,o2,…,oj,…of}, f <=d, oj is a node of O, oj∈O, called a kind of 
object class , where j is sequence number of every object by pre-order. 
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Fig. 3. A simple element tree 

4   View of Object Semantic Tree 

From the view of the object semantic tree, we can consider the content of an XML 
document as the entities set of all object classes described in the object semantic tree. 
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Each node in the object semantic tree is corresponding to a kind of object described in 
the XML document. For example, an abstract object semantic tree shown in Figure 4 
there are seven kinds of object, A, B, C, D, E, F and G. We consider the XML docu-
ments as a set of the object entities. 

We encode each entity for each kind of object class in the XML document. These 
object entities in the same object class in the XML document are encoded increas-
ingly according to their position in the XML documents. Figure 4 illustrates an exam-
ple of the XML documents and its object semantic tree. Any object oj∈O, Sum(oj) 
denote the sum all entities of oj in corresponding documents , oj(eni) denote a entity i 
of oj,1≤ i ≤Sum(oj), where i is the code of the entity. 
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Fig. 4. An XML document example and its object semantic tree 

5   Generating Relational Schema 

We generate the corresponding relational schema according to every object class in 
the object semantic tree. Each oj∈ O corresponds to a relational schema expressed as 
rsj , oj!rsjis an one-to-one map , RS is the set of all relational schema generated by 
all object classes in a given object semantic tree O. OR denote the one to one object-
relation map , it denote the map relation between O and RS. OR(oj )->rsj , OR(O)=RS. 
Because oj⊆E ,  oj ={ej …ep}. Here, if eq (j≤ q≤ p) is data-centric element, its content 
in corresponding XML document is directly loaded into corresponding relation table. 
If eq is not data-centric element (e.g. document-centric), its concrete content isn’t 
loaded into relation table, for example its content is a book. We only store corre-
sponding pointer information. By which we can rapidly find its concrete storage loca-
tion and its indices. The relational schema definition is depicted in Figure5. 

6   Queries of XML Data 

6.1   Analysis of Queries 

In the TROS model,user submitting a query called Q . Its restriction condition refer to 
element set called Re={…ei,…,ej…eh…}⊆E, Inte(Re)=>Ro⊆O , Ro denote the refer-
ring to object set of a query Q . Target of the query refer to the element set called 
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Te={…,eh…,eb,…,el…}⊆E , Inte(Te)=>To⊆ O, To denote the object set referred to by 
Q. We can express user submitting a query as Q(Re,Te) from view of element tree or 
Q(Ro,To) from view object semantic tree . Here, Cou(Ro) denote the object sum of the 
set Ro. Given a query Q(Ro,To) ,if Ro =To ,Cou(Ro)=1, Ro={oj} , OR( {oi} )->{rsj} then 
we only query a relation table rsj to get query result. This is the optimal case, because 
we don’t need join table. Unfortunately, considering the characteristics of XML data, 
this would be a quite special case. More often, we have to evaluate the queries by 
joining lots of tables. 

If Cou (Ro ∪To)≠1, then Cou (OR(Ro∪To )) ≠ 1 , the query referring to the objects 
are more than one object, the usual approach is to join tables by columns defined for 
storing the hierarchical information, though relational schema is also generated by 
inline[3] operations, which can avoid many potential fragments. This will reduce the 
join operations, which will improve the query performance. But the general approach 
is that using joining operation of the relational tables express path expression of XML 
queries. It expresses hierarchical structure of XML data with flat relational tables.  

In TROS model, by the semantic logic analysis of users queries, we know that the 
key problem is that how to generate logic connection between the target object class 
and the restriction object of user’s query. We can draw a conclusion that the common 
nearest ancestor node is the key. In a object semantic tree O, given a query Q (To, Ro), 
we can get the common nearest ancestor node w of the set To ∪Ro. We can describe a 
user’s query completely as Q (To , Ro )!w in a given object semantic tree O, where 
To⊆O, Ro ⊆O ,w∈O. Following discussion, we presume given an object semantic tree 
O. 

6.2   Object-Relation Index 

By an object semantic tree O and its corresponding relation set OR(O)=>RS, given a 
query Q( To ∪ Ro )!w , if Cou(Ro ∪To) ≠1 , Cou (OR(Ro∪To )) ≠1, how to build their 
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doc-centric 
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Oid: ID for every object entity of corresponding object class in object semantic tree 
Oloc: Location of the object entity in XML document 
Data-centric columns: Columns for data-centric elements, one column for each data-centric element in the 
corresponding object class. 
Doc-centric locations: Doc-centric elements’ location in XML document , one column for each the ele-
ment in the corresponding object class , if they exist. 
Doc-centric index pointers: Pointing to text Index structure of the corresponding doc-centric column. 

Fig. 5. Object semantic tree and its relation schema 
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connection for the different relations. By above analysis, we build object-relation 
index for every inner node in object semantic tree. The corresponding object-
relational index of the XML document example in Figure 4 as shown in Figure6.In 
object-relation index table of an inner node, the column sum is the sum of its descen-
dant nodes. Each row of the table corresponds a node in the object semantic tree, the 
values of which is the maximum code of its descendent nodes. 

B C D
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F G

f1 g2
f2 g3
f3 g4
f4 g5
�� ��

Object A

Object B

Object F

A 1

B 1.1 E1.2

C1.1.1 D 1.1.2

F 1.3

G 1.3.1

+ ? +

***

A B C D E F G
a1 b2 c4 d4 e1 f2 g3
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Fig. 6. Object-relation index tables of an object semantic tree 

6.3   Queries with Object-Relation Index 

With object-relation index, we can find in table corresponding to the restriction object 
class the code of those objects that satisfy the conditions. No matter what the target 
object class and restriction object class would be, we are always able to find the their 
common ancestor node w .In the indexing table corresponding to these common an-
cestor nodes, we can find those rows containing code of each class of restriction ob-
ject. The codes of the target objects in such rows are ones of those objects satisfying 
the restrictions. We can find the objects’ details in their corresponding tables. No join 
operations are performed in such a evaluation process.  

For example, consider a query based on object semantic tree in Fig. 6, If the target 
object is C, the restriction object is G, and the nearest common ancestor of C and G 
is A.  

To evaluate such a query, we first find in the table corresponding to G the code of 
objects satisfying the condition, to say, {g1, g3}. Then we find in object-relation in-
dex table corresponding to A the rows containing g1 or g3, e.g., a1. Then we can find 
in the row a1 the code of C, to say, c4. Finally we can get the detailed information of 
c4 in the relational table corresponding to object class C. 

If there are more than one restriction object classes in the query, e.g., G and E, we 
should begin to search in the relational table corresponded to the restriction object 
class whose occurrences are the least in the document. For example, in figure 6 the 
object E occurs less than object G, then we should search in the relational table corre-
sponded to object E to find codes of object entities that satisfy the restriction on object 
E. Based on those codes found, we then search in the index table corresponded to 
their common ancestor node A to find the range of object G’s code. Within this range, 
we lastly search in the relation table corresponded to object node G to find the range 
of code of object G satisfying the restriction given by the user.  
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For other restriction object classes, we can perform the above process repeatedly 
until we get the code’s range of the last restriction object class in its corresponding 
relational table. In the object-relational index table corresponded to the nearest com-
mon ancestor node, we can lastly get the range of the target object’s code from that of 
the last restriction object. With such an approach, we cut the search space drastically 
by not only avoiding joining relational tables, but also reusing the code ranges of last 
restriction object. If there is doc-centric information in the restriction object class, we 
push such classes to the tail of the processing sequence so that we only need search 
text in the narrowest scope. If an XML document is of deep hierarchy, i.e., its object 
semantic tree is of large dept, and includes a long amount uncertain information (*, 
+,?), a query may cover target object classes and restriction object classes that of great 
distance in the object semantic tree. If we employ relational techniques, we have to 
join many tables. Here by employing object semantic layer and object-relational in-
dex, we can avoid a large amount join operations. The query performance would not 
decrease along with growth of the query path. At the same time, we using the query 
result of data-centric Information stored in relational table support the query to docu-
ment-centric information. 

7   Conclusions and Future Work 

This paper proposes a novel model for managing XML data called TROS that com-
bines the text characteristics and matured relational techniques. We also propose the 
concept of object semantic layer to depict the general structure of XML data. Based 
on such a model, we propos a novel object-relational index structure to index uncer-
tain information of the XML data. Thanks to such a model and index structure, it is 
unnecessary to carry out join operations to evaluate queries. By proposing object 
semantic layer and analyzing the semantic of user’s queries, we can keep away from 
the concept of query path. Users can describe what they want only by the contents 
presented in the object semantic tree. It is not necessary for them to know information 
about positions or relations. 

In the future we will: 
1. Summary the uncertain information in an XML document according to the node 

types in object semantic trees. Based on such statistical information, we can gener-
ate more efficient relational schema. 

2. Adjust the object-relational index according to queries, e.g., we can pick out fre-
quently used index fragment to improve query performance. 

3. Elaborate the evaluation of user query to optimize queries in depth. 
4. Design the graphical semantic interface. 
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Abstract. XML is an important standard of data exchange and representation. 
XML database also becomes important as web database. As a mature database 
system, using relational database to support XML data may bring some advan-
tages. In this paper, based on a relational storage structure support XPath query 
effectively, an optimized query translation strategy is presented as well as op-
timization techniques. This method converts XQuery to variable forest. Optimi-
zation operations are applied on the variable forest. The optimization is based 
on the semantics of XML document such as schema of original XML document. 
The VF can be converted to SQL easily. This method translates XQuery to a set 
of SQL statements and generates final result through the result of them. Our 
method adapts to the XML database with relational storage supporting effective 
query process to XML documents with various schemas and size. 

1   Introduction 

XML is widely used as the format of data representation and exchange of web. The 
requirement of querying XML database has increased. XQuery[7] emerges as the 
standard XML query language. The language supports many features of querying 
XML data. 

The storage strategies of XML includes three types, flat text, OO DBMS and rela-
tional DBMS [21]. As a type of mature DBMS, relational database has its special 
advantages such as efficiency query process, concurrency control and so on. Com-
mercial relational database products are widely used by many users. Using them to 
support the storage and query of XML data will result in many advantages. In fact, 
some commercial relational DBMS has already presented mechanism to support 
XML such as DB2 [18], Oracle [19] and SQL Server. But the XML processing 
mechanisms embedded in existing relational DBMS only support part of the features 
of XQuery or XML document with special schema.  

Our goal is to design a XML query wrapper on existing relational DBMS to sup-
port the storage and flexible query of XML document with various schemas and sizes. 
This paper focuses on the translation technology from XQuery to SQL. With an ef-
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fective storage structure supporting XPath well, the translation technologies are de-
signed. The translation support main features of XQuery and XPath. Although exist-
ing DBMS may have general query optimizer, an optimization step of translation is 
necessary because that DBMS do not know the semantics information of the XML 
document itself such as schema information. Our translation method has following 
advantages: 

The translation method is independence to the relational DBMS and the result can 
be converted to the final result with only wrap but not any other computation. It ac-
celerates various types of XPath queries by converting XPath query to range query. 
With semantics of XML document, the optimization of the translation is applied to 
decrease the number of join, nested queries and the size of medium result so that the 
execution efficiency of translation result is accelerated. 

In addition, this paper offers the following contributions: 

• The storage structure is further optimized to support XML documents with vari-
able schemas and sizes. 

• An entire translation process is presented to assure an XQuery query can be con-
verted to an effective SQL.  

• Some optimization strategies are designed. These strategies are not only for the 
optimization for the translation on our storage structure but also adaptive for that 
on various structures. 

The organization of this paper is organized as follows. The storage structure and 
the architecture of query processor are presented in section 2. In section 3, translation 
and optimization method are described. A performance experiment is presented in 
section 4. Section 5 summaries related research work. Section 6 draws the conclusion. 

2   Framework of the System 

In this section, a framework of the system is introduced. The system is built on rela-
tional database and a storage strategy independent to the schema is used. Storage 
structure and query process steps are introduced in this section respectively. 

2.1   Relational Storage of XML documents 

The storage of the system follows the method presented in [17]. The basic idea is to 
store a XML document to three relations, tag relation (rtag), node relation (rnode) and 

value relation(rvalue). In rnode, each node of XML tree corresponds one record with 

preorder rank and postorder rank of this node stored. With these two values, the 
query of step in XPath can be converted to range query on rnode. The preorder rank of 

parent of a node is stored to be used to distinguish parent-child and ancestor-descent 
relationship. The advantage of this structure is that it is easy to express various axes 
of XPath. And the expression of XPath focuses on relation rnode, which has only 

numerical values and is fast to execute join operation on. The basic structure of the 
three relations is shown in the following three tables. 
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2.2   An Overview of Query Engine 

Basic idea of query process is to express query plan with relational operators. During 
the translation, the optimization is based on the semantics of XML document, such as 
the original schema and statistics information. The steps of query process are shown 
in fig. 1. 

Before query transla-
tion, the XQuery expres-
sion should be parsed and 
preprocessed.  

The first step of query 
translator is to extract the 
variables and their rela-
tionship from the query. 
They are represented as a 
tree, as is defined as vari-
able tree. Each node re-
presents a variable with 
its path in the query. 
More than one tree can be 
extracted from the query. 
The results of the trees 
are to be join in semantics. 
All of variable trees of a query form a forest, as is defined as variable forest. This part 
will be described in section 3.1 

And then the condition of the query is transformed into the form of DNF. Each 
clause of DNF is CNF. Each clause is to be generated on forest. For the optimization, 
some clause should be merged. The description of this part will be presented in 3.2. 

The next step is to add each CNF clause of restriction clause to the forest. Addi-
tional nodes are added to the forest. Restrictions are also added to existing nodes.  

With schema information, internal query plan is optimized in optimizer. Some op-
timize strategies are introduced in 3.5. And then optimized tree is translated to SQL 

XQuery parser

Preprocessor

Build Variable forest Reduce restriction

Bind restriction to variable forest 

Variable forest optimizer 

SQL translator Result wrapper 

Relational DB

Result viewer 

Variable list restriction 

Variable forest restiction 

Variable forests 

Variable forests 
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Fig. 1. Query Process steps 

Table 1. Relation of tag code (rtag) 

name Meaning 
tagName The name of a tag 

tagNo The code tagName corresponds to

Table 3. Relation of value (rvalue) 

name Meaning 
docID ID of XML document 

nodePre The preorder rank of the node 

Value The value rank of the node 
 

Table 2. Relation of nodes (rnode) 

name Meaning 
docID ID of XML document 

tagNo The code of the node 

nodePre The preorder rank of the node 

nodePost The postorder rank of the node 

par The preorder rank of the parent 
of the node 

isAttr Whether the node is  
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statement that can be executed in traditional relational database. The translation proc-
ess is given in 3.4.The last step is to wrap the final result to the format of XML. The 
method of wrapper is presented in section 3.6. 

3   Query Translation 

Before query translation, the query should be preprocessed. Besides computing ex-
pression with only constant and reduce constant restriction, the code of tags exist in 
the XML query is directly obtain from rtag so that it is not necessary to join rnode and 

rtag during the query process. And the variables in group by, order by clauses are put 

in variable list of the parsed query. 

3.1   Construction of Variable Forest 

The first step is to convert the query to variable forest containing several variable 
trees, which represents the relationship between the variables in the query.  
 

Definition 3.1 Variable Tree (VT for short): A Variable Tree of a query Q TQ=(r, V, 

E), where r is the root of the tree, V is the set of nodes of the tree and E is the edge of 
the tree such that: 

• Each v∈V can be represented as (ID, var, path, res, isresult, agg), where ID is the 
identify of the v which is uniform in the whole variable forest, var is the name of 
varable v binding to, path is the XPath expression of the var in Q and res is the re-
striction of this var. If v is a leaf node, res is the comparison of var and a constant. 
Otherwise res is the existing restriction of some child of v in TQ or the relationship 

between the children of v in TQ. property isresult represents if the variable exists in 

the final result. Property agg represents the aggregation function with id of group 
by nodes on this node. 

• Each e∈E is labeled pc(for parent child relationship), ad(for ancestor descendant 
relationship), ad* (for self-or descendant relationship)or the description of XPath. 
! 

 

Definition 3.2 Variable Forest (VF for short): A set of variable trees FQ= (ST, R), 

where ST is the set of variable trees in FQ and R is the set of relationships between the 

trees in ST in FQ.R is represented as the restriction to connect the VTs. ! 

The generation of a VF is to extract the variables from query and construct VTs. 
At first, for each independent variable that is obtained from for and let clause, a VT is 
built with ID, var and path expression. It is noted that the path expression is absolute 
path from root to the node var standing for. Then the trees are merged based on the 
path relationship stated in the query. When two VTs are merged, an edge connecting 
is added to E with its label representing the relationship between connected nodes. 
For construction of the result, nodes with virtual variables that are built from the path 
expression in result clause. And then the IDs of variables are filled back to restrict 
construction statement. 
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3.2   Reduction of Restrictions 

During the process of parser, the restriction is converted to the conjunction normal 
form of disjunction normal form. The restriction can be represented in form of 
(r11∧r12∧…∧r1n1)∨ (r21∧r22∧…∧r2n2)∨…∨ (rm1∧rm2∧…∧rmnm). In order to optimize 

the query, the restrictions should be reduced.  
 

Definition 3.3 (Contain): Two restriction statement c1 and c2, if the result of applied 

c2 on data must be a subset of applied c1 on the same data. It is defined that c1 con-

tains c2. ! 
 

Definition 3.4 (Conflict): Two restriction statement c1 and c2, if the result of applied 

c2 on data and that of applied c1 on the same data has no intersection. It is defined that 

c1 and c2 are conflict. ! 

The reduction of restrictions is to find the contain relationship between the DNFs. 
The algorithm of reduction process is shown in fig.5. The array valid to represented 
the state each CNF. Compare(c1, c2) is the function that judges the relationships 
between two atom clause and return 1 if c1 contains c2, return -1 if c2 contains c1, 
return 2 if c1 and c2 are conflict, return 3 if c1 and c2 are equivalent, return 0 if there 
is no these two relationships between c1 and c2.  

3.3   Bind Restrictions to Variable Forest 

Each disjunction normal form ri=ri1∧ri2∧……∧rimi of restriction is added to the VF. 

The restricted VF generated by ri is VFi. Internal plan pi is translated from each VFi 

respectively. Final result is the union of the result of all the internal plans.  
The process of adding ri to VF is to apply each rij to VF. The application is proc-

essed according to the variables in each rij. 

• If rij contains just one variable or XPath expression that has been bound to some 

node n in VF, the restriction rij is add to res property of n.  
• If rij contains variables or XPath expressions that have not been bound to any node 

n in VF, a node n binding to a virtual variable is added to corresponding VT in VF. 
In this instance, if rij has only one virtual variable, the restriction is added to res 

property of n directly. 
• If rij contains more than one variable or XPath expression, all variables or XPath 

expressions are bound to the VF at first. And then, each variable v is check to de-
termine which VT it belongs to. If all the variables belong to the same VT Tk, re-

striction rij is added to the nearest ancestor of them in Tk. Otherwise, a connection 

node is built to connect all the VTs that rij has variable binding to. 
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3.4   Translation to SQL Statements 

The unit of SQL statement process is the ID of a node, nodePre is used to represent 
the id of a node. The translation course of a PTi corresponding to VFi is to traverse 

PTi depth-first. Based on PTi, in each variable bounded node, a SQL statement to 

represent the access the node is generated according to the generating method in PTi. 

For each multiple-variable restriction bound node, a SQL statement to represent the 
connection of the variables. The connection is by nested query. The result of the 
translation is a set of SQL statements. Each of them has a uniform SID.  

All the SQL statements form a partial ordering relation <. If the result of statement 
with SIDi is the table of statement with SIDj, SIDi<SIDj. All the SIDs are topological 

sorted to assure all the statements have their table during process. Based on the partial 
ordering relation, all the queries can be compounded into one that is in form of nested 
query. It is noted that some relational DBMS have restriction on the length of query. 
In this instance, temporal table has to be used.  

3.4.1   Conversion of XPath Expression 
The translation of one XPath Expression is presented in this section. Each step of the 
expression corresponds to a query. Result of the former is considered as the table of 
the next step. The query is in form of nested query. The restriction translated from 
axis of a step is shown in table 4, as is called ca. The restriction translated from posi-

tion restriction is shown in table5, as is called cp. And the restriction translated from 

value restriction is shown in table 6, as is called cs. If there are more one csi or cpi of 

one node i, in order to keep the correct of result, they should be processed one by one 
with nested query. The restriction of the ith step of XPath Expression p is Ci= 

cni∧cai∧cfi ∧ cd in which cfi is the first restriction of csi or cpi in this step, 

cd=”r1.docID=r2.docID” and cni is the restriction for the name of the tag of this step. 

The translation result of this step is qi. The translation steps can be expressed as fol-

lowing process. In this description, it is suppose there is just one csi or cpi of each step. 

Table 4. Conversion of Axis Step 

a/Child::b b.nodePre>a.nodePre and b.nodePost<a.nodePost and 
b.par=a.nodePre 

a/descendant::b b.nodePre>a.nodePre and b.nodePost<a.nodePost 
a/Parent::b b.nodePre=a.par and b.nodePost>a.nodePost 
a/Ancestor::b b.nodePre<a.nodePre and b.nodePost>a.nodePost 
a/following::b b.nodePre>a.nodePre and b.nodePost>a.nodePost 
a/preceding::b b.nodePre<a.nodePre and b.nodePost<a.nodePost 
a/Following-sibling::b b.nodePre>a.nodePre and b.nodePost>a.nodePost and 

b.par=a.par 
a/preceding-sibling::b b.nodePre<a.nodePre and b.nodePost<a.nodePost and 

b.par=a.par 
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Table 5. Conversion of Position Restriction 

[position()=c] (select count(t. nodePre) from qa as a, qf as t where 

t.nodePre>a.nodePre and t.nodePost>a.nodePost and t.par=a.par 
and a.docID=t.docID)=c-1. 

[position()=last()] Not exist (select nodePre from qa as a, qf as t where 

b.nodePre>a.nodePre and b.nodePost>a.nodePost and b.par=a.par 
and a.docID=t.docID) 

Table 6. Conversion of Value Restriction 

[b] Exist(select t.nodePre from qa as a, qb as t, rtag as v where t.nodePre>a.nodePre 

and t.nodePost<a.nodePost and t.par=a.nodePre and a.docID=t.docID) 
[b=’c’] Exist(select t.nodePre from qa as a, qb as t, rvalue as s where t.nodePre>a.nodePre 

and t.nodePost<a.nodePost and t.par=a.nodePre and and t.nodePre=s.nodePre 
and s.value=’c’ and a.docID=t.docID) 

 
a and b in translated restriction in table 4 is the alais of the query to obtain node a 

and b. The b in table6 can be an XQuery expression. The qa in translated restriction 
in table5 an table 6 represents the SQL expression to process the last restriction. The 
qf in table6 is the SQL expression of the last step. The qb in translated restriction in 

table 6 is the SQL expression to obtain b. 

3.4.2   Translation of Internal Node and Multi-node Restrictions 
The restriction in non-leaf node of VF is multi-node restrictions. The translation 
process of them is presented here.  

The process of translating a internal node is shown in fig.6. For translated a inter-
nal node n, at first, the translated SQL statement of each of n’ children ci in VT is 

joined with rnode to obtain the nodes binding to n and in the path from root to nodes 
in ci, the result of the join is si. The “from” objects of the SQL statement in internal 

node of VF are the result of the join of si with the restriction the conjunction of n.res 

and the expression representing that the record in all si have the same node binding 

to n. 
In order to avoid confusion, during the process, an alias with corresponding id in 

VF is given to selected nodePres representing selected nodes. 
On the process of the top level restriction, the projection operator is applied to only 

selected nodes whose isresult property are True with all the SQL statement of all the 
VTs as the tables and the top level restriction as the restriction of the final query. 

3.5   Optimization of Internal Plan 

It is noted that the SQL statement translated by the method in 4.4 from internal plan 
with the method stated in 4.3 may result in too many join operators and nested query. 
In this section, some optimization strategies are applied to accelerate the query proc-
ess. 
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Shorten of the Path: As is stated in 4.4, the XPath query will result in nested query 
or join operation. It is noted that with schema information, the path can be shorted.[9]  
 

Definition 3.5 (full/part cover) For an XPath expression segment p with its start point 
st and the end point as is defined as a set S, if p can match all the paths from st to 
each node n in S in the schema. The segment p is called a full covered segment. Oth-
erwise, p is called a part covered segment. ! 

The shorten process is to check the set of paths satisfying XPath expression in 
schema. If all the path in schema satisfies XPath expression, it only needs a selection 
operation rnode. Based on this idea, the XPath expression can be shortened. It is sup-

posed that there is no restriction on any step of the XPath expression. In this algo-
rithm, the XPath expression of each node is divided into several segments. The full 
cover and part cover property to the schema of these segments is interphase. Each full 
covered segment is processed by a selection operation directly. Each part covered 
segment is converted to the nested query by the method in 4.4. This strategy is effec-
tive for long path query. 
 

Reduce the Number of Joins: It is known that in relational DBMS, nested query is 
often converted to join [16]. The join operation may be the operation with the most 
cost. Because the internal node has been already selected in the result, the id of the 
nodes are kept during the latter translation steps.  
 

Reduce the Size of Intermediate Result: The intermediate results will be joined. 
The reduction of the size of intermediate result will accelerate the query process. The 
reduction is implementation by change the nested query order. If some child n’ of n in 
a VT has restriction on, n is obtained from n' and the other children of n is obtain 
from this set of n. Thus, the size of intermediate result of n is decreased.  

4   Experiments 

4.1   Experimental Environment 

The experiments are performed on a PC with AMD 1G CPU and 256M main memory. 
Operation system is Microsoft windows XP Professional and develop platform is 
Visual C++ 6.0. The backend database is Microsoft SQL Server 2000. The database 
is stored in local computer. Our problem connects the database with ODBC. 
 

Data Set: XMark[17] is a famous benchmark of XML data management. It covers 
many features of XQuery. We use XMark as our data set with factor 1.0. The size of 
original XML document is 111M. 
 

Queries: All the 20 queries presented in XMark are used for experiments. 
 

Database Setup: Index is built in nodePre, nodePost and tagNo column of rnode and 

ragNo columns of rvalue. 
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4.2   Performance Result and Analysis 

The performance result is shown in table7. 

Table 7. Performance result 

Query Q1 Q2 Q3 Q4 Q5 Q6 Q7 Q8 Q9 Q10 
Time(s) 2.995 38.576 3.565 197.534 3.685 0.03 0.12 82.689 597.645 666.726 
Query Q11 Q12 Q13 Q14 Q15 Q16 Q17 Q18 Q19 Q20 
Time(s) 179.128 135.985 1.822 75.499 9.073 1.993 0.37 0.931 1.292 0.591 

 
With query analyzer of SQL server, the internal query plan of each query can be 

viewed. From the result, the efficiency of the query executing in real environment on 
commercial database is acceptance. Q4 is slower is because the estimate result of the 
intermediate result is different to the real instance. The processes of Q8-Q11 are 
slower because the join of XML trees results in too many joins with some very large 
intermediate result ( for an example, during the process of Q9, the size of temp table 
have reached 2G!). Q14 is slower for the comparison between strings without text 
index on value property of rvalue.  

5   Related Work 

There are many storage structures supporting XML documents. [1] and [2] considers 
large XML document and store XML document in the relations that are partitioned 
based on the schema of XML document. [6] and [10] is an extension of this method 
to self-tuning of the storage structure. These methods are not adaptive to the instance 
of storing many XML documents with various schemas. Query process in these stor-
age structure results in many join operations. It is hard to translation XQuery to SQL 
for various instance of schema. More adaptive storage structure and query translation 
is presented in [3] and [4]. The method is to store each edge of the XML document. 
The shortcoming is that the query process efficiency on this storage is low. [5, 11] 
use interval encoding to represent the ancestor and descendence.  XRel [5] is to en-
code the path and store the code and the extent of each node. But the translation detail 
of XQuery is not presented in [5]. The research work of [12] and [13] focus on the 
ordering of the nodes of XML document stored in relational database.  

Another research work related to this paper is publishing XML view on relational 
database. [14] and [15] is work in this field. Some of the idea of query translation can 
be referred. But the essential difference is special storage structure can not be built to 
accelerate XML query process. 

There are also many research of optimization strategy of XML query process. 
Some work is independence to the storage such as [9, 22]. They can be improved to 
support optimization of query process on XML stored in relational database. 
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6   Conclusions 

XML is an important standard of data exchange and representation. XML database 
also becomes important as web database. As a mature database system, using rela-
tional database to support XML data may bring some advantages. In this paper, based 
on a relational storage structure support XPath query effectively, an optimized query 
translation strategy is presented. Optimization strategies based on semantics of XML 
document are presented. Our method adapts to the XML database with relational 
storage supporting effective query process to XML documents with various schemas 
and sizes. The translation method is independent to DBMS. With various connections, 
our system supports the query to various databases. 
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Abstract. How to evaluate a massive XPath set over XML streams poses great 
challenges to database researchers. Current work chiefly focuses on evaluating 
efficiently massive XPath set to obtain precise results. The size of the input 
query set has a great impact on the resource requirement and the efficiency of 
evaluation. In this paper, we propose a novel method, QReduction, to obtain the 
synopsized XPath query set to represent the original query set, while at the 
same time to minimize the ‘precision loss’ caused by query set synopsis. QRe-
duction discovers frequent patterns among the massive input XPath tree pat-
terns first, and select query set synopsis from them based on a dynamic benefit 
model under resource constraints. Since frequent patterns discovery takes high 
complexity in QReduction, we propose optimization methods by pushing the 
constraints of QReduction into the discovery process. We propose 3 criteria, 
namely recall, precision and intersection to determine a better synopsis. The 
experimental results demonstrate that our method can produce a query set syn-
opsis with high precision, recall and intersection under given resource con-
straints.  

1   Introduction 

As XML becomes a de facto standard for data representation and exchange on the 
Internet, many applications related with XML data stream have emerged, such as the 
content-based routing [4],document dissemination [4] etc. One of the key problems in 
such applications is how to evaluate a massive XPath set over XML data stream.  

Current work focuses on how to evaluate the massive XPath set to obtain precise 
results for all queries. The size of the input query set has a great impact on the re-
source requirement and the efficiency at running time. However, in some applications, 
the precision of query result maybe not the most important factor. Taking sub-
scribe/publish system as an example, users may tolerate imprecise results of a sub-
scription to some extent. In other applications, the resource available is very limited. 
Those cases inspire us to synopsize query set with the minimized ‘precision loss’. In 
other words, we obtain another query set with a smaller size under given constraint to 
represent the original query set. The result of the original query, which can be calcu-
lated from the result of the result of query set synopsis, is as precise as possible.  
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1.1   Related Works 

The related works include XML stream processing, tree aggregation, approximate 
query processing on data stream and XML similarity match. 

Most of the currently proposed XPath evaluators over data stream are based on 
automata to obtain precise results. Some evaluators, such as XPush [3], are con-
structed on deterministic automata, which take exponential space in the size of input 
XPath set. Other evaluators, such as YFilter[4], are based on non-deterministic auto-
mata, hence the evaluation efficiency will decrease with the increase of input XPath 
set.  

Tree patterns aggregation [6] shares the same goals as ours. Tree pattern aggrega-
tion depends on two basic operations, query containment and query minimization to 
aggregate XPath tree patterns. In our method, query containment can only done on 
the sub tree and tree, hence leads to less complexity than the former work. In addition, 
the tree pattern aggregation has not taken the query distribution into account.  

Data reduction techniques, such as wavelet [9], sampling [9], histogram [9], etc, 
are proposed to obtain the synopsized data for the original data set. However, these 
methods developed for relational data can not be applied on XML stream directly. In 
addition, data reduction methods cannot guarantee that all important data can be proc-
essed correctly. 

Similarity query obtains some XML documents that do not meet the query re-
quirement exactly. The methods used in similarity query, such as query rewriting, 
data relaxation, are as summarized in [1]. However, the work in [1] only deals with a 
single query.  

QReduction takes frequent patterns as the basis for query set synopsis, while fre-
quent patterns discovery is well studied in [2]. However, frequent pattern discovery is 
just the first step in QReduction, and QReduction improves the efficiency of discov-
ery by applying the constraints of the whole QReduction process. 

1.2   Contributions 

This paper proposes a method, QReduction, to synopsize a given massive XPath {//, 
*, [], |} set under resource constraints. Specifically, the contributions are as follows:  

QReduction provides a technique to evaluate massive XPath query efficiently on a 
very limited resources over XML data stream.  

QReduction takes frequent patterns among the input XPath tree patterns as the ba-
sis for query set synopsis. The constraints on QReduction can be used to accelerate 
the frequent patterns discovery significantly. 

QReduction takes a dynamic benefit model to select the synopsized query from the 
frequent patterns so as to improve the recall, precision and intersection of query set 
synopsis (defined in section 2). 

The experiments in this paper show that QReduction can generate smaller size 
query collections and minimize the ‘precision loss’ caused by query set synopsis. 

The rest of the paper is organized as follows: Section 2 presents QReduction to 
synopsize the input XPath set; Section 3 discusses some optimization strategies ap-
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plied in QReduction. A performance study in section 4 demonstrates the validation of 
our methods. Section 5 concludes the paper and discusses the future work. 

2   Query Set Synopsized from the Massive XPath Set   
     and Evaluated over Data Stream 

XML can be modeled as a node-labeled directed tree. XPath [5], the basic mechanism 
of tree navigation proposed by W3C, supports a number of powerful features. The 
former work just deals with some commonly used features [2, 3]. The features of 
XPath supported in this paper includes ‘/’ for parent/child relationship, ‘//’ for ances-
tor/descendant relationship, ‘*’ for wildcards, and ‘[]’ for a branching condition. 

The operator {[]} introduces much complexity in XPath processing. XPath without 
{[]} can be expressed by traditional automata, while XPath with {[]} can not. In the 
following, we call XPath with {[]} as complex XPath, and XPath without {[]} as 
simple XPath. 

A query set synopsis is another query set with a smaller size and the result of the 
query set synopsis has some relations with that of the original query. Different meth-
ods produce different query set synopsis. In order to determine the better query set 
synopsis, we make the following criteria: 
 

Definition 1. the recall, precision and intersection of query set synopsis P2 for query 
set P1  

Given a data stream L, a query set P1, query set synopsis P2 for P1, mapping M 
takes the form {q1→q2}, where q1∈P1,q2∈P2. Suppose that subset S1 of P1 returns 
TRUE on L; and subset S2 of P1, calculated from the result of P2 and mapping M 
from P1 to P2, returns TRUE on L. The recall of query set synopsis P2 for P1 is de-
fined as |S1∩S2|/|S1|, denoted as recall (P2, P1). The precision of query set synopsis P2 
for P1 is defined as |S1∩S2|/|S2|, denoted as precision (P2, P1). For each query pi in P1, 
we denote r1 as the result of pi, and r2 as the result of pi from the result of P2 and 
mapping M. We define S3 including query q1 with r1=r2. |S3|/|P1| is called the intersec-
tion between the two query sets, denoted as intersection (P2, P1).  

The problem can be stated as follows: Given a query set P1 and space constraint C, 
how to generate query set synopsis P2, with the space cost of evaluator constructed  
from P2 meeting the space constraint C while maximizing recall (P2, P1), precision 
(P2, P1) and intersection (P2, P1). 

We briefly summarize the method in this paper. Each XPath defined in our paper 
can be represented by tree pattern [7]. Sub tree s1 of tree pattern t1 can be used to 
represent t1. Since there are many candidates sub trees to be used to represent t1, we 
hope s1 can represent other tree patterns. In other words, sub tree s1 indicates a fre-
quent pattern among the given XPath tree patterns. Hence the first step in our method 
is to find frequent patterns. The discovered frequent pattern can be used to be basis 
for query set synopsis, which is selected based on a dynamic benefit model based on 
the recall, precision and intersection of query set synopsis. 
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2.1   Discovery of Frequent Patterns among Tree Patterns 

A Frequent pattern fp is a sub tree in at least one original tree pattern. In the following, 
we propose an Apriori-like method to discover frequent patterns among the input 
XPath tree patterns. Fist, we give some related notations. 

Given an XPath tree pattern T, T can be decomposed into a path set S: {t1,… tn}, 
where the initial node of each ti (1≤1≤n) is the root node of T and the end node of 
ti,(1≤i≤n ) is the leaf node of T. Since there is no a branch node in decomposed path, 
the XPath in S is a simple XPath. The size of S is called the weight of tree pattern T. 
If XPath p1 is contained in XPath p2, it means the results set of p1 is a subset of that 
of p2. 
 

Definition 2 (N-order frequent pattern). N-order frequent pattern takes the form 
{c}->(c1,….cn), where c, c1, ..cn are complex XPath, ci (1≤i≤n ) is contained in c, the 
weight of c is N.    
 

Algorithm 1. Discover (N,CQ,S) discover N-order frequent patterns from XPath 
query set CQ with minimal support S 

Input: XPath query set CQ, support S, order N 
Output: N-order frequent patterns 

[1] Decompose each query p in CQ into a simple XPath set SQ;  
[2] As for a simple XPath s1 in SQ, construct a candidate pattern in the form of 

{s1}->{c1,…cn}, which indicates s1 is decomposed from ci, 1≤i≤n. We call 
{s1} the head of the form, and {c1,… cn} the body of the form. The size of the 
body is denoted as the weight of the pattern.  

[3] Let FP be the set of patterns, the weight of each pattern in FP is greater than 
S; Let TMP be FP; 

[4] For i=1 to N 
a) FP=FP join TMP; // combine the heads and bodies of the two patterns.  
b) Eliminate the pattern p in FP, where the weight of p is less than S or the 

order of p does not equal i; 
[5] Let patterns set RS be FP, each pattern p∈RS takes the form of {s1…sn}-

>{c1,…cm}; 
[6] Combine s1,…sn into c for each pattern p∈RS, each pattern p∈RS in the form 

of {c}->{c1,…cm}. 
[7] Output the final RS as N-order frequent patterns 
[8] End 

Notice the pattern {c}->{c1,…cm} generated in Step 6. Since all simple XPath que-
ries, s1,…sn, are decomposed from c1,…cm, it is easy to know that c1,…cm are con-
tained c. In this way, the high cost of query containment is avoided in the whole proc-
ess. 

The above method just obtains N-order frequent patterns with the minimal support 
S. We need to run the discovery algorithm more than once to obtain frequent patterns 
with all orders.  
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2.2   Synopsize Query Set from Frequent Patterns under Resource Constrains 

After the generation of frequent patterns with each pattern in the form of {c}-> 
{c1,…cm}, the head of frequent pattern is used to be a candidate to be selected into 
query set synopsis.  
 

Definition 3. (the similarity between sub-tree and tree). Given a tree T1 and a sub-tree 
T2 in T1, the number of leaf node in T1 is N1, the number of leaf node in T2 is N2, the 
similarity between sub-tree and tree can be defined as |N2|/|N1|. 
 

Example 2. given XPath p1=/a/b/c[d], p2=/a/b/c[d][f], p3=/a/b/c[d][f][g][e], we con-
struct the following tree patterns:  

 
a

b

c d e

a

b

c d f

a

b

c d G f

p1 p2 p3

1/21/2 1/3 1/3 1/3 1/5 1/5 1/5 1/5 1/5

 
Fig. 1. XPath tree patterns 

XPath p4=’/a/b/c[d]’ is the head of a possible frequent pattern {p4}->{p1,p2,p3} 
among three XPath tree patterns. However, the similarity between p3 and p4 is less 
than that between p1 and p4 or that between p2 and p4. Such a case leads to different 
precision loss when p4 is used to represent them. 

Notice that it is not necessary to define the similarity between two arbitrary XPaths, 
but that of sub-tree and tree in QReduction. The similarity, as one of the parameters 
of QReduction, is set by users to guide the system to adjust the precision of query set 
synopsis. Taking figure 1 as an example, if we assign 0.5 on the similarity threshold, 
p3 is removed from the body of pattern since the similarity between p4 and p3 is 0.4. 
In this way, we can control the ‘precision loss’ between the query set synopsis and 
the original query set. 

After the removal of complex query which does not meet the similarity threshold 
from the body of frequent patterns, we need a criterion to decide which frequent pat-
tern can be dealt first.  

Benefit B of a frequent pattern fp can be calculated from the complex XPaths in 
the body of fp. Suppose that one complex query c1 in the body of fp can decompose 
into S with N simple XPaths, we assign the value of each part as (1/N). The head of 
frequent pattern fp can decompose into F with M simple XPaths. If an equivalent 
mapping can be constructed from simple XPath in S to that in F, the benefit of fre-
quent pattern fp to complex XPath c1 can be defined as the sum of values of mapped 
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simple XPath in S from M. Benefit B of frequent pattern fp can be denoted as the sum 
of benefit of fp to all complex XPath in the body. The cost C of frequent pattern fp 
can be denoted as the space the head query of fp occupies in the evaluator (including 
the states and transition rules in final evaluator). The benefit of frequent pattern fp per 
unit can be denoted as B/C. 

Taking figure 1 as an example again, the benefit of p4 to p3 is 2/5, the benefit of p4 
to p1 is 2/3 and the benefit of p4 to p1 is 1. Hence, the benefit of p1=1+2/3+2/5. 

We select one frequent pattern with the maximal benefit of frequent pattern per 
unit. After one frequent pattern f1 is selected, frequent pattern f2 with the second 
highest benefit may represent the same complex XPath which can be represented by 
f1. Such a case will lead to low recall of the generated query set synopsis when re-
sources are limited. Hence, after one frequent pattern is selected, the benefit of the 
rest of frequent patterns should be calculated again. Thus, a dynamic benefit model is 
proposed in QReduction.  
 

Algorithm 2. Query set synopsis generation 
Input: an XPath query set CQ, a similarity threshold SIM, a space constraint SPC, a 
minimal support SPT. 
Output: query set synopsis QS 

[1] For (int N=1;N<M, N++)  //where M is maximal weight of query in CQ; 
a) Obtain all frequent patterns FP by discover(N, CQ, SPT)  

[2] Eliminate complex XPath c1 in the body of frequent pattern fp∈FP, the simi-
larity between the head of fp and c1 is less than SIM; 

[3] Set the value of each simple XPath decomposed from complex XPath c1∈CQ; 
[4] Sort frequent pattern fp∈FP based on the benefit of frequent pattern per unit;  
[5] Set C to be 0; // C is the occupied space 
[6] While C< SPC 

a) Add the frequent pattern with highest benefit to query set synopsis QS;  
b) Set the value of the related single XPath decomposed from complex 

XPath to be 0; 
c) Recalculate the benefit of rest of frequent patterns and Resort them; 

[7] End  

The benefit of each frequent pattern is calculated dynamically in step 6. That is, 
once a frequent pattern is selected, the value of related simple XPath decomposed 
from complex XPath is set to 0, and then the benefits of the rest of frequent patterns 
have to be recalculated to obtain the next frequent pattern with the highest benefit. 
Taking the case in figure 1 as an example, after p4 is selected, the value of all decom-
posed simple XPaths from p1 is set to 0, the value of the decomposed simple XPath 
‘/a/b/c’ and simple XPath ‘/a/b/d’ in p2 is set to 0. 

3   Optimization Method in QReduction 

Algorithm 1 takes a high time complexity to discover frequent patterns among the 
input XPath tree patterns. Suppose that there are N candidate frequent patterns ini-
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tially, the generation of 3-order frequent patterns takes O(N3), leading to a serious 
efficiency problem. In this section, we propose several strategies to improve the scal-
ability of QReduction. 

3.1   Optimization Method 1 in Frequent Patterns Discovery 

Recall the process of QReduction as a whole. Suppose we want to find N-order fre-
quent patterns with similarity SIM. The frequent patterns generated in algorithm 1 
take the form {s}:-{c1,…ck}. A complex XPath c∈{c1,…ck} is removed from the 
body of the frequent pattern in algorithm 2 when the similarity between c and s is less 
than SIM. 

Based on such an observation, we can push the similarity check at the stage of 
candidate patterns initialization so as to reduce the intermediate results in frequent 
patterns discovery.  
 

Definition 4. (N-order candidate with similarity SIM). Given order N, similarity SIM, 
a candidate frequent pattern fp in the form of {s1}->{c1,…ck},  N-order candidate 
with similarity SIM takes the form {s1}->{d1,…dp}, where for any d∈{d1,…dp}, 
d∈{c1,…ck}, the weight of d is between the N and (N / SIM), . 
 

Theorem 1. All N-order frequent patterns can be generated from the N-order candi-
dates with similarity SIM.     
 

Proof. Given an original candidate pattern with the form of {s1}->{c1,…ck}, suppose 
the weight of c∈{c1,…ck} is not between N and (N/SIM), even if c appears in the 
body of one of the frequent patterns after algorithm 1, c will be eliminated in algo-
rithm 2 because the weight of any validate complex XPath in the body of the pattern 
is between N and (N/SIM), or else the complex XPath in the body does not meet the 
similarity requirement. Hence all N-order frequent patterns can be generated from the 
N-order candidates with similarity SIM. ! 

 

Theorem 1 sets a more rigid constraint on the initialization of candidate frequent 
patterns. In algorithm 1, a pattern can be a candidate pattern if it satisfies the minimal 
support requirement. If theorem 1 is applied, a pattern can be a candidate if the N-
order candidate with similarity satisfies the minimal support requirement. In this way, 
the size of initial candidates and intermediate results are greatly reduced.  

3.2   Optimization Method 2 in Frequent Patterns Discovery 

The optimization method 1 can be used to reduce intermediate results significantly. It 
works better when order N is relatively small. However, as for the candidate pattern 
with a higher order, intermediate results can still be large enough. We need further 
work to reduce them. 

Remind the goal of frequent patterns in our paper again. The frequent patterns can 
be used as basis for query set synopsis. When system resource is relatively limited, 
the recall of query set synopsis is one of the most important criteria. We expect to 
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avoid the overlapping of the complex XPath set in the body of different selected fre-
quent patterns. Such a case inspires us to obtain frequent patterns in a reverse way. 
That is, we check whether a complex XPath can appear in one of the frequent patterns.  

Formally, we reverse a candidate frequent pattern form {s1}->{c1,…cn} into a pat-
tern in a new form {c1}->{s1…sm}, where si (1≤i≤m) is a simple XPath decomposed 
from complex XPath c1.As for a candidate pattern f1 in new form {c}->{s1…sm} with 
size m of the body greater than N, we select n simple XPaths from the body of f1, and 
check whether the selected XPaths can build a frequent pattern satisfying the support 
requirement. Once one valid frequent pattern is generated, it indicates that the com-
plex XPath c will appear at least in one frequent pattern. Hence we stop checking and 
output the valid frequent pattern.  

It will take the exponential time to obtain the optimal frequent pattern with the 
highest support. A suitable frequent pattern can be generated in polynomial time. In 
Qreduction, we make O(m) test for {c}->{s1…sm} to find the frequent pattern fp with 
the approximately highest support. Hence each complex XPath can generate one 
frequent pattern as basis for the generation of query set synopsis. As for a candidate 
pattern f1 in new form {c}->{s1…sm} with size m of the body less than N, we discard 
f1 directly. We give a further proof in the following. 
 

Theorem 2. Given order N, a candidate pattern f in the {c}->{s1…sm}, where simple 
XPath set {s1…sm} can be decomposed from complex XPath c. If the size of {s1…sm} 
is less than N, c will not exist in any valid N-order frequent patterns. 
 

Proof. Suppose we obtain frequent patterns in a normal way by algorithm 2. Any N-
order frequent pattern takes the following form {s11,…s1n}->{c11,…c1k}, where the 
head of the frequent pattern contains n different simple XPaths, and any complex 
XPath in {c11,…c1k} can decompose at least n simple XPaths. Hence, given a candi-
date pattern in a new form {c}->{s1…sm}, if the size of {s1…sm} is less than n, c will 
not appear in any N-order frequent pattern. ! 
 

 

Fig. 2. Time cost in query set synopsizing 
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4   Performance Study 

QReduction is implemented by Java 1.31. Experiments were run on the Dell Optiplex 
GX260 with 512M of RAM and 2.0G Intel Processor running Windows 2000. We 
use XPath generator [8] to generate a massive XPath set. 

We make experiments on the time complexity of query set synopsizing first. In the 
process, we focus on the effectiveness of optimization method 1 and method 2 in 
section 4. When the size of XPath set exceeds 20K, we stop QReduction without any 
optimization methods since it takes too much time. From the above results, method 1 
and method 2 can improve the efficiency of frequent patterns discovery significantly.  

 

Fig. 3. Recall, precision and intersection changes with various space constraints 

It can be observed that the recall, precision and intersection of query set synopsis 
change with various space constraints. In the above experiment, the space constraint 
is roughly represented by the ratio of the size of the query set synopsis to the size of 
original one. That is, when the space constraint is set to 10%, the size of query set 
synopsis is 10% of that of original query set. Such an assumption is different from 
our problem formula, but it is sufficient to demonstrate the effect of various space 
constraints in QReduction. In figure 4, the similarity is set to 0.2, the size of XPath 
set exceeds 20K, we notice that the recall, precision, and interaction increase when 
the space constraints increase. 

We set space constraints as 20%, 20K XPath set, and obtain the recall, precision 
and intersect with the various similarities. From figure 5, the increase of similarity 
leads to the increase of precisions, but leads to the decease of recall. Such result are 
the same as our assumption.  

5   Conclusion 

In this paper, we propose QReduction to generate query set synopsis from a massive 
XPath set so as to improve the efficiency and reduce the resource cost of evaluator. 
QReduction generates frequent pattern efficiently and select the synopsized query 
based on a dynamic benefit model from the frequent patterns. The final experiment 
results also demonstrate the validation of our method. 
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Fig. 4. recall, precision and intersection change with various similarities 
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Abstract. We propose an approach that can effectively validate key constrains 
over XML document by extracting key value and checking structural con-
straints. First we propose an XPath-based algorithm that can extract key values 
from the XML document and generate the corresponding key value document. 
Then we present how a key value document and its DTD can be designed to 
check whether predefined key constraints are satisfied. Last we draw an inter-
esting conclusion that as long as XML keys can be expressed in XPath, the 
validation problem can be done by the XPath and the structural constraints 
checking. 

1   Introduction 

The role of XML in data exchange over the internet is evolving from one of merely 
conveying the structure of data to one that also conveys its semantics[1,2]. To address 
this problem, a number of semantic constraints specifications, especially for key defi-
nitions, have been proposed which include a series of key definitions for XML 
[3,4,5,6]. Recently many aspects of these proposals have been adopted within XML 
Schema [7], and the significance of XML key constraints has been recognized. 

While key constraints validating problem has been well studied in the relational 
model, validating constraints over XML document appears to yield many new diffi-
cult problems to be faced. Although key definitions are being adopted by XML 
Schema, unlike structural constraints checking (DTD checking), there is yet no stan-
dard technique for validating that a document conforms to a set of XML keys[8]. 

In this paper, we propose an approach that can effectively validate key constrains 
over XML document by extracting key value and checking structural constraints. 
More specifically, we make the following contributions: 

• We propose a XPath-based algorithm that can extracts key values from the XML 
document and generates the corresponding key value document. 

• We present how a key value document and its DTD(We named KVD and KVD-
DTD respectively) can be designed to check whether predefined key constraints 
are satisfied.  

                                                           
*  This work is supported by the NKBRSF of China (973) under grant No.G1999032705, the 

National ‘863’ High-Tech Program of China under grant No. 2002AA4Z3440. 
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• We draw an interesting conclusion that a document D satisfies the predefined key 
constraints if and only if its KVD satisfies the KVD-DTD, which is a structural 
constraint checking problem. This conclusion reveals that as long as XML keys 
can be expressed in XPath the validation problem can be done by the XPath and 
the structural constraint checking. 

We conduct a set of experiments and the experimental results generated from the 
real data reveal that the algorithms work well in practice. 
 

Related Work. A number of definitions of XML keys and foreign keys have been 
proposed [3,4,5,6,7]. [9] studies the consistency of such specifications: given a DTD 
and a set of constraints, whether there exists a XML documents conforming to the 
DTD and satisfying the constraints. But[6] showed that for DTDs and arbitrary keys 
and foreign keys, the consistency problem is undecidable.  

At present, several validation tools are being developed[8,10,11,12,13], but as[8] 
describes, most of them do not support regular expressions provided by XPath and 
the few have completely implemented XML Schema keys. Since the XML keys 
themselves are expressed in XPath and the structural constraint checking is a well 
solved problem, the validation using XPath based on DOM and the structural con-
straint checking is a principal motivation for our work. 

2   XML Key Constraints and Validation 

We begin with the brief definitions of the XML keys and the problem statement of 
key constraints validation which will be used throughout the paper. 
 

Definition 1. (XML Key) An XML key can be written as: K：(C,(T,{P1,…,Pp})) 

Where K is the name of the key, path expressions C and T are the context path and 
target path expressions respectively, and P1,…,Pp are the key paths. A key is absolute 

if the context path C is the empty path ε, and relative otherwise. 
 

Example 1. Let us consider a sample document “companies.xml” whose tree repre-
sentation is shown in Fig. 1 and we can define the keys for the document: 

KS1: (/,(./company, {./name}))   KS2: (/company,(./branch, {./@ID})) 

KS3: (/,(//Mgr,{./name, ./office})) 

The XML document describes the information about some companies. The mean-
ing of the keys are as follows:  

KS1: the key of the company is name;  

KS2: in a company, the ID attribute of the branch can uniquely identify a branch; 

KS3: the manager can be uniquely identified by the name and office within the 

whole document. 
 

Definition 2. (Key Satisfaction) An XML tree Ť is said to satisfy a key K = 
(C,(T,{P1,…,Pp})),  denoted Ť╞ K, if and only if for each context node c and for any 

target nodes t1, t2 reachable from c via T, whenever there is a non-empty intersection 
of values for each key path P1,……, Pp from t1, t2, then t1 and t2 must be the same 

node. 
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Definition 3. (Key Validation Problem) The problem of key validation asks if given 
an XML tree T (generated from a document D), and a set ∑ of XML key constraints, 
whether the for every K∈∑, T satisfies K. We write D╞∑ if the implication holds for 
T satisfying all K in ∑. 
 

 

Fig. 1. Part of tree representation of an XML document 

3   Validating Key Constraints by Extracting Key Value   
     and Checking Structural Constraints 

Although XML key definitions have been given, the question of how to build an 
efficient validator to best validate the constraints have not been solved. Few parsers 
can completely support XML Schema key. Key constraints validation problem needs 
to be well studied. 

We focus on validating key constraints over XML document automatically. Since 
the XML keys themselves are expressed in XPath and the structural constraint check-
ing is a well solved problem, the validation using XPath-based key value extraction 
and the structural constraint checking is a principal motivation for our work. In this 
paper, we present a new technique that can effectively validate key constrains over 
XML document by extracting key value and checking structural constraints. 

3.1   Overview of the Approach 

The validation problem is parameterized by the XML document and the keys. The 
main steps are: 
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• First, the XML document will be parsed by the DOM Parser and a DOM tree will 
be generated as the input parameter for KVD Generator as well as XML keys. 

• Second, using a XPath-based algorithm, the KVD Generator extracts key values 
from the DOM tree according to the definition of XML keys and generates the cor-
responding key value document KVD. 

• Third, the Structure Validator checks whether the KVD satisfies the KVD-DTD 
using the structural constraint checking mothod. 

3.2   Extracting Key Values from the XML Tree Using XPath 

In this section, we propose a XPath-based algorithm that can extracts key values from 
the XML document and generates the corresponding key value document called KVD 
that can completely map the given XML key specifications.  
 

Example 2. Return to our example 1, given a key specification KS1: (/,(./company, 

{./name})), the main part of the generated KVD document is written as Table 1.  
Since the XML keys themselves are expressed in XPath and the structural con-

straint checking is a well solved problem, the validation using XPath based on DOM 
and the structural constraint checking is a principal motivation for our work. To ex-
tract key values from the XML tree effectively, we adopt the XPath-based primitives 
to do the job. 

Table 1. Main part of the KVD document 

< Key KID =1 > 
<ContextNode  CID = 1> 

    <KeyPath Number = 1  Value = “A”>  <Tar-
getNode>2</TargetNode>  

</ KeyPath > 
    < KeyPath Number =1  Value = “X”>    
<TargetNode>60</TargetNode> 

 </ KeyPath > 
</ContextNode>   

< /Key > 
 
Before presenting the Key-Value-Extraction Algorithm, we propose a set of XML 

Primitives based on XPath for operating xml document and generating the KVD.  
 

Definition 4. (XPath-Base Primitives) We define the XPath-base Primitives which 
directly operate on xml document as follows: 

• Tagging (D, path, tagName): add an element that its tag named tagName at posi-
tion path to the XML document D. 

• AddAttribute (D, path, attName, attValue): add a new attribute attName with 
attValue at position path to the XML document D. 

• GetNode (D, path): get all the nodes under the path expression in the XML docu-
ment D. 
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• GetID (D, node): get ID of the node in XML document D. 
• AddContent (D, path, <tagName>val</tagName>): add the element whose name 

is tagName with content val under the path expression to the XML document D. 
 

Algorithm 1. (Key-Value-Extraction Algorithm) 
Table 2 is the Key-Value-Extraction Algorithm. The key idea of the algorithm is to 
extract key value information from the original XML document according to the 
predefined XML keys and compose a KVD using XPath-base primitives. 

Table 2. Key-Value-Extraction Algorithm 

function KeyValueExtraction (D,KeySet) 

/*  Input: D, KeySet=K1,K2, …Km  (Ki = (Q,(Q’,{P1, P2,…Pn})))  */ 

/*  output: D'  */ 

1. Tagging (D',/, XMLKeys ) ; 

2. For i=1 to m Do    /*Begin to deal with Ki*/ 

3. { 

4.  Tagging(D', /XMLKeys/, Key); 

5.  AddAttribute(D', /XMLKeys/ Key[i], KID, i); 

6.  ContextNode_Set = GetNode( D, /Q/ ); 

7.  For every ContextNode in ContextNode_Set Do 

8.  { 

9.   Tagging(D', /XMLKeys/ Key[i], ContextNode); 

10.   CurrentCID = GetID(D, ContextNode); 

11.   AddAttribute(D', /XMLKeys/ Key[i]/ContextNode, CID, CurrentCID); 

12.   For j=1 to n Do      /* Begin to deal with Pj */ 

13.   { 

14.    Tagging(D', /XMLKeys/ Key[i]/ContextNode[CID=CurrentCID]/, KeyPath); 

15.     AddAttribute(D',/XMLKeys/ 

 Key[i]/ContextNode[CID=CurrentCID]/KeyPath[j], Number,j); 

16.    Pj_Value_Set = GetContent(D, //ContextNode//Pj);  

17.      For every Pj_v in Pj_Value_Set do 

18.      { 

19.  AddAttribute(D',/XMLKeys/Key[i]/ContextNode[CID=CurrentCID]/ Key-

Path[j],Value, Pj_v); 

20.   Tagging(D', /XMLKeys/ Key[i]/ContextNode[CID=CurrentCID]/, KeyPath); 

21.   AddAttribute(D',/XMLKeys/Key[i]/ContextNode[CID=CurrentCID]/KeyPath[j], 

  Number,j); 

22.   } 

23.   TagetNode_Set = GetNode(D, //Context/Q’[Pj/text() = Pj_Value]); 

24.     For every TagetNode in TagetNode_Set Do 

25.          AddContent(D', /XMLKeys/Key[i]/ContextNode[CID = CurrentCID]/  

    KeyPath[j], <TagetNode>GetID(D, TargetNode)</TagetNode>); 
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26.    }  /*end of all the key path*/ 

27.   }   /*end of all the context node*/ 

28.   TargetNode_ShareKeyValue = GetContent(D', //KeyPath[1]/TargetNode);   

29.   For k = 2 to m Do   

30.   TargetNode_ShareKeyValue = TargetNode_ShareKeyValue ∩ GetContent(D', 

//KeyPath[k]/TargetNode); 

31.  if |TargetNode_ShareKeyValue|>=1 

32.   { /*add all the key paths and the corresponding key values that generate the non-

null intersection*/  

33.   Tagging(D', /XMLKeys/KeyPath[1]/, TargetNode_ShareKeyValue); 

34.   for every node in TargetNode_ShareKeyValue do 

35.     {Tagging(D', /XMLKeys/KeyPath[1]/TargetNode_ShareKeyValue, inter

    section); 

36.   AddContent(D', /XMLKeys/KeyPath[i]/TargetNode_Intersection/,  

< T_node >GetID(D, TargetNode)</ T_node >)) 

37.   } 

38.   }   /*end of the TargetNode_ShareKeyValue*/ 

39. }   /*end of the Ki*/   
40. return(D'); 

Table 3. The main part of KVD document 

 
Lines 2-39 in the algorithm deal with every XML key from K1 to Km. Lines 6-27 

begin to deal with every context node in XML key, finding all the target nodes identi-
fied by the different key value of key path and add the corresponding information to 
the KVD. Lines 28-38 compute the content of the TargetNode_ShareKeyValue ele-
ment and add lines 31-38 add all the key paths and the corresponding key values that 
generate the non-null intersection.  

< XMLKeys > 
  < Key KID =1 > 
    <ContextNode  CID = 1> 
      <KeyPath Number = 1  Value = “A”> 
        <TargetNode>2</TargetNode> 
      </ KeyPath > 
      < KeyPath Number =1  Value = “X”>

    <TargetNode>60</TargetNode> 
 </ KeyPath > 

   </ContextNode>   
  < /Key > 
  < Key KID =2 > 
    <ContextNode  CID = 2> 
      <KeyPath Number = 1  Value = “01”> 
        <TargetNode>7</TargetNode> 
      </ KeyPath >    

< KeyPath Number =1  Value = “02”> 
<TargetNode>12</TargetNode> 

   </ KeyPath > 
</ContextNode> 
<ContextNode  CID = 60> 

     <KeyPath Number = 1  Value = “81”>   
<TargetNode>65</TargetNode> 

  </ KeyPath >    
   </ContextNode> 

   < /Key > 
< Key KID =3>    

  ……  
< /Key > 

< /XMLKeys > 
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Example 3. Now let us return to our example again. Using companies.xml and the 
predefined keys in example 2 as parameters, according to KVD generating function, 
the main part of the KVD is in Table 3. 

3.3   Checking Structural Constraint 

In this section, we present how a key value document KVD and its DTD (We named 
KVD-DTD) can be designed to check whether predefined key constraints are satis-
fied. We define the KVD-DTD as Table 4 shows: 

Table 4. KVD-DTD: The DTD for Key Value Document 

<!DOCTYPE XMLKeys[ 
<!ELEMENT Key(ContextNode+, TargetNode_ShareKeyValue*)> 
<!ATTLIST  Key  KID  CDATA  #REQUIRED> 
<!ELEMENT ContextNode(KeyPath*)> 
<!ATTLIST ContextNode  CID  CDATA  #REQUIRED> 
<!ELEMENT KeyPath(TargetNode+)> 
<!ATTLIST KeyPath  

Number CDATA  #REQUIRED 
Value CDATA  #REQUIRED > 

<!ELEMENT TargetNode(#PCDATA)> 
<!ELEMENT TargetNode_ShareKeyValue (Intersection*)> 
<!ELEMENT Intersection(k_Path+, T_Node)> 
<!ELEMENT T_Node(#PCDATA)> 
<!ATTLIST k_Path  

Number CDATA  #REQUIRED 
Value CDATA  #REQUIRED >]> 

Table 5. KVD-Structure-Validation Algorithm 

function KVD-Structure-Validate (D',N) 

/*  Input: D', N:Number of XML Keys */ 

/*  output:true or false  */ 

1.   for i = 1 to N 

2.{ 

3. Targetnode_Set=/XMLKeys/KeyPath[i]/TargetNode_ShareKeyValue/ Intersecion/ 

    T_node /; 

4.   if |Targetnode_Set| > 1 then 

5.     return false; 

6.   } 
7. return true; 
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Algorithm 2. (KVD-Structure-Validation Algorithm) 
The structure validation is the last step of the whole process. The KVD-Structure-
Validation Algorithm is shown in Table 5. The function returns true if the number of 
the child of element Intersection in KVD for each key is not greater than 1, or else the 
function returns false. In this way, we implement the key constraints validation 
through structural constraint checking.  
 

Example 4. The validate function determines whether the Targetnode element in 
TargetNode_Intersection element occurs only once. Continue the example 3, the 
validate function returns true. 
 

Example 5. Imaging the value of the text node 16 in Fig. 1 is “AB0”. For the KS3, 

there are two nodes 9 and 14 share the same key values for all the key path, so there 
is a Intersection element of Target_ShareKeyValue in the KVD which does not con-
form to the KVD-DTD. We draw a conclusion that the companies.xml is invalid 
considering the predefined keys. 

4   Analysis of Algorithm and Experimental Results 

The following lemma and theorem prove the soundness of the algorithms. 
 

Lemma 1. (Soundness of the Algorithms). A XML document D satisfies the prede-
fined set ∑ of key constraints if and only if its KVD (generated by the Key-Value-
Extraction algorithm) satisfies the KVD-DTD(Checking by KVD-Structure-
Validation algorithm). 
Proof. First, we consider the “if” portion of the proof: 

If a XML document D satisfies the predefined set ∑ of key constraints, we assume 
that the its KVD  does not satisfies the KVD-DTD. That is to say, the KVD-
Structure-Validation algorithm will return false. According to the step 4 of the algo-
rithm, we know that the |Targetnode_Set| >1, and there must be two T_nodes below 
some KeyPath according to the step 3. Let us return to the Key-Value-Extraction 
algorithm, from step 31-38 we can say there must exists a target t within a context 
node c of an XML key k, the t shares some key value with another target node under 
c for every key path. That is to say, the XML document does not satisfy the K. But 
this is in contradiction to the condition of D satisfying the set ∑ of key constraints. 
So the “if” portion is correct.So the “if” portion is correct and the “only if” portion is 
same as the above. These two portions prove soundness of the two algorithms.  

Now we can state our main result for problem of validation key constraints over 
XML document in theorem 1. 
 

Theorem 1. As long as XML keys can be expressed in XPath, the XML key valida-
tion problem can be done by the XPath and the structural constraint checking. 

Recently, we are developing CoXML, a system towards building an XML-based 
middleware system. We evaluate the performance of our method against using two 
real XML data sets (one for e-business DB-E and the other for news DB-N).  
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• We check the effectiveness of Key-Value-Extraction algorithm according to the 
numbers of key constraints and the numbers of XML documents. Fig. 2 (a) depicts 
the execution time of the Key-Value-Extraction algorithm with number of XML 
keys varying from 10 to 50. Fig. 2 (b) depicts the execution time for 10 XML keys 
with number of XML documents varying from 200 to 1000.  

• We want to study the impact of the number of XPath queries on the performance 
of Key-Value-Extraction algorithm, and how the number of lines in XML docu-
ment influences the performance of the algorithm. Here we choose the number of 
keys = 5, again based on the two database. Fig. 3 (a) depicts the execution time of 
the Key-Value-Extraction algorithm with number of XPaths varying from 10 to 50 
and Fig. 3 (b) depicts the execution time with number of lines varying from 10 to 
50. 
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The set of results conducted on the real XML data reveal that the two algorithms 
can be done in polynomial-time and works well in practice. 

5   Conclusion 

In this paper, we present a new technique that can effectively validate key constrains 
over XML document by extracting key value and checking structural constraints. 
First we propose a XPath-based algorithm that can extract key values from the XML 
document and generates the corresponding key value document. Then we present 
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how a key value document and its DTD can be designed to check whether predefined 
key constraints are satisfied. Last we draw an interesting conclusion that as long as 
XML keys can be expressed in XPath, the validation problem can be done by the 
XPath and the structural constraints checking. 
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Abstract. Selectivity estimation of path expressions in querying XML
data plays an important role in query optimization. A path expression
may contain multiple branches with predicates, each of which having its
impact on the selectivity of the entire query. In this paper, we propose a
novel method based on 2-dimensional value histograms to estimate the
selectivity of path expressions embedded with predicates. The value his-
tograms capture the correlation between the structures and the values
in the XML data. We define a set of operations on the value histograms
as well as on the traditional histograms that capture nodes positional
distribution. We then construct a cost tree based on such operations.
The selectivity of any node (or branch) in a path expression can be es-
timated by executing the cost tree. Compared with previous methods
(which ignore value distribution) our method offers much better estima-
tion accuracy.

1 Introduction

As XML becomes the standard for data exchanging over the Internet, much
research has been devoted to the efficient support of XML queries. We study
XML query optimization based on selectivity estimation. If the branch with less
selectivity is queried first, the intermediate result will have a relatively small size
and the query efficiency can be improved. XML data is a hybrid of structures
and values, some of which are highly correlated. Disregarding values’ hierarchi-
cal distribution may affect the accuracy of selectivity estimation. For instance,
assume we have an XML document as that of Fig. 1(a), and we want to esti-
mate the selectivity of path expression item[type=‘appliance’][price>500].
For this particular example, the selectivity of ’appliance’ on item is 50% (2
of the 4 items are of type appliance), and that of ’price>500’ is also 50%,
because there is a high correlation between item price and item type. Since no
� This research was partially supported by the grants from 863 High Technology Foun-
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value distribution information is available, the best we can assume is that the
values are independent. Thus, the selectivity of the path expression on item is
estimated as 50% × 50%=25%, while the true selectivity is 50%. It is clear to
see that the correlation among the data can be one of the key factors affecting
the accuracy of the estimation, and we need some statistical structure to capture
such correlation.

Fig. 1. An example data and the VH.

State of the art selectivity estimation methods for XML queries can largely
be divided into two categories: the graph-based [3,9] and the histogram-based
[6,12,13]. Graph based methods use a summary data structure, such as the
DataGuide, to represent the occurrence frequency of the nodes and the paths in
the tree structure. However, it cannot capture the correlation between different
paths or nodes under the same root, while such information is essential in es-
timating the selectivity of branching queries with predicates. Histogram-based
methods [12, 13] provide information about nodes’ hierarchical distribution. In-
formation about predicate selectivity is made available by storing the number of
value nodes that have a given attribute value in a simple, one dimensional value
histogram. But such selectivity is not associated with nodes’ hierarchical distri-
bution, in other words, we do not know how such selectivity will affect other
nodes.

To obtain an accurate selectivity estimation using state-of-the-art histograms
[12,13], we have to build a position histogram for each particular predicate, so
that the position distribution reflects the existence of the predicate. However, it
is impossible to build histograms for each possible predicate in path expressions.

In this paper, we propose to use a novel histogram, the value histogram (VH),
to capture the correlation between the structure and the value. We define a set of
operations on the value histograms as well as on the code histograms (CH) that
keep track of the position distribution. We use these histograms to construct a
cost tree. We can then compute the selectivity of any node in the path expression
by evaluating the cost tree.

The rest of the paper is organized as follows. We introduce the value histogram
(VH) in Section 2. In Section 3, we propose six basic operations that are used
for selectivity estimation in Section 4. Section 5 shows the experiment result.
We review related work in Section 6 and conclude in Section 7.
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2 Value Histogram

In this section, we introduce the concept of value histogram (VH). The 2-dimens-
ional value histogram is devised to capture the distribution of predicate values
across XML tree structures.

XML data are commonly modeled by tree structures. We encode each node
n by a pair of integers (start, end)represents a region[14]. It is easy to tell how
many descendants and ancestors n has by checking the regions containment. Fig.
1(a) shows an XML data tree whose nodes are labelled with region codes.

2.1 Value Histogram (VH)

The purpose of introducing value histogram is to associate the distribution of
attribute values with the hierarchical positions of the nodes in the tree. We
represent the relationship between value and position in a two-dimension space.
Here, the x-axis corresponds to start (region code), and the y-axis corresponds
to the values (for value nodes only). For each different node type, such as price
(a continuous attribute), or type (a categorical attribute), we build a value/code
distribution graph. Each price node in Fig. 1(a) maps to a unique point in the
value/code distribution graph of Fig. 1(b). For example, point (10, 4) in Fig.
1(b) represents a node with start=10, and value=4, which is the second price
node in Fig. 1(a).

To derive value histograms from the value/code distribution graphs, we dis-
cretize the region code start on the x-axis, and the continuous attribute values
on the y-axis. More specifically, we discretize a two dimensional value/code dis-
tribution graph into g × m grids. Fig. 1(b) is an example of g=4, m=4. From
a discretized value/code distribution graph, we derive the value histogram by
counting the number of nodes inside each grid cell. Fig. 1 (c) is a 4 × 4 value
histogram for the price nodes. We use VH[i][j], (0 ≤ i¡g, 0≤ j¡m), to denote the
number of price nodes whose value and start code fall in grid cell (i, j) in the
value/code distribution graph.

The value histogram embodies the relationship between the value and the
hierarchical structure, and reflects the value correlation of the data. We can
build a value histogram for each type of the value nodes. Thus, a predicate in
a path expression (e.g., 200 ≤ price <500), together with a region constraint
(e.g., descendants of a node whose region code is (7,28)), corresponds to a set
of grid cells in the value histogram. We can sum up the counts VH[i][j] to get
the distribution of the nodes that satisfy the predicate (see Section 3).

Note that in the value/code distribution graph and in the value histogram,
we are only concerned with the start code but not the end code. This is because
value nodes always appear as leaf nodes in the XML tree structure, and we only
care about the distribution of its parent nodes and/or ancestor nodes. In order
to count a node’s ancestors and parents, we only need the start value of the
region code.
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Fig. 2. Position Histogram. Fig. 3. The V, A, and D operations.

Beside value histograms, we need another type of histogram, the code his-
togram, to summarize the Ancestor-Descendent or Parent-Child relationships
among the nodes.

2.2 Code Histogram

Several code histogram models [12,13] have been proposed in previous works to
estimate the size of structure join. We modify some statistics and use them for
selectivity estimation.
Position Histogram (PH): If we regard the region codes as coordinates in a 2
dimensional space, where values in the x-axis correspond to start, and values in
the y-axis to end, the containment relationship between the nodes will be turned
into the position relationship between the points. The points have the following
property: (i) none of the points can fall into the area below the diagonal of the
matrix, and (ii) given a point x, all the descendants of x appear to the right and
lower part of point x, and all the ancestors of x to the left and upper part of
point x [12,13]. Fig. 2(a) shows the distributions of nodes in Fig. 1(a). Fig. 2(b)
shows a 4 × 4 position histogram for the price nodes.
PL Histogram (PLH): Instead of using a 2-dimensional mapping, we can also
map region codes into intervals in a 1-dimensional space [12]. Assume the root
node is encoded (min, max). The PL histogram is constructed by dividing the
range of [min, max] into g grids and counting the nodes in each grid.

The statistics we need is in addition to those used in [12]. For each grid,
we need to know i) the number of intervals that start in the grid (CD), ii) the
number of the intervals contained in the grid (CA), iii) the average length of
the intervals, and iv) the selectivity of the intervals. We use these statistics in
histogram operations in Section 3.

In general, we build code histograms for each type of node in the data tree to
keep track of the structural distribution of the XML data. Next, we show how
the histograms can be used for selectivity estimation.

3 Basic Histogram Operations

We use histograms for selectivity estimation of path expressions with predicates.
In this section, we define six basic operations on histograms:V, S, D, A, PA, and
PD. The first two, V and S, are used to study value correlation, and the rest
are for hierarchical correlation.
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V : Value Selectivity Estimation. The V operation counts the number of
the nodes within a given value range using the value histogram. The result of
the operation, SH[i] (0 ≤ i <g), is the number of nodes that satisfy the value
range (in code grid i).

Let Pmin ≤ attr ≤ Pmax be a predicate of interest. Assume the code/value
space for attribute attr is divided into g × m grids, with Wx and Wy being
the x-axis and y-axis grid width respectively. Then the number of nodes in each
code grid that satisfy the predicates is estimated to be:

SH [i] =
∑ �Pmax/Wy�−1

j=�Pmin/Wy�+1V H [i][j]

+ (�Pmin/Wy� + 1 − Pmin/Wy) V H [i] (�Pmin/Wy�) (1)
+ (Pmax/Wy − �Pmax/Wy�) V H [i] (�Pmax/Wy�)

There are three additive terms in the formula. The first adds up the grids
fully included in the given value range of the predicate, and the other two adds
up the grids partially included (assuming uniform distribution). They are shown
by the shaded area in Fig. 3(a).
S : Value/Code Selectivity Estimation. The S operation (Eq 2) estimates
the number of nodes in each position grid satisfying a predicate. It associates the
value distribution (Eq 1) with the hierarchical distribution (position histogram).
The result of the S operation is a two dimensional code histogram (CH). The
S operation assumes that the selectivity of a value on a node in a certain grid
has uniform impact over the nodes in the same position grid. Our experimental
results in Section 5 show that the assumption works well.

CH [i][j] = PH [i][j]
SH [i]

∑g−1
j=0 PH [i][j]

(2)

D : Descendant Selection and A: Ancestor Selection. Given a node, the D
operation (A operation) returns the distribution of its descendants (ancestors) in
a code histogram (CH). The meaning of the two operations is illustrated by the
position histograms in Fig. 3(b) and (c). For instance, to find the descendants
for a node in region “A”, we include the region of “D”, and partially include the
region of “B” and “C”. Similar reasoning applies to the A operation. Due to a
lack of space, we refer readers to [15] for a detailed description of the computation
of D and A.
PD : Descendant Pruning and PA: Ancestor Pruning. Given a node, we
might be only interested to know the number of its direct children instead of all
of the descendants. However, such statistics is not immediately available from
the position histogram. The PD and PA operations are used to exclude the
descendants by estimation. Due to a lack of space, we refer readers to [15] for a
detailed description of the computation of PD and PA.

4 Selectivity Estimating of Path

In this section, we demonstrate how to construct a cost tree using the operations
discussed in Section 3 for selectivity estimation. The original value histograms
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(VHs) and code histograms (CHs) are used as input, and the output is a code
histogram that maintains the distribution information of the node satisfying the
path.

4.1 Simple Predicate and Simple Path

To estimate the selectivity of a simple predicate, for example, [type=
‘appliance’], we compute SH by applying the V operation (Eq 1) on the
value histogram built for the value nodes. Then we perform the S operation on
the SH and the code histogram for the type nodes to get a new code histogram
CH, which includes in each grid only the nodes satisfying the predicate.

A simple path can have two basic types of components: a/b and a//b. For
a//b, it is easy to estimate the distribution of a or b satisfying path a//b. We
simply use the A or D operation.

It is not as straightforward to estimate the distribution of b satisfying the
path a/b, because b nodes might be self-nested and we must exclude those b
nodes that are descendants of a but not children of a. To achieve this goal, we
first perform the descendent pruning operations (PD). Then, we run D operation
to get the estimation. Similarly, to estimate the distribution of a nodes satisfying
path a/b, we perform the ancestor pruning operation (PA).

4.2 Complex Path with Predicates

There are two factors affecting the selectivity of a node in a path: one coming
from the ancestor path, the other from the descendant paths. We discuss the
two factors respectively.

To estimate the selectivity of the node satisfying the ancestor path, we per-
form a series of D operations on the code histograms of the nodes in the ancestor
path. The result of one operation is used as input to the next operation until
we derive the code histogram of the target node in the path. If the relationship
between two nodes is ‘/’, we need additional PD operations as well. For exam-
ple, assume we want to compute the selectivity of node n3 in path expression
n1/n2//n3//n4[a>v]. Because the relationship between n1 and n2 is ‘/’, we
perform a PD operation on the code histogram of node n2 to prune those nodes
that are descendants of n1 but not children of n1. Then, we run a D operation
on the result of the PD operation and the code histogram of node n1. Another
D operation is needed to acquire the selectivity of node n3. Because the rela-
tionship between n2 and n3 is ‘//’, the PD operation is skipped. To estimate the
selectivity of the nodes satisfying the descendant path, we perform a series of A
operations along the path in the reverse direction. If the relationship between
the nodes is ‘/’, we perform the PA operation on the parent nodes and the PD
operation on the children nodes. In our example, the descendant path of n3 is
//n4[a>v]. We deal with the predicate first by performing a V operation and
an S operation. Because the relationship between n4 and a is ‘/’, before the A
operation, we perform a PD operation on the resulting code histogram of the
V operation and a PA operation on the code histogram of n4. The cost tree is
shown in Fig. 4(a).
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Any complex path can be decomposed into a set of simple predicates and
simple paths. If the selectivity of a node is affected by many paths, we compute
the selectivity of each path, and combine them together. For example, in path
n1[n2>v and n3>w]//n4, n1 is a switch node, which has three descendant paths:
predicate n2>v, predicate n3>w, and a descendant path //n4. We deal with them
one by one. First, we get the selectivity of n1 from the predicates, and then use
the intermediary results to compute the selectivity from the descendant path.
The cost tree is shown in Fig. 4(b).

Fig. 4. Complex Cost Trees.

Sometimes the computation can be
complicated. In our previous example,
the path expression has 5 nodes, but
the cost tree in Fig. 4(a) for selectivity
estimation has 9 operations. However,
if we know some nodes are not self-
nested, we can omit some. For exam-
ple, we can omit the PD and PA opera-
tions in Fig. 4(a), if we know (from the
schema) that all n3 nodes are descen-
dants of n2, all n2 nodes are children
of n1, and all a nodes are children of
n4. The simplified cost tree is shown
in Fig. 4(c).

5 Experiments

Data Sets: We use two XML data sets in our experiments. One is the Xmark
data set, whose sizes can range from 100KB to 100MB. The data schema contains
550 different types of nodes and 10 of them are value nodes. The other dataset,
Bib, which is generated by XML SPY, has a simple structure, but the structure
and the values in the data are highly correlated.
Storage Cost: The size of the statistical information we need is proportional
to the number of nodes in the data schema as well as to the number of grids in
the histogram. Since the schema is much smaller than the data, major savings
can be realized in our approach. The storage cost of the value histogram (VH) is
g × m × n × gridsize, where g is the number of the code grids, m is the number
of the value grids, and n is the number of value nodes. The storage cost of the
position histogram (PH) is g2 × n × gridsize. For example, an Xmark document
with 550 nodes in schema, the total histograms size is 675KB. The VH and PH
are sparse matrix that can be compressed. In Fig. 5, CVH represents the size of
the compressed VH.
Estimation Cost: We use six typical queries with different selectivity. The
query time is sensitive to the size of data sets, but the estimation time is not,
instead, it is sensitive to the size of the schema, the size of the histograms, and
the number of operations in the cost tree. We use a 2M data set to evaluate the
queries. Fig. 6 shows the average estimation time and query time. The estimation
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Fig. 5. Storage cost of statistical information. Fig. 6. Estimation Cost.

time for histograms with fewer than 50 grids is very short (less than 1 millisec-
ond). With the increase of the grids, the estimation time of PH method increases
faster than PLH method. When the grid is as fine as 100*100, estimation based
on PH takes more time than query.
Estimation Accuracy: Fig. 7 shows the estimated accuracy for the above
queries using PLH+VH and PH+VH methods. Note that the first method has
very reasonable error margins (<10%) when the number of grids are greater
than 20. For some queries, for example, queries Q1, Q2 and Q3, the PLH+VH
method has virtually no error.

Fig. 7. Estimation Accuracy.

We also note in Table 1 that the uniform and independent distribution as-
sumption results in large errors. An important factor that contributes to these
errors is the correlation between the structure and the value in the data set.
For example, query Q5 finds close aution with quantity=1 and price >100.
There are 80% of the quantity nodes whose value is 1, and 80% of the price
nodes whose value is great than 100. However, few close aution nodes have both
attributes. But with the uniform and independent distribution assumption, the
total selectivity will be 60%. The errors will be magnified with longer paths and
more predicates. The errors of the PH+VH method are caused by the grid. In
the sample data sets, the code region is wider than [0, 10000]. The width of each
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Table 1. Example queries list.

Acutral Uniform Queries

Q1 60% 50% //bib[No.>5]

Q2 40% 5% //Book[price>100]

Q3 10% 1% //Book[author=‘Mike’]

Q4 80% 40% //Paper[type=1][page>4]

Q5 5% 60% //close auction[quantity=1][price>100]

Q6 30% 50% //Open auction[increase>20]

grid is as large as 100 even for 100*100 grids. The difference between the code
of a parent code and its children may be very small (sometimes only 1). Thus,
they very likely appear in the same grid. Estimation in the same grid is based
on the uniform assumption, which leads to the error. This type of error is not
evident in the PLH+VH method because PLH counts the ancestors and the
descendants independently.

6 Related Works

McHugh et al [9] used DataGuide to maintain statistics information. The system
stores selectivity information for all paths in the database of length up to k, and
uses it to infer selectivity estimates of longer path queries. Markov table is used
to maintain statistics of all paths up to a certain length [1], and such information
can be aggressively summarized. These techniques do not maintain correlations
among paths, and consequently, they do not support accurate estimation of path
expressions with embedded predicates.

Chen et al [3] used pruned suffix trees to summarize tree structures, and used
a set hashing technology to capture the correlations among the various sub paths
in the data. However, the technique only applies to specific twig patterns which
contain only parent-child links and the predicate can only have the equality test.
Another problem of the method is that their correlation computation is based
on the same data type.

StatiX [6] combines schema information with histograms. The system gives
each node an id, and ranges of ids of different types do not overlap. For each node
type, histogram is used to store the count of children nodes. This method can
estimate the selectivity of children nodes, but not the selectivity of the ancestor
nodes satisfying some descendant paths.

Timber [13] combined the XML data encoding with a 2 dimension histogram
method, using a position histogram to collect and estimate the sizes of contain-
ment join. The computation needs the position histogram of both the ancestor set
and the descendant set. In a path expression, the predicate may be very complex.
It is impossible to build position histograms for each set of predication. Further-
more, the algorithm can only estimate the selectivity of ancestor-descendant join.
However, there can be many parent-child relations in path expression queries.
Wang et al [12] provided a one-dimension histogram method for containment
join size estimation, which improves accuracy in some cases, but the computa-
tion limitation also exists.
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7 Conclusion

In this paper, we propose to use a novel type of histogram to capture such
correlations. Through a set of operations on the histograms, we are able to
estimate the selectivity of any node in a complex path expression. Experimental
results indicate that our method provides improved accuracy especially in cases
where the distribution of the value or structure of the data exhibit certain a
correlation. Our future work will extend the method to support XQuery.
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Abstract. XML is gaining popularity as an industrial standard for presenting
and exchanging structured information on the web. Meanwhile, the majority of
documents on-line are still marked up with HTML, which are designed specif-
ically for display purposes rather than for applications to automatically access.
In order to make web information accessible to applications so as to afford au-
tomation, inter-operation and intelligent services, some Information Extraction
programs, called “wrappers”, have been developed to extract the structured data
from HTML pages. In this paper, we present a layout-based approach to separate
the data layer from its aspect of presentation in HTML and extract the pure data
as well as its hierarchical structure into XML. This approach aims to offer a gen-
eral purpose methodology that can automatically convert HTML to XML without
any tuning for a particular domain.

1 Introduction

In order to make web information accessible to applications, some Information Extrac-
tion (IE) programs, called “wrappers”, have been developed to automatically extract
information from a (usually not well-structured) format and maps it to a structured for-
mat. In context of web extraction, the mapping is usually carried out from HTML to
XML.

Previous work can be classified into two categories, depending on whether the
HTML input is regarded as a sequential character string, such as TSIMMIS [9], Ed-
itor [3], FLORID [4] and DEByE [6]; or a pre-parsed document tree, such as W4F [2],
XWrap [7] and Lixto [5]. Basically, those approaches requires either heavy human-
annotated web pages as training examples or heavy hand-coding to generate a special-
ized extractor for each web data source.

In this paper, we propose novel approach to automatically extract structured data
from HTML pages without any tuning for a particular domain. This method doesn’t
require any prior human intervention. It uses features derived directly from the layout
of HTML pages. The motivation is lying on the nature of HTML: a semi-structured
document with data and its presentation tags.

Q. Li, G. Wang, and L. Feng (Eds.): WAIM 2004, LNCS 3129, pp. 419–428, 2004.
c© Springer-Verlag Berlin Heidelberg 2004
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2 Models and System Overview

2.1 Transitional Document Object Model

According to the DOM specifications, the HTML/XML document is defined as an or-
dered tree of element nodes, to which attribute and text nodes are attached. For example,
the Yahoo page displayed as in Figure 1 can be represented in HTML DOM tree like
Figure 2 (a). If we convert it to XML document, we have the XML tree as shown in
Figure 2 (b).

Fig. 1. A partial view of Yahoo’s homepage.

Business_Economy

B2B JobsFinance Shopping

html

Business & Economy

B2B Jobs

head

title

body

table[1] table[4]

tr

td

...

b[1]

a

br

,

a[1] a[4]

(a)

(b)

Element Node

Text Node

Fig. 2. Node-2-node transforming between the HTML DOM and XML DOM.

Comparing with these two DOM trees, we can see that the XML DOM describes
the structured data itself while the HTML DOM focuses on the representational logic
and leaves all the actual data lying on the bottom of the tree. Despite the fact that one
is focused on data structure while the other is focused on data representation, XML
and HTML have one common DOM core. From this point of view, the conversion
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from HTML to XML is intuitive and as simple as node-to-node matching. However, the
fact is that, due to the diversity of HTML representation and constantly changing web
sources, mapping the HTML nodes directly to XML nodes is difficult and inefficient.
To ease this complicated conversion process, we build a middle-tier model, called Tran-
sitional DOM (T-DOM). It works like a well-organized bookshelf, where the HTML
nodes are re-arranged so that the wrapper program can select and map them to XML
nodes more easily.

2.2 Atomic Units of Web Information

The task of information extraction is the focused searching for meaning in the target
documents, where meaning is understood in terms of facts, formally described as a fixed
set of lexical objects [1]. In the context of HTML documents, these lexical objects are
atomic units of web information appearing in a specific region of the browser’s display
window. In order to detect and access these information units in our Transitional DOM,
we introduce the definition of record and delimiter which are both extended from the
HTML nodes.

Definition 21 A record is an HTML node which has a meaningful text value. All the
records in an HTML DOM are denoted as R. A delimiter is an HTML node which does
not have a meaningful text value. All the delimiters in an HTML DOM are denoted as
D.

Remark 21 We give the following common notes for the Definition 21:

1. For languages that are based on ASCII, ISO 8859 or EUC standards, like English,
the meaningful text value is a string containing any characters from [0...9][a...z]
[A...Z]. For other human languages, the definition of a meaningful text value may
vary, but the basic criteria is that every record must carry a fact of web information.

2. The definition of record is upward transitive in a dominance relation, such that, if
a node is a record, then its parent node is also a record. In contrast, the definition
of delimiter is downward transitive in a dominance relation, such that if a node is
a delimiter, all its child nodes are delimiters. In other words, if all the child nodes
are delimiters, then this node is also a delimiter.

3. Most attributes in HTML, such as border, width, onClick and onLoad, are layout
or event properties that contain no facts of web information to extract. So, we assert
that attribute nodes, except href and alt, are not considered as records even if they
have a meaningful text value.

4. Both records and delimiters are extended from the interface of the HTML DOM and
inherit all the properties of DOM nodes, such as label, value and level.

As shown in Figure 2, element nodes b1, a1 and a4 are records, since they have
text values “Business & Economy”, “B2B” and “Jobs” respectively. Aside from text
nodes, a text value could also be obtained from an attribute node alt or href . An img
node, with HTML source <img alt=“Yahoo! Travel” src=“ytrv prp.gif” />, is a record
because alt has a meaningful text value “Yahoo! Travel”. The element node br and the
text nodes “,” and “...” are delimiters since they have no meaningful text value.
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2.3 Hierarchical Relations of Web Data

A single record in the HTML DOM, just like a single word in an article, still lacks
meaning without context. To explore the hierarchical relations between records, we
need to group the consistent records into content blocks first, and then find the topics in
each consistent record.

Definition 22 The notions of content blocks and topics are defined as follows:

1. A content block, denoted as ψ, is a set of adjacent records on the same level in the
DOM tree.

2. A topic node (or topic), denoted as τ , is a record which has the property of being
the subject of other records in the same content block.

Remark 22 We give the following common notes for the Definition 22:

1. The topic is extended from the interface of record and inherit all the properties of
DOM nodes, such as label, value and level.

2. A content block should not be confused with the basic component NodeSet in a
DOM tree. There are three essential differences. First, the NodeSet is a set of
nodes of all types, including records and delimiters, while in a content block, all
nodes are records. Second, nodes in a NodeSet can be on different levels in the
tree, and they may not be adjacent, while in a content block, all nodes must be
adjacent and on the same level. Last, nodes in aNodeSet can have different parent
nodes in the HTML DOM tree, while all of records in a content block must have
the same parent. For this property, we can denote it by a sub-tree in Transitional
DOM tree, such as T (x), where x is the common parent of all records in the content
block.

3. If x1, ..., xn are adjacent records on the same level in the DOM tree, a set
{x1, ..., xn} is a content block constructed from records x1, ..., xn using a set con-
structor of order n.

4. If a content block ψ is {x1, ..., xn}, a tuple 〈τ1, ..., τk〉, where (τ1, ..., τk) ∈ ψ, is a
list of topics constructed from records x1, ..., xn using a tuple constructor of order
k.

5. All topics come from the records of content blocks. We give a heuristic that every
content block in the HTML DOM contains a default topic. In case no explicit topics
can be found, we can add a certain record into the content block to be its default
topic.

Topics are obvious on a browser’s window as shown in Figure 1. This is because
the author of the web document uses many specific HTML tags and structures to guide
a browser in emphasizing these topics so that they look different from other represen-
tations. A wrapper program can use a similar method to abstract the subject of other
records in a content block.

3 Content Partition

Whether it is manually composed or generated automatically by an application, a web
page commonly keeps consistent information as discerned in the same content block,
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Nodes Records Blocks TopicsClassification Partition Aggregation
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Fig. 3. Transforming functions for building the Transitional DOM.
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Fig. 4. Mapping the Transitional DOM to the XML DOM.
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Fig. 5. Content Blocks Identification.

and different topics are separated by apparent visual boundaries. That is what the Layout
of a web page means.

The purpose of content partition is to recover these information blocks based on the
clues that authors embed in the layout information. Figure 5 shows how the process of
identifying these visual cues is performed in an iterative way. It starts with the whole
web page as a single content block (made up of smaller content blocks), and then itera-
tively partitions each content block into smaller ones until the process reaches the final
solution.

4 Topic Aggregation

Normally, a topic node conforms to the following two characteristics that allow it to
compare its peer records in the same content block. First, a topic node is a record with
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emphasis at a preceding position compared with its sibling records in the same block.
The main strategies for emphatic purpose are 1) Using a distinguishing style, such as
bold fonts. 2) Placing an indication symbol, like a colon “:”, to infer dominance. 3) Cre-
ating an indention between primary and secondary. Second, topic nodes have the most
similar properties and a maximal frequency of occurrence in the same content block.

Example 41 An HTML block displayed as “Tel:, 2280256, Fax:, 2280255, . . . ” has
the following HTML codes:

<p>
<b>Tel: </b> 2280256 <b>Fax: </b> 2280255 . . .

</p>

The bold style nodes (Tel: and Fax:) are topic nodes of the block {b, 2280256} and
block {b, 2280255} respectively. Compared with its peer records in the same block, a
topic node is a leading record with significant text value, and for emphatic purposes,
they are commonly in bold style. Moreover, the repetition of a similar structure {b, s}
has a maximal frequency of occurrence in the content block, where s is a text node.

In the HTML specification, the description of one topic may intertwine with the
descriptions of some other topics. For example, the descriptions of two topics in the
HTML source may follow the sequence part1 of topic1, part1 of topic2, part2 of topic1,
part2 of topic2. Thus, the descriptions of both topic1 and topic2 are not contiguous.
However, when they are displayed on a Web browser, they appear contiguous to human
viewers. This leads to a more complicated hierarchical relation hidden inside HTML
DOM: two-dimensional space. The only case of two-dimensional space appearing in
HTML documents is m× n tables.

Table representation could be very complicated as shown in the Figure 6 (a). This
was due to the two specific attributes of <td> nodes: 1) rowspan = i can span the
<td> cell i rows; 2) colspan = j can span the <td> cell j columns. Since these
variations break the convention of hierarchical representation when compared with a
normal HTML table, we need a procedure to recover the normal hierarchies implied by
these span attributes.

Example 42 Figure 6 (a) is a two-dimension space with colspan and rowspan at cells.
To normalize this table, we expend the cells with with colspan and rowspan in columns
and rows firstly, as shown in Figure 6 (b), and then merge the first two rows since they
contain the topic nodes, as shown in Figure 6 (c).

After these complicated tables are normalized, we can reduce the two-dimensional
table to a set of one-dimensional spaces, as shown in Figure 7, and then use the same
approaches developed for one-dimensional space to construct the hierarchies.

5 Semantic Annotation

In this section, we provide an automatic annotation algorithm which is motivated by
the nature of our Transitional DOM. After the content partition and topic aggregation
processes, we have transformed the original HTML DOM into the T-DOM tree where
the document structure is enhanced using topics and blocks. The topic nodes in content
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(a)

(b) (c)

Fig. 6. The process of table normalization.

blocks intuitively act as good annotators that can build the hierarchical relations. Given
highly hierarchical input, most semantic markup can be done quickly using the topic
nodes as the XML elements. For less-hierarchical pages, we can add some text mining
approaches, such as regular expression, to improve annotation accuracy.

5.1 Annotation by Topic Nodes

The semantic annotation is a process of building the XML DOM tree recursively. First,
we give two trees represented by two roots, one for XML DOM the other the HTML
source. In our system, this HTML source is actually the T-DOM we have obtained from
the original HTML source. Then, we decide the types of the HTML root: if it is a leaf
record without child records, we just append it to the XML root and end the process; if
it is a T-DOM block that contains child records but without a specific subject, we keep
the original XML root and send each of the child records iteratively to the beginning
of the algorithm and run the process recursively; if it is a T-DOM topic that contains a
topic node as the first child node, we construct a new XML node according to this topic
node and append it as the child node of the XML root, passing this new XML node as
the new root of XML DOM, as well as each of the other child records of the T-DOM
node to run the algorithm recursively.

An example of the semantic annotation is given in the section of system overview.
Figure 4 shows the mapping from T-DOM to XML DOM, and Figure 6 shows the result
of using topic nodes (like Business & Economy) to conduct the hierarchical structure
and gain the XML output.
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<td><b>Faculty</b> Will, Peter <b>Office Room</b> HC1202 <b>Office Tel.</b> Ext. 4012</td>

<td><b>Faculty</b> Shaw, Erin <b>Office Room</b> HC1225 <b>Office Tel.</b> Ext. 3416</td>

<td><b>Faculty</b> Frank, Martin <b>Office Room</b> HC1240 <b>Office Tel.</b> Ext. 1677</td>

<td><b>Faculty</b> Rogers, Craig <b>Office Room</b> HC1240 <b>Office Tel.</b> Ext. 2208</td>

Fig. 7. Reducing the two-dimensional table to a set of one-dimensional spaces.

5.2 Annotation by Regular Expressions

Given highly hierarchical input, most semantic markup can be done quickly by mapping
the topic nodes to the XML elements. For less-hierarchical pages, we can add some text
mining approaches, such as regular expression, to improve the annotation process.

Regular Expression (RE) is the simplest NLP (Natural Language Processing) tech-
nique that can be used to extract structured data from snippets of unstructured text, such
as time and phone number.

Example 51 A set of street addresses: 1020 Bank St., 512 Oak Blvd., 416 Main St. and
97 Adams Blvd, all start with a pattern (Number + Capitalized Name) and end with
(Blvd.) or (St.).

We refer to the starting and ending patterns together as the regular expression:
<address match = ′′\d?\ s[A-Z].*\s[(Blvd)|(St)].*′′ type = ′′re′′ />

6 Experiments

Based on this system structure, we have implement a web application called “XML
Gateway”1 which can convert any HTML documents into XML files on-the-fly. We use
this prototype system to test our approaches and provide the experimental results.

6.1 Design and Implementation of XML Gateway

XML Gateway has been written in J2EE and implemented on Apache Web Server.
In order to make our extractor easy to use, we implemented it as a web proxy. This
allows an administrator to set up the extractor and provide content extraction services
for a group. The proxy is coupled with a graphical user interface (GUI) to customize its
behavior. The current implementation of the proxy is in Java for cross-platform support.

1 The XML Gateway web application can be reached at http://tao.my-net-space.net/h2x
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Fig. 8. System architecture of the XML Gateway wrapper system.

Figure 8 is the system architecture of “XML Gateway”. There are three sub-systems
under the main-frame of the whole system: Document Retrieving Module, Data Extrac-
tion Module and XSL Templates Factory Module. These sub-systems work together in
two extraction modes ( Expressive and Enhanced extraction). In the expressive mode,
the extraction patterns are retrieved directly from pattern repositories and used for map-
ping XML with the HTML DOM trees. If the extraction patterns are not available or
the old patterns can not extract the right data, the HTML DOM is passed into an en-
hanced mode, where a set of structure and semantic syntheses are processed to find the
extraction patterns.

6.2 Evaluation

Information extraction standards of measurement grew out of Information Retrieval
(IR) metrics of Recall and Precision, but the definitions of these measurements were
altered. In the IE task, recall can be interpreted as a measure of the records that has been
correctly extracted, and precision as a measure of the extracted records that is correct.
Note that the correct record does not mean we have incorrect record on web pages. A
correct record means a meaningful information fraction that can be part of a specific
topic. Both recall and precision are always on the interval [0, 1], their optimum being at
1.0. They are, however, inversely related to each other, meaning that by allowing for a
lower recall you can achieve a higher precision and vice versa.

We selected 20 different style and change period web pages to test our solution and
give the results of average recall is 0.9 and the average precision is 0.92. Throughout
the experimental evaluations, we show that our layout-oriented method leads to a highly
automatic and accurate transformation for the extraction of semi-structured documents
on the web.
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7 Conclusions

Traditional information extraction techniques are based on full-text and treat the web
document as a bag of strings. They either ignore the markup tags or keep them as
delimiters of strings. The limitation of these approaches is that a large part of structural
information, that the authors are trying to indicate by the layout of information, has
been discarded or ignored. For example, <b><a> ... </a></b> and <a><b> ...
</b></a> look the same in a browser but have different DOM structure. Traditional
wrappers construct two different rules for the task which is laborious and inefficient.

Our approach is also less labor-intensive than other approaches that manually or
semi-automatically generate wrappers, and it is generally insensitive to changes in web
pages format. Instead of generating wrappers with respect to specific HTML page con-
tents, we generate wrappers based on recognizable data layouts in HTML semantic
logics. This significant departure from past approaches is a key difference in what we
present here.
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Abstract. This paper proposes a web-based toolkit for web page developers to 
produce functional version of database-driven web systems. Many researchers 
realize the significant difference between the development process of web sys-
tems and conventional software systems. A key difference in web development 
is the clients understood their requirements poorly at the beginning of the pro-
ject. The objective of this toolkit is to achieve rapid software prototyping in 
building web application. This result will shorten the timeframes of the actual 
development process, and developers can produce a functional working system 
with a minimum amount of effort. The functional system not only will help the 
clients to have better understanding of the project requirements, but also articu-
lating other possible solutions to their problems. This paper outlines the devel-
opment of today web applications, and how the toolkit is designed to improve 
the development of web-based information systems. 

1   Introduction 

Since the World Wide Web has increasingly gained acceptance as a medium for in-
formation exchange, the development of WWW applications has become more and 
more important in recent years. With the Internet dominating the development of 
information communication technology, web-based systems solutions are becoming 
increasingly attractive to business community. The major advantages of the Internet-
enabled applications include platform independence and interoperability. As the web 
emerged becoming a global information network, web applications development 
method has transformed from simple static information displaying to dynamic web 
page generating, and now to an in-depth complex functionality of database-driven 
applications. These applications are the solutions to cover the variety of web system 
from the electronic commerce to the information provision as well as the manage-
ment of business-to-business supporting systems. 

In today web development, portal technology has played a significant role in most 
Internet applications systems. A portal is defined as a single, integrated point of ac-
cess to information, applications and people. Portals are largely based on existing 
web application technology and can be categorized into public portals, enterprise 
portals, marketplace portals or specialized portals by according to the users they serve 
and the services they offer. Most current portal server products are Java/J2EE-based. 
The main competitive portals include the Apache Jetspeed Portal Framework, IBM 
WebSphere Portal Server and BEA WebLogic Portal [1]. 
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In recent years, many researchers have realized the significant difference between 
the web system development and conventional software development [2], [3], [4]. 
Researchers recognize that web systems have various unique characteristics that are 
poorly addressed by conventional development practices. These characteristics in-
clude the technical differences and organizational differences. Both differences are 
significant crucial, however a number of organizational characteristics has shown its 
uniqueness in web systems and proven to be possibly more important than character-
istics in the technical differences. Among these factors, the most significant of these 
characteristics is the client uncertainty. They found that in the web system develop-
ment the client having difficulty in articulating the system requirements at the com-
mencement of the project. This is due to the clients’ poor understanding of their own 
needs with respect to the web technology [5]. 

In order to further explore the issues around web development processes and ver-
ify the client uncertainty characteristic, same group of researchers undertook an ex-
tensive set of industry interviews and surveys. The surveys conclude that the clients 
have a strong feeling that they did not understand their own needs. They have an 
initially very poor understanding of their requirements and this evolves during the 
product development. Consequently, this uncertainty characteristic causes the fre-
quency of content or requirement changes as the project being developed; this effect 
dramatically increases the actual costs of the project. In addition, many web projects 
are vision-driven rather than requirements-driven. This again results to an initial lack 
of clarity of the actual system functional requirement. To resolve the client uncer-
tainty in web system, the researchers have propose a generic web development proc-
ess that is both iterative and utilizes design prototypes to assist the client in articulat-
ing possible solutions and thus formulating requirements. Throughout the process 
cycle, developers will repeatedly build prototypes functional system and explore them 
with the client to obtain feedback and distill from this information on the client needs 
[6]. Rapid prototyping in web system can reduce the client uncertainty. Consequently, 
this leads to an increasing importance of the incremental and prototyping approaches. 

A software rapid prototype is a dynamic visual model providing a communication 
tool for customer and developer that are far more effective than either narrative prose 
or static visual models for describing functionality. Prototyping provides clients of a 
proposed application with a physical representation of key parts of the web system 
before system implementation. Developers can use prototyping and iterative process 
development to discover the actual clients needs and their functional requirements at 
very early commencement of the project [7]. This paper proposes a prototyping web 
authoring toolkit that developer can use to create functional system with minimum 
understanding of the system and minimum amount of effort. 

This paper will provide an overview of the web authoring toolkit for web system 
development. The toolkit integrates web technology with database system and in-
cludes a communication module that allows developers and clients to collaborate with 
each other through a chat services and other functions integrated in the web-based 
toolkit using Java technology. This paper will first introduce the proposed toolkit that 
can create functional system with minimum amount of time, and how this will im-
prove the process in web application development. Next, the paper will discuss how 
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the communication tools improve the collaboration among developers and clients. 
After that, the paper will review the toolkit in an iterative development model and 
finally conclude with several advantages gained from using the web authoring toolkit. 

2   Web Authoring Toolkit 

The web authoring toolkit is designed with a three-layers architecture of database-
driven Internet application. The objective is to provide the adaptability, extensibility 
and reusability of today business database structure. The design structure is to pro-
vide the flexibility of data medium and adaptability of the presentation interface. The 
physical database layer is the lowest layer in the architecture, following next the data-
base structure layer and the highest the database connection layer (see figure 1). The 
physical layer is responsible to handle the traditional storage medium such as the 
RDBM database and the XML files. The database structure layer contains objects that 
are responsible for managing the table schema in the database. All high level queries 
are parsed and organized by the run-time objects in this layer. These queries are then 
broken down into simple standard SQL access or storage operation and passed to 
physical layer for execution. Lastly the database connection layer maintains the con-
nection between the application program and the database system. This architecture 
allows the replacement of alternative storage medium in the physical layer with 
minimum of efforts. In addition, it allows flexibility and instant modification of the 
database scheme structure. This design breaks through the traditional fixed or static 
database schema and achieves the aim of flexibility in database structure. In the 
following, the paper will continue to explore these three different layers separately. 

 

 

Fig. 1. Three-layers Design Architecture Structure. 



432      Chee Chern Lim, Man Hing Yu, and Jesse J. Jin 

2.1   Database Connection Layer 

This layer provides the interface allowing the program accessing the database system. 
The DB ($szHost, $szDatabase, $szUser, $szPassword) is the constructor of the inter-
face; it connects to the storage by providing the unique identification. The user can 
request the service by the query ($szQuery, $QID=0). The next_record ($QID=0) 
function can be used to retrieve the query result with the Query ID ($QID). In addi-
tion, this function performs errors checking, prepares the current result row in the 
memory and increases the row counter for operation efficiency. The current_record 
($QID=0) returns the current array of record in the memory, and the result will be 
released from memory when the free ($QID=0) is executed. 

2.2   Database Structure Layer 

The database structure layer is the most important layer because its task is to organize 
the data structure in the database. Each original table structure is represented by my-
Table and myField (see Table 1 and Table 2). Both tables are identified by a unique 
ID: TID and FID respectively. The TID in myField table is a foreign key from the 
myTable table, which allows one table to contain multiple fields. The structure of 
these tables is used to represent the core information in project database schema. The 
combination of these tables achieves very high flexibility in the database structure. 
Each data structure is clearly defined, and allowed any changes in the myField table. 
These two tables are allocated in a separate database due to their frequent high access 
rates. Lastly, the myValue table (see Table 3) contains the actual data storage of all 
the data medium contents. All these values are referenced by the unique primary keys 
TID and FID, which have been defined in the myTable and myField tables. 

Table 1. myTable structure 

TID Auto increment int 
TableName Text 

Table 2. myField structure 

FID Auto increment int 
FieldName Text 
FieldType Text 

Table 3. myValue structure 

TID Int 
FID Int 
Value Blob 

 
For example, table 4 shows the data structure to store information for the entity 

‘Student’. The attributes include the student number, student name and the age of the 
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student. The database structure layer re-represents the same data structure of the ‘Stu-
dent’ in the myTable and myField tables (see Table 5 and Table 6). The unique TID 
and FID are the keys for accessing data values stored in the myValue table (see Table 
7). This design separation resolves the dependency of data values on the data struc-
ture, and achieves a higher flexibility of dynamic data structure in the database sys-
tem. 

Table 4. Original student table values 

StudentNo Name Age 
1001 Alex 20 
1002 Bob 25 
1003 Cathy 30 

Table 5. myTable value 

TID TableName 
1 Student 

Table 6. myField value 

StudentNo FieldName Type 
1 StudentNo Text 
2 Name Text 
3 Age Int 

Table 7. myValue value 

TID FID Value 
1 1 1001 
1 2 Alex 
1 3 20 
1 1 1002 
1 2 Bob 
1 3 25 
1 1 1003 
1 2 Cathy 
1 3 30 

 
From traditional web system development, changes in the data structure will likely 

involve tedious of works and maximum amount of time in order to make the neces-
sary modification from old data structure to the new data structure. It involves the 
changes in the database schema and the actual codes in every database-driven web 
page. This might actually involve many complications for just a very small change in 
the schema. For example, if the previous ‘Student’ data structure requires an extra 
attribute ‘address’, most developers will have to manually change the schema in data-
base and modify every page containing the ‘Student’ entity. However, with the proto-
typing web development approach, developers only require to make the changes in 
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the myField table through the user-friendly web authoring toolkit without any further 
complications. This design approach overcomes the problem in contents changing 
due to client uncertainty at the commencement of project, and eventually provides a 
flexible and dynamic data structure in the web prototyping development process. 

2.3   Physical Database Layer 

Physical database layer provides an adaptive interface between the database structure 
layer and number of different storage mediums. It provides the ability for accessing 
different storage medium. For each storage medium, it has its own way for establish-
ing the connection and own format of querying statement. To allow developers 
switching between different storage mediums, this layer is designed to provide such 
ability with minimum of modifications of several functions in this layer. These are 
the core functions for accessing the storage mediums, and they include the functions 
for establishing a proper connection to storage mediums and the query or execution 
statement for manipulating the data in the medium. With the current approach, the 
database connection layer and database structure layer can remain unchanged, and 
increase the compatibility and extensibility of the entire model. 

3   Collaboration in Web-Based Toolkit 

The web authoring toolkit is designed with a very comprehensive set of communica-
tion component on top of the core web authoring toolkit framework. This communi-
cation module is designed and implemented according to the concept of CSCW 
(Computer Supported Cooperative Work) [8]. Individually, the communication tools 
that the toolkit is designed of have many competitors that are currently in use by the 
corporate community. The collaboration component includes the following features 
sub modules: 

3.1   E-Chat Module 

The E-Chat module is written entirely with core Java and Java applet. The applet had 
to be compatible with Java 1.1.5 so as to work with Microsoft’s default Java VM 
plug-in for Internet Explorer. The objective of this design is to ensure that the applet 
can be run from the most common web browser (i.e. Internet Explorer or Netscape 
Communicator). The online chat system is designed to be easily extendible and con-
figurable no matter what sort of system it is deployed on, with minimal dependencies. 
The server includes a multithreaded object class, which spawns threads when clients 
connect through the Java applet embedded in the dynamic html page. A maximum 
client limit is imposed so as to hinder Denial of Service attacks. This design enables 
the server to handle multiple clients without heavy demand on the system. 

The client’s Java applet is designed to run from any web browsers. It is designed 
in a highly object-oriented behaviour, with the separation between the design patterns 
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in the back-end functions and the front-end graphical user interface. In addition, the 
client and server communicate via TCP socket, which provides reliability and error 
correction in the network environment. Every session is saved in the database system. 
The users may, at a later stage, view the session information and the chat contents in 
each session. Developers and clients can review any previous online chat discussion 
at any time. In the chat module, the system also provides a ‘File Transfer’ function. 
This function allows active user in chat session to send file to other user in the same 
session. In most existing system, users can only exchange files through email. Thus, 
any user without email is not able to communicate with other users. This again shows 
that this toolkit has provided another alternative way for developers and clients to 
communicate in a much efficient way. 

3.2   Electronic Whiteboard 

In order to further improve the collaboration for developers and clients in their devel-
opment process environments, the idea of having the electronic whiteboard is imple-
mented in the web authoring toolkit. The whiteboard allows developers and clients to 
perform drawing on the Internet. They can share ideas, communicate in a graphic 
ways. They can enter text; draw lines, rectangles, scribbling and ovals of any color. 
The whiteboard is designed to have the option of saving the drawing and opening 
previous saved drawing or other standard image files. Again, this greatly improves 
the communication and collaborative group work between the users. This component 
is similar to the E-Chat module, it is be implemented purely in Java, and thus users 
can operate from the standard web browser on any platform. 

3.3   Synchronized Group Web Browsing 

Synchronized group web browsing is the next feature communication tool in the 
toolkit. With the combination of chat and synchronized web browsing, users can be 
notified automatically when anyone joins or leaves the session. The system is just like 
a virtual discussion room and the users in the same session can interact with each 
other. In addition, developers or clients can direct active users’ browser to designated 
page by setting the URL address. Unlike other solutions, by utilizing Java technology 
this module can be directly integrated with the webs without any additional effort. 
Figure 2 shows the interaction between users’ browsers in the virtual discussion 
room. 

Developer ‘Jesse’ creates a new session; client ‘Chee’ joined the developer in the 
chat session. The developer can set a URL address in the chat applet. When a URL is 
set, every developer and client in same session will have browsers displaying the 
contents from the specific URL. Developer can use this tool to demonstrate the func-
tional system on the Internet. Clients can provide online feedback to the developers 
regard the system. This achieves the basic requirements of a virtual collaboration 
work place. However, not many online system supports such feature. The toolkit is 
designed to be one of the few web systems that offer this innovative function. 
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Fig. 2. Developer set URL on the applet. 

4   Toolkit Benefits in an Iterative Web Development 

Software engineering researchers introduce an iterative design model (see figure 3) as 
they realized that software development life cycle phases appear with significant 
overlap in web development. These overlaps are caused by clients having difficulty in 
articulating the system requirements at the commencement of the project. 

 

Fig. 3. An Iterative Design Model Comparison. 

In figure 3, the black line represent the time involved in a web development, and 
the blue line represent the time involved in the same web development with the assis-
tance of the web authoring toolkit. It shows that blue line has more number of phases 
overlap than the black line in the same time frame. This means that the blue line indi-
cates a faster development process. This result is expected since the prototyping web 
authoring toolkit allows developer to create functional system with minimum under-
standing of the system and minimum amount of effort. With the prototyping func-
tional system, clients will be able to understand their needs sooner and provide early 



Rapid Prototyping for Web Applications      437 

feedbacks to the developers. Consequently, less changes of the system will likely to 
occur and the final actual system will be most likely to be completed on time with 
estimated budget and without additional hidden cost. 

 

 

Fig. 4. Interaction Between Developers and Clients. 

Figure 4 shows the collaboration between the developers and clients in the toolkit 
environment. Through the toolkit, developers from group A and group B can develop 
the system concurrently without waiting the tasks completion of neither group such as 
functional modules belongs to database department or the completion of template 
layout belongs to graphic design department. Developers can work individually on 
separate section without interfering each other’s works. In addition, developers can 
still communicate to each other though the sophisticated communication tools. This 
applied to clients as well where clients can provide online instant or offline feedbacks 
to the developers. This not only improves the collaboration work among developers 
themselves, but also improves the communication between the developers and the 
clients. 

5   Conclusion 

This paper introduces a web authoring toolkit for rapid prototype web development. 
The unique characteristics of web development have become the attentions of many 
software engineering researchers. Researchers found that often the client will have 
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difficulty articulating the system requirement at the commencement of web system 
project. Clients are only able to express their needs in term of solutions at the begin-
ning of project, and they are able to formulate the detailed requirements as the system 
is being developed. Consequently, the frequency of client’s requirement changes had 
a surprisingly high correlation. This results a major issue as the hidden cost in web 
application projects are increased significantly. The web authoring toolkit is proposed 
to resolve the problem. The web authoring toolkit provides a fast track design route 
for new web system to be designed and assessed by clients by providing a minimum 
amount of efforts. Developers can create functional web system through rapid proto-
typing development. In addition, the toolkit is embedded with a set of communication 
tools. The communication component is designed according to the concept of CSCW, 
and it improves the collaboration works between developers and clients. Finally, the 
web-authoring tool itself is a web-based application, which is platform independence 
and interoperability, and can be installed on any platform of operating system. 
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Abstract. In this paper, queueing network-based models are proposed to predict 
the performance of composite Web services and make them run in an optimal 
way with limited resources. The models are necessary constituents of reliable 
Web service composition. They are flexible enough to evaluate the performance 
indices of the composite Web services simply by solving some equations rather 
than doing a lot of exhausting experiments. Research shows that our models 
provide an effective way for both running the services optimally with certain 
resources and estimating the growth needs accurately. 

1   Background 

With the boom in the new online economy, more and more e-commerce companies 
put their core business on the Internet in the form of Web services [16]. From a busi-
ness-to-business integration (B2B-integration) point of view, the idea that stands 
behind the Web services paradigm is to make business over the Internet more effec-
tive and reliable [8]. In order for this idea to become reality, certain standards have 
been developed, such as SOAP[w3.org/TR/soap], UDDI[uddi.org], and WSDL 
[w3.org/TR/wsdl]. Besides enabling Web services to realize the idea of effective 
B2B-integration, these technologies promise an ocean of Web services that can be 
invoked remotely using standard XML-based protocols.  

As the number of Web services grows, the competition among the companies be-
comes drastically more and more. In order to survive the massive competition, the 
providers must make their services more attractive with high qualities. Some qualities, 
such as low cost, speed of delivery and so on, determined by managing people are out 
of the scope of technologies. Others, such as less response time, less errors and higher 
availabilities, must owe to technology organizations. If a service does not have suffi-
cient capacity to serve all of its requestors, it will frustrate the requestors with slow 
response time, timeouts, errors and broken links. As a result, the requestors may 
choose to go elsewhere to find other Web services which have better service, higher 
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quality, and faster speed. In e-commerce applications, such service behavior could 
translate to sizable revenue losses. 

The key to the problems mentioned above is capacity planning for the Web ser-
vices before they impact on the business. In other words, an accurate and effective 
way must be found to evaluate the performance before you invest the Web services. 
Research on this area has been limited compared to other issues on Web services such 
as publication, discovery and composition [1, 8, 16]. In this paper, queueing network-
based model are proposed for composite Web service capacity planning. With the 
models, we can measure the performance indices simply by solving some equations 
which avoid doing exhausting experiments and simulations. The factors influencing 
the performance of the composite Web service are also analyzed. Experiments are 
conducted to show the accuracy and efficiency of the model. 

The paper is organized as follows: In Section 2, we will introduce capacity plan-
ning for Web services and queueing network-based modeling briefly. The design and 
validation of queueing network-based models for composite Web service are de-
scribed in Section 3. Section 4 presents one computational algorithm for the models. 
In Section 5, we experiment with a case of composite Web Service and a limited re-
source to show the accuracy and efficiency of our models. Related works are dis-
cussed in Section 6. Finally, we draw our conclusions in Section 7. 

2   Capacity Planning for Web Services   
     and Queueing Network Modeling 

2.1   Capacity Planning for Web Services 

Capacity planning for Web services is the process of measuring the services’ ability to 
serve contents to their requestors in an acceptable time. In other words, Web service 
capacity planning is the process of monitoring and projecting service workload and 
specifying the most effective computing environment to meet future demands given a 
small number of parameters [15]. Given infinite resources, the expected quality of 
service can always be provided, but with limited resources, capacity planning and 
resource management is very useful. 

There are multiple ways to measure the performance of a system. The most com-
monly used performance metrics are response time (R) and throughput (X) [2]. To a 
Web service, the response time is defined as the time interval from a request arriving 
at the service to the instant the corresponding reply begins to appear at the requestor’s 
terminal, and it is determined by two factors: the quality of network transmission, and 
the processing capacity of the service. In this paper, we only consider the processing 
capacity of the service. The quality of network is not within the scope of this paper 
and being extensively studied in literature [3]. The throughput is generally considered 
as a measure of the service’s productivity, that is, the number of requests served suc-
cessfully during the measurement period.  

Besides response time and throughput, some other metrics for the performance of 
Web service are also considered in our models, such as utilization, service rate, the 
length of request queue and so on. Their definitions and influence will be discussed in 
section 3. 
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2.2   Queueing Network Modeling 

Queueing network modeling [15] is a general and widely used analytical modeling 
technique for system performance evaluation. It has been extensively applied to rep-
resent and analyze resource sharing systems, such as production, communication and 
computer systems. A queueing network model is a collection of service centers repre-
senting the system resources that provide service to a collection of customers that 
represent the users. The analysis of the queueing network models consists of evaluat-
ing a set of performance measures, such as resource utilization•throughput and cus-
tomer response time.  

Queueing network models are sets of mathematical formulae that are devised to 
capture the relationships between workload and performance measures. With specific 
parameter values, it is possible to evaluate performance measures of interest by solv-
ing some simple equations. This model can easily be developed since its parameters 
are based on directly measurable quantities, such as the arrival rate, service rate and 
etc. For more elaborate introduction to queueing network modeling, the reader is 
referred to [2,4,5,12,14,15]. 

The use of queueing network models for evaluating the performance of composite 
Web services is justified by many reasons. Fox example, it is straightforward to map 
the request behavior of a Web Service into a queueing network. Web services are 
modeled by service centers and the requestors are modeled by customers. Another 
important reason is that queueing network models have a good balance between a 
relative high accuracy in the performance results and the efficiency in model analysis 
and evaluation [15]. 

3   Queueing Network-Based Models for Composite Web Services 

3.1   Web Services Composition 

Web service composition refers to the process of creating customized services from 
existing services by a process of dynamic discovery, integration and execution of 
those services in a deliberate order to satisfy user requirements [7].  

The formalization of relationships between sub-services in a composite Web ser-
vice has been proposed in [16] and [8] with different methods. We summarize some 
of them as follows: sequence relationship (Si→Sj) means a composite service that 
performs the service Si followed by the service Sj, unordered sequence relationship 
(Si+Sj) means a composite service that performs either the service Si followed by the 
service Sj or Sj followed by Si, alternative relationship (Si//Sj) means a composite 

service that behaves as either service Si or service Sj , and iteration ηSi represents a 
service that performs a certain number of times the service Si. For some other kinds of 
relationship, the reader can see [16,8]. 

3.2   Queueing Network-Based Models for Composite Web Services 

Before modeling, we assume that all the services have infinite buffer for waiting re-
quests and sever the requests with first-come-first-serve (FCFS) model [14], which is 
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extensively applied in Web servers and application servers. Another assumption is, 
for a provider, each Web service only supported on one server.  

First simple queueing system has been proposed to model a single Web service, 
and then we model the composite Web services using a queueing network model by 
extending the queueing systems we built for the single Web services.  

3.2.1   Queueing Systems  for a Single Web Service 
A single Web service model is described by an arrival process of incoming requests, a 
service process, a buffer for holding the waiting requests and a scheduling algorithm 
of the queue, shown in figure 1 (a). We can simplified the model as arrival process, 
the waiting requests and service process by the assumptions given at the beginning of 
section 3.2 . 
 

Definition 1 (Service Rate) Given a time interval ∆T, and the number of requests 
completed successfully at Web service Si within ∆T is c, then the service rate µi is 

c/∆T. Sometimes the service rate is also called throughput or departure rate.  
 

Definition 2 (Queue Length) At certain time, the number of requests waiting in the 
queue is w and being on served is r, then the queue length of service Si is w+r, de-
noted as Qi=w+r. 
 

Definition 3 (Arrival Rate) During the measuring period ∆T, If the number of re-
quests joining in the queue of service Si is a, then the arrival rate λi is a/∆T. 
 

Definition 4 (Stable Service) A service is stable when its service rate µ is not less 
than the arrival rate λ, that is µ≥λ. 

Given a stable Web service with request arrival rate λ and service rateµ, by the 
queueing theory described in [5] we can get the probability of k requests as flows: 

)1()( ρρπ −= kk       0≥k  (1) 

Where ρ=λ/µ. The average queue length is )1/(~ ρρ −=Q , and the average re-

sponse time is )/(1~ λµ −=R . 

Function (1) gives the mathematic model for evaluating the performance indices 
for a single service. By extending the model, we can immediately model a composite 
Web service as a queueing network which is composed with several single queueing 
systems with the relationship we introduced above. 

3.2.2   Queueing Network-Based Models for Composite Web Services 
For a composite Web service, the queueing network model can be seen as some inter-
connected queueing systems for single Web services. The interconnections between 
sub-services form the topology of the queuing network. The topology of a queueing 
network shows the relationships between the services and the movement of the re-
quests among them. In our models, we consider the topology for the Web services 
having relationship shown in figure 1. (b) sequence relationship, (c) iteration of the 
services and (d) compound network topology for the composite Web services.  
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Fig. 1. Topologies of  queueing network for composite Web service. The arrows denote the 
moving direction of requests. (a) the single Web service; (b) the sequence Web services; 
(c)iteration of Web services; (d)compound relationship 

3.2.3   Mathematic Models for Composite Web Service Queueing Network 
Queueing network analysis is based on the definition and analysis of an underlying 
stochastic process that is usually a discrete space continuous time homogeneous 
Markov process [5]. In the composite service queueing network, a state includes a 
Web service and the number of requests in the queue. Consider a network with M 
services, let Qi denote the number of requests in the queue at service i, 

Q={Q1,Q2,…QM}is the queue joint length and π(Q)=π{Q1,Q2,…QM} is the queue 

joint length distribution. Let π denote the state probability vector of the Markov proc-
ess and P its transition rate matrix is defined by the normalized solution of the follow-
ing linear system: 

0=Pπ  (2) 

which is also called system of global balance equations[5]. Performance indices of 
the queueing network can be derived by the state distribution of the process.  

The joint queue length probability π defined by the solution of the associated 
Markov process, given by the linear system (2) has a product form solution [4], as 
follows: 

∏
=

=
M

i
ii QfQV

K
Q

1

)()(1)(π  (3) 

where K is a normalizing constant, Q is the total network population, function V is 

defined in terms of network parameters and if  is a function of state iQ and depends 

on the type of service i , Mi ≤≤1 .  
Equations (2) and (3) can be analyzed by efficient algorithms with a polynomial 

time computational complexity in the number of network components. This class of 
models allows a good balance between a relative high accuracy in the performance 
results and the efficiency in model analysis and evaluation [15]. 

4   Computational Algorithms 

The main advantage of the models we built is product form queueing network which 
has several efficient algorithms been developed for their performance analysis [5]. 
Here we introduce a popular algorithm, Convolution Algorithm, which was proposed 
in [14]. 

Si 

(a) 

Si Sj Sk

(b) 

Si Sj Sk

(c) (d) 

Si

Sj 

Sk
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For a queueing networks the computation of the state distribution π requires the 
evaluation of the normalizing constant K in formula (3). Since 1)( =QV , constant K 

can be defined as ∑ ∏
=

=
n

M

i
ii QfK

1

)( . Direct computation of K as a summation 

over all the feasible states Q of the network would take an exponential time in the 
number of services and request of the network. The Convolution Algorithm avoids 
this direct computation and evaluates K recursively. For a network with M services 
and N requests, let )( nK j

 denote the normalizing constant of the network with 

n requests and the first j services, Mj ≤≤1  and Nn ≤≤0  Then )( NKK M=  

and we can write the recursive relation that is the convolution 

∑
−

=
− −=

1

1
1 )()()(

j

i
jij QnKQfnK  (4) 

where 1)0( =jK . According to the assumption shown at the beginning of section 

3.2, we know that sub-service j  is only supported by one server, thus we simply 

have n
jj Qf ρ=)( . Hence convolution (4) reduces to 

)1()()( 11 −+= −− nKnKnK j
n
jjj ρ    (5) 

Therefore the time computational complexity of evaluating )(NKK M=  

is )(MNO  operations. It is worthwhile noticing that several performance measures 

can be directly evaluated by function MK . For a single provider service j with arrival 
independent service rate , we can write: 

Queue length distribution 

)(/)]1()([)( QKnQKnQKn MMjM
n
jj −−−−= ρρπ  (6.1) 

Average queue length 

∑
=

−=
Q

n
MM

n
jj QKnQKQ

1

)(/)(~ ρ  (6.2) 

Throughput 
)(/)1( QKQKX MMjj −= λ  (6.3) 

Utilization 
jjj XU µ/=  

(6.4) 

However, for a sub-service j with arrival dependent service rate the queue length 
distribution can be written as following )(/)()()( }{ QKnQKnfn MjMjj −= −π , 

where 
}{ jMK −

is the normalizing constant of the entire network except for node j .  

5   Experiments 

From the discussion above, we know that using the queueing network models to 
evaluate the performance metrics is just to solve a set of equations. We can assign the 
resources in an optimal way if the computed metrics are accurate. To verify the flexi-
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bility of the models, we performed some experiments to compare the performance of 
the resource assignment guarded by the optimal results of our models with a random 
method.  

Fig. 2. Transition probability matrix of our example 

We use the example of business trip service which is also appeared in [16]. The 
service contains four sub-services: Airline (Al), Hotel (Ht), Car rental (Cr) and Break-
fast (Bf). Requests move between sub-services in a composite Web service can be 
presented as state machine [9]. Figure 2 shows the transition probability (in percent-
ages) matrix among the stage vector services:  Al, Ht, Cr and Bf. The row vectors 
show the transition probability from one stage to another. For example, the second 
row indicates that the transition prosbilities from Al to the entry, Al, Ht, Cr, Bf and 
leave the composite service are 0%, 5%, 28%, 32%, 5% and 30%, respectively. The 
transition probability shows the possible relationship between sub-services in a com-
posite Web service.   

5.1   Experimental Setup 

The computers we used in our experiments contain four different servers acting as the 
service providers and several clients acting as service requestors. The four servers, 
numbered as1#, 2#, 3# and 4#, are different in the processing abilities which are 120, 
60, 60 and 120 and weighted by the configurations, such as CPU, memory and other 
devices. The clients used in the experiments are several PCs having same configura-
tions. The way a request picks a service is depended on the probabilities given in 
figure 2.  

Firstly, we made an assignment of the servers to the Web services in a random 
way. For example, we assign Al to server 1#, Ht to server 2#, Cr to server 3#, and Bf 
to server 4#, simply presented as {1#.Al, 2#.Ht, 3#.Cr,4#.Bf}, where x#.Y means 
allocating server x# to the service Y. In figure 3, 4, 5, it is called initial state. 

Secondly, we chose the way of allocating resources to the sub-services with the 
least overall average response time by solving the queueing network models. In our 
example, it is observed that {1#.Cr, 2#.Bf, 3#.Al, 4#.Ht} is the optimal policy for 
resource allocating because it has the least overall average response time. So we 
chose it for comparison. In figure 3,4,5, it is called improved state. 

For better comparison, we preferred the performance parameters which are varied 
significantly, such as the overall average response time and throughput of the com-
posite service, as the primary performance metrics for our analysis. We also analyzed 
the distribution of queue length for each sub-service. 

 Entry Al Ht Cr Bf Departure 

Entry 0 43 45 8 4 0 

Al 0 5 28 32 5 30 

Ht 0 16 5 39 10 30 

Cr 0 10 9 6 26 49 

Bf 0 5 6 10 10 70 

Departure 0 0 0 0 0 0 
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5.2   Experimental Results 

It is observed from figure 3 that, the optimal result of queueing network model can 
significantly improve the composite service performance by reducing the overall 
response time. As the arrival rate goes up, the overall average response time of the 
improved state also varies for different arrival rate but is much shorter than those of 
the initial state. We presented the throughput of both assignments in figure 4, from 
which we can see that the throughput of the improved state rises rapidly as arrival rate 
increases, this situation is same to Figure 6 which depicts the overall average response 
time comparison.  

Figure 5 presents the distribution of the queue length at each sub-service under the 
two assignments as the request rate is at 21, 22, 23. >From the figures, we observed 
that in the initial state (on the left side of the figure), the distribution of queue length 
is quite unbalanced. Especially, at Cr and Ht, the queue length is much longer than 
that at other services, which means that in order to be served the requests must wait 
for a long time, This is due to the servers’ abilities are insufficient to provide the ser-
vice for its requests. By contraries, at Al and Bf, the length of queue is very short, 
which means the request served with little waiting. In other words, the server’s ability 
is excessive to serve the requests.  In the improved state (on the right side of figure), 
the length of queue distributes quite fair and is not too long. It is because each service 
is competent for processing its workload. 

Fig. 4. Throughput comparison Fig. 3. Average response time comparison 

Fig. 5.  Comparison of request queue length distribution. The left side is initial state and
the right side is for improved state. 
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6   Related Work 

Although excessive of work on Web service have addressed the composition issues in 
Web services [7,8,9,10,16], the studies on the performance has been limited. Study of 
quality of service (QoS) in network transmission is active in recent years, including 
efforts of building Integrated Services (IntServ) architecture with end-to-end QoS 
guarantee, and Differentiated Service (DiffServ) architecture with alternative levels of 
services provisioning [3]. Bhatti and Friedrich addressed the importance of server 
QoS mechanisms to support tiered service levels [11]. In context of capacity planning, 
[12] provides a model based on bandwidth demands for memory, processors data bus 
and I/O buses. However, network layer QoS is not sufficient in support any Web 
services, especially, the composite Web services. Our research, capacity planning for 
Web services, can be seen as a complement of that area. 

7   Conclusion 

Capacity planning is an important aspect of developing and deploying high quality 
Web services. Proper planning ensures healthy Web services that can grow to meet 
future needs. In this paper, we proposed queueing network-based models for both 
single Web services and composite Web services. By the models, we can evaluate 
performance measures of interest by solving some simple equations. Experiments 
show that the obtained measures help in accurately predicting the performance of 
composite Web services under certain assigned resources and workloads. This is es-
sential for understanding the limitations of composite Web service. With this informa-
tion, one can assess the capacity of the services, maximize its performance and arrive 
at an optimization between the Web services and the resources. In our future work, 
we will research on scheduling services under certain workload considering the rela-
tionship between them. 
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Abstract. Virtual Organizations (VO) consisting of heterogeneous institutions 
and individuals that share resources dynamically and in a coordinated way to 
support collaborative problem-solving are emerging in many fields. Conse-
quently, new types of distributed infrastructures known as Grids have been pro-
posed to cope with these new sharing requirements. Grids offer sets of collec-
tive services to support collaborative tasks which are distributed in nature and 
need asynchronous communication. Existing approaches to this problem lack of 
flexibility, adaptability and are tightly bound to the collective service that is 
provided. We present here a generic event model to build collective services 
that requires no programming, is extensible and can accommodate different 
event vocabularies. An implementation is also described using standard Web 
technologies like Java Servlets, XML, XSLT, and XSQL. 

1   Introduction 

According to Pfister [1] there are in general three ways to improve performance: (i) 
work harder, (ii) work smarter, and (iii) get help. In terms of computing technologies, 
this means respectively (i) using faster hardware, (iii) using more efficient algorithms, 
and (iii) interconnecting processor and memory systems. Grids [3] are new emerging 
massive heterogeneous distributed infrastructures which implement the third ap-
proach. They provide support for the management and exploitation of Virtual Organi-
zations: communities which differ on size, purpose of collaboration, types of re-
sources being shared, and security policies. But all of them have a fundamental com-
mon characteristic: they are all composed by participants that do not necessarily trust 
each other yet want to share resources to fulfill a common goal. 

The architectural components of Grids, their purpose, and interaction models are 
defined in what is know as the Grid Architecture [4]. In this architecture, several lay-
ers deal with the problem of how to interact in a uniform way with any type of shared 
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resource. A defined set of collective services, such as Directory services [5], Data 
replication services [6] or Community authorization services [7] (see [4] for a detailed 
list of collective services), take care of interactions across collections of these re-
sources. Experience shows that such collective services do not scale well if imple-
mented as centralized services [5, 8]. Moreover, if the volume of data to be supported 
by such systems is not negligible then performance may be severely affected. This 
means that with a distributed design in mind coordination requirements arise to allow: 
first, a distributed data repository infrastructure, and second, a loosely-coupled asyn-
chronous communication. This is exactly the model supported by event systems [2]. 

Some illustrating examples where coordination is needed and events model could 
collaborate are: a distributed replica manager keeping consistency among all catalogs 
and coordinating with data movers to perform the most efficient data transfers or a 
monitoring system requiring notifications when exceptions occur on grid resources 
(producers) forwarding them to all interested consumers. Moreover, coordination 
becomes even more complex when trying to integrate core collective services in order 
to build sophisticated grid applications.  

The previous examples impose several requirements that must be taken into ac-
count when defining a suitable coordination model for collective services: 

− Flexible information exchange: across different collective services by passing ei-
ther the entire dataset, or perhaps filtered content to the participating services. Be-
sides, flexibility also means possibility to define domain-specific vocabularies.  

− Integration of data and event models: without loosing flexibility. Most collective 
services are massive data repositories that need to perform asynchronous notifica-
tions to other parties when data manipulation operations occur.  

− Security: real production systems must implement security features so that mali-
cious clients cannot execute attacks against a service or access private information. 

− Adaptability: coordination models are usually implemented at a very low level 
(usually embedded within the middleware. For instance, if one would like to im-
plement a new type of coordination model between Grid Index Information Ser-
vices (GIIS) and Grid Resource Information Services (GRIS) [5] a new version of 
the middleware would be required which does not facilitate deployment and man-
agement in large-scale environments. 

− Architectural Flexibility: collective services adopt specific architectural layouts to 
cope with their specific distribution requirements. Any distributed event layer that 
would impose any type of architectural restriction on how components need to be 
interconnected would not be appropriate.  

We will show in the rest of the paper that we can satisfy all these requirements using 
standard web technologies like XML, XSL transformations, X509 certificates and 
java servlets running on standard web servers. Section 2 defines a distributed event 
model in the context of this technology. Section 3 discusses the main differences our 
approach with respect to other works and, finally, section 4 presents our conclusions 
and future research.  

2   A Distributed Event Model for Xsql Pages 

Performance and interoperability are key factors when thinking about technologies for 
data storage and exchange for collective services. Fortunately, existing and standard 
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database technologies, such as SQL, XML and HTTP cope already with these re-
quirements. There are a wide number of products that address the integration of all 
three SQL, XML and HTTP. Among them, it is particularly interesting for us XSQL 
[10] for several reasons. First, it automates the use of underlying XML technology 
components to interact with relational repositories on the web; second, it can be ex-
tended in a very flexible way to define new behaviors; and third, because it is already 
in use in several Grid projects, such as European Datagrid [9], to prototype access to 
data repositories of some collective services. 

2.1   Event Data Model 

Unlike some XML event descriptions defined in the context of a particular application 
domain (e.g. event descriptions for Grid monitoring applications [11]), our approach 
is generic and does not define a domain specific representation for events. We pro-
pose an XML data model for events that can be extended with domain dependent 
vocabularies to deal with specific information requirements of a given application.  

In our model, an event has a name, a timestamp signaling the moment in which the 
event was produced at its source, and routing information to trace the transformations 
that have been applied to the initial event. This information constitutes the header of a 
primitive event. Additionally, an event has a body containing an XML fragment 
which results from some XSL transformation. An example of event obtained applying 
an XSL transformation to the XML result obtained in the previous section is:  

<?xml version=”1.0”?> 
<EVENT Name=”CoordinateReadEvent”> 
<HEADER> 
 <TIMESTAMP></TIMESTAMP> 
 <ROUTING> 
 <NODE-
url=”http://yourmachine.com/xsql/demo/point.xsql?x- 
 coord=11” transform=”single-point.xsl”/> 
 </ROUTING> 
</HEADER> 
<BODY> 
 <POINT> <X>11</X> <Y>17</Y> </POINT> 
</BODY> 
</EVENT> 

Note that nothing prevents from using an alternative XSL transformation to define, 
for instance, a different type of event called PolyLineReadEvent whose body contains 
all or a subset of the coordinates produced by the query shown in the previous section. 
It is also important to see that we get for free all the expressiveness of XSL to trans-
form any XML fragment produced by any arbitrary XSQL tag (including the user-
defined ones) to produce any type of event structures. The combination of XSL flexi-
bility plus XSQL extensibility results in an endless number of possibilities to define 
specific domain event vocabularies. To do so, each domain just needs to provide its 
collection of XSL pages that define the representation for the events that are relevant 
within the domain. 

To implement this model within XSQL we need to extend the language with a new 
action element <xsql:event-set>. This element will delimit the XML fragment that is 



452      Javier Jaén, Jose H. Canós, and Elena Navarro 

to be transformed into events according to some explicit XSL transformation. Our 
XSQL page would look now as follows: 

<?xml version=”1.0”?> 
<xsql:event-set transform=”single-point.xsl”, 
 post=”http://a.subscription.server/EventPosting”> 
<xsql:query connection="demo" xmlns:xsql="urn:oracle-xsql"> 
 SELECT name, origin 
 FROM location loc 
 WHERE loc.origin.x = {@x-coord} 
</xsql:query> 
</xsql:event-set> 

Behind the scenes, the XSQL page processor looks for action elements from the 
XSQL namespace and for each one found it invokes an appropriate action element 
handler class to process the element. We have implemented a Java handler for the 
<xsql:event-set> action element named XSQLEventSetHandler which is invoked 
every time such an action element is found in an XSQL page. This handler takes as 
input the root node of the DOM document fragment resulting from processing the 
internal XSQL action elements (in our example, the XML document produced by our 
query), then applies the XSL transformation defined in its “transform” attribute, and 
finally sends the result (a collection of events represented as XML documents) to an 
external entity or service in charge of handling subscriptions and notifications of 
events. Of course, by doing so, we are able to integrate external event services, but the 
ultimate reason for this last step is that we achieve better scalability by separating 
both processes: event generation and event notification. 

2.2   Event Notification Model 

So far we have described a collection of data servers that are able to generate event 
instances in a powerful way, but obviously this is only useful if it serves as an integra-
tion mechanism in a many-to-many communication schema. Thus, there must be 
parties (which can be other data servers or even end-users) that must express their 
interest in certain types of events (event selection) so that whenever such an event is 
published a notification is received (notification delivery) by all interested parties. So, 
the primary challenge of an event notification model is to define the mechanisms by 
which those two processes take place. 

Event Selection 
One of the key aspects that characterize an event selection model is the expressive-
ness of the language used for subscriptions. As pointed out in [12], there are two fac-
tors that influence expressiveness: the visibility that a subscription has on the contents 
of events (Scope), and the number of operators that can be used in forming subscrip-
tions predicates (Power). There are certainly very powerful formal languages and 
inference engines that would be capable of expressing highly complex selection ex-
pressions over events attributes. However, the more powerful the language is for ex-
pressing filters, the less efficient it is the delivery of events in a highly distributed 
environment [12]. Learning from this lesson, we should look for a language with the 
following properties: unlimited scope (i.e. the internals of events should be visible in 
the language), limited power (restricting the number of operators and valid expres-
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sions), and homogeneity with the event description language (so that filters can be 
easily expressed in terms of events expressions). Having these properties in mind we 
have decided to define filters in terms of XPath [13] expressions that will be evalu-
ated against the events represented as XML documents. XPath expressions are a stan-
dard way of addressing parts of an XML document that can also be used for match-
ing. These matching facilities may be used for filtering purposes by defining XPath 
expressions that match XML events containing a particular node. To illustrate our 
approach, two examples of filtering expressions that can be obtained with such a lan-
guage are shown here: a filter matching every CoordinateReadEvent event (regardless 
of its content), and a filter matching FlightArrivalEvent events related to flights oper-
ated by Iberia arriving either from Valencia or Barcelona: 

<FILTER expr=”/[@Name=’CoordinateReadEvent’]”/> 
<FILTER expr=”/[@Name=’FlightArrivalEvent’]| 
/BODY/[AIRLINE=’Iberia’]| /BODY/[ORIGIN=’VLC’ or ORIGIN= 
’BCN’ ”/> 

Basically, events are evaluated against such XPath expressions; if the evaluation 
process results in a non empty set of sub-nodes, then the event is considered as match-
ing the corresponding filter. A detailed description of possible XPath expressions is 
out of the scope of this paper, but we claim that the expressiveness of this language is 
powerful enough to define complex filtering mechanisms. 

Event Subscription 
Filters, however, are not the only components needed to describe subscriptions; some 
parameters characterizing the requester and the delivery are also critical: the identity 
of the client that will get the notification, the physical handlers to process all notifica-
tions for a given client1, the number of retries in case of handler unavailability, and 
the policy to be enforced when delivery finally fails. These delivery requirements are 
expressed as part of a subscription as an XML document as follows: 

<SUBSCRIBE> 
<HANDLER url=http://.../handler.xsql> 
 <RETRY number=10 every=100000 backup=store></RETRY> 
</HANDLER> 
<HANDLER url=tcp://mymachine:40000> 
 <RETRY number=3 every=1000 backup=discard></RETRY> 
</HANDLER> 
<FILTER>...</FILTER> 
</SUBSCRIBE> 

In the previous example, events that are matched with the specified filter will be 
notified to a client having two handlers. The first one is an XSQL based handler that 
will receive the XML description of the event as an input. This information will be 
used as an input during the processing of the invoked XSQL page (see [10] for more 
information on processing input XML documents in XSQL pages). In the second 
case, the XML stream is delivered to a given TCP port making the delivery process 
flexible to accommodate new protocols. Notice that other protocols could be speci-
fied. Every subscription has an associated identifier (a 64 byte UUID identifier like 
the ones used in JXTA [14] to uniquely identify peers). This UUID can be used by the 

                                                           
1  Note that separating client identities and physical handlers allows for client mobility. 
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client to unsubscribe notifications for a given handler, or alternatively for all handlers 
if no handler is specified. This is expressed as well in XML as follows: 

<UNSUBSCRIBE ID= 1448769379829432795L> 
<HANDLER url=http://.../handler.xsql> 
</UNSUBSCRIBE> 

Once the language for describing (un)subscriptions has been presented, we will 
elaborate on how they are handled within our XSQL based implementation. An 
XSQL server that is able to process subscriptions must provide a collection of XSQL 
pages for this purpose. In order to do this, we have created a new XSQL action ele-
ment called <xsql-subscription>. Such a page looks quite simple: 

<?xml version=”1.0”?> 
<xsql:subscription type={@type}> 
</xsql:subscription> 

Any client with the intention to un/subscribe just has to invoke such a page and 
present the XML document describing the un/subscription : 

http://.../xsql/subscription.xsql?type=unsubscribe 
http://.../xsql/subscription.xsql?type=subscribe 

The handler associated to such action element (XSQLSubscriptionHandler) takes 
the request, processes the incoming XML un/subscription document and returns an 
XML document containing the result of the request: 

<SUBSCRIPTION  type=”subscribe” status=”OK” code=0> 
 <Identifier>1448769379829432795L </Identifier> 
</SUBSCRIPTION> 
<SUBSCRIPTION  type=”unsubscribe” status=”ERROR” code=10> 
<Message> The unsubscription identifier  
  1448769379829432795L is invalid 
</Message> 
</SUBSCRIPTION> 

The mechanism described here requires proper authentication of the requesting cli-
ents. In order to comply with this important requirement, we have already defined a 
security model for XSQL severs based on X509 certificates[15], but the details are 
outside the scope of this paper. 

Notification Delivery 
Notification delivery strategies vary in complexity depending on the type of service to 
be built. Clearly, a generic distributed notification service, where clients interact lo-
cally with a single server but are eligible to receive notifications of events published 
in other remote servers, is the most difficult problem. As pointed out in [12] the inter-
connection topology of servers, the routing algorithm and the processing strategy to 
optimize message traffic are the three critical design issues. A solution to this problem 
based on covering relations among filters is proposed in SIENA [12], a wide-area 
notification service that takes into account scalability issues to support a big number 
of subscribers. 

Grid collective services, however, are usually distributed systems with a potentially 
large number of publishers but a reduced number of event subscribers. In other words, 
we are interested in connecting asynchronously a reduced number of data servers that 
hold a big amount of information. Therefore, given that these systems are data-
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intensive, the number of events to be communicated may be potentially enormous, but 
the number of interested parties on those events will usually be much lower. Having 
this in mind, it was not so critical for this work to build a generic distributed notifica-
tion service, rather to find a flexible way to interconnect asynchronously data servers 
and a flexible mechanism to generate domain specific event vocabularies. Neverthe-
less, as pointed out earlier, filters as defined in this paper satisfy certain covering 
relations like the one presented in [12]. This means that our model could be used to 
implement a generic notification service by adding the processing algorithms pro-
posed there to our XSQLSubscriptionHandler class. For this early implementation of 
our model we evaluate and match subscriptions locally within each server and notify 
events to the handlers associated with the matched filters. Note that we allow handlers 
to be other XSQL servers that can also act as subscription handlers for other clients. 
This way we can still achieve reasonable scalability with networks of XSQL subscrip-
tion handlers. 

3   Related Works 

In the last few years, models, languages and middleware for coordination have been 
proposed in which XML-based technology or security issues play a central role. Nev-
ertheless, not many proposals deal jointly with both issues as shown next.  

LIME[16] offers strong support for coordination in ad-hoc networks, where com-
putational units are mobile entities. This model addresses both logical and physical 
mobility, i.e. agents or physical devices. Each unit has its own tuple space whose 
behaviour can be programmed, similar to MARS-X but more restricted because it 
provides better control over the accesses. The coordination among co-located entities 
is allowed by automatically merging their tuple spaces. Security enforcement is 
achieved by implementing authentication, cryptography, and access control in the 
underlying middleware. However, it disregards any interoperability issues. 

TuCSoN[17] defines a coordination model based on logic tuple spaces, called tuple 
centres, associated and developed for the coordination of knowledge-oriented mobile 
agents. These tuple centres are programmable to provide a behaviour specified by the 
interaction rules. Furthermore, access control policies, such as authentication and 
authorization, have been implemented on these tuple centres. However, some prob-
lems arise regarding interoperability.  

Finally, event-driven systems such as SIENA, Gryphon, Elvin and JEDI although 
providing mechanisms for wide-area notifications do not provide security mecha-
nisms that scale with the potentially vast number of grid users in a V.O. and do not 
provide flexible mechanisms to accommodate new event vocabularies with negligible 
programming efforts. 

The main advantage exhibited by our approach with respect to the others shown 
above is its ability to deal with interoperability by using standard protocols and ser-
vices which makes it really simple to deploy a shared space. Since coordination is 
XML-based no special adding is needed to the involved nodes. Furthermore, security 
enforcement is accomplished by standard technologies that allow us not only to define 
authorization policies but also deal with authentication, privacy and integrity. Besides, 
the mechanism for defining access policies is scalable with the number of potential 
processes that may access a shared space. 
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4   Conclusions and Future Work 

In this paper we have presented our work on a distributed event model for grid collec-
tive services. These systems are usually data intensive distributed repositories that 
need asynchronous communication. Existing solutions to this problem propose asyn-
chronous communication layers which are domain dependent (the vocabulary for 
events is previously fixed) and whose implementation is tightly bound to the middle-
ware providing the collective service. These approaches clearly lack flexibility and do 
not take advantage of a generic event model that is extensible. Our approach, how-
ever, proposes a flexible mechanism based on XSL transformations to define event 
languages, integrates easily data manipulation with event production by means of 
XSQL pages, requires no programming, provides a security layer, and its implementa-
tion uses technologies that are free and in most cases open sourced. All these features 
make our model suitable for deployment in real production grid projects. Our future 
work will implement a grid collective service for navigation of distributed RDF 
graphs which is auto-adaptive and copes with distributed modifications by multiple 
stakeholders. We also want to explore the applicability of our model to implement 
distributed workflow management systems for multi-enterprise process management 
and filtering based added-value services for digital libraries. 
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Peep Küngas1, Jinghai Rao1, and Mihhail Matskin2

1 Norwegian University of Science and Technology
Department of Computer and Information Science

Trondheim, Norway
{peep,jinghai}@idi.ntnu.no

2 Royal Institute of Technology
Department of Microelectronics and Information Technology

Kista, Sweden
misha@imit.kth.se

Abstract. This paper presents an architecture and a methodology for
agent-based Web service discovery and composition. We assume that
Web services are described with declarative specifications like DAML-S.
Based on the declarative information about services, symbolic reason-
ing can be applied while searching for or composing automatically new
services.
We propose that symbolic agent negotiation could be used for dynamic
Web service discovery and composition. Symbolic negotiation, as we con-
sider it here, is a mixture of distributed planning and information ex-
change. Therefore, by using symbolic negotiation for automated service
composition, we support information collection and integration during
service composition. The latter aspect has been largely neglected in au-
tomated service composition until now.

1 Introduction

Several initiatives in Web services provide platforms and languages that should
allow easy integration of heterogeneous systems. In particular, such standards
as UDDI, WSDL, SOAP and a part of DAML-S ontology define standard ways
for service discovery, description and invocation. Some other initiatives such
as BPEL4WS and DAML-S ServiceModel, are focused on representing service
composition where flow of a process and bindings between services are known a
priori.

The ability to efficiently select and integrate inter-organisational and het-
erogeneous Web services at runtime is an important requirement to the Web
service provision. In particular, if no single Web service can satisfy the func-
tionality required by a user, there should be a possibility to combine existing
services together in order to fulfill the request. A challenge is that Web services
can be created and updated on the fly and it may be beyond human capabili-
ties to analyze the required services and compose them manually. As a result,
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the service composition becomes a complex problem, which definitely cannot be
solved without some degree of automation.

Several articles address automatic composition of Web services [10, 13, 14,
16]. However, they all require existence of a central directory of Web service
specifications, which contrast largely to the dynamic nature of the Web. In the
Web the set of available services changes rapidly – new services are created,
old ones are modified or removed. Keeping track of all these changes is a huge
burden for a centralised directory. Some essential issues in decentralised Web
service provision have been addressed by Papazoglou et al [11].

Another disadvantage of a centralised approach is that it only allows service
requesters to locate services, while service providers lack an ability to attract
potential customers. The agent-based architecture we propose here gives service
providers a more proactive role in the service composition process. Our service
provision architecture is based on the multi-agent system AGORA [8], which
provides an infrastructure, where service providers and requesters can meet with
each-other.

We propose that symbolic agent negotiation could be used as a mechanism
for discovering available Web services and composing new ones automatically. If
no service, satisfying user’s requirements, is found, symbolic negotiation between
agents is initiated and a new composite Web service is constructed dynamically.
We take advantage of symbolic negotiation framework described by Küngas and
Matskin [4, 5], where linear logic [3] (LL) is applied to agent negotiation.

The work presented in this article is closely related to framework in [12],
where LL theorem proving is applied for automated Web service synthesis in a
centralised manner. In this article we go beyond the centralised approach and
propose how to take advantage of intelligent agent technologies for distributed
Web service composition. We assume that service descriptions have been al-
ready translated into LL formalism. Therefore we do not describe mapping from
DAML-S to LL formulae.

The rest of the paper is organised as follows. In Section 2 we give a general
description of the system architecture. Section 3 formalises symbolic negotiation
for agent systems. Section 4 demonstrates usage of symbolic negotiation for Web
service composition. Section 5 reviews the related work and Section 6 concludes
the paper.

2 The System Architecture

The AGORA multi-agent environment [8] was developed with the intention to
support cooperative work between agents. The system consists of 2 types of
components (nodes) – agents and agoras. Agoras are cooperative nodes which
facilitate agent communication, coordination and negotiation. Moreover, agoras
encapsulate a method for (partial) service composition. An agora node contains
default agents and registered agents. In our scenario, the default agents are Agora
Manager and Negotiator. Agora Manager implements general agora functions,
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such as service matchmaking and agent/service registration, while Negotiator
applies symbolic negotiation.

Service matchmaking basically involves finding an atomic service, which sat-
isfies agent requirements for a service. Negotiator applies symbolic negotiation
for composing new services automatically. Negotiation is applied, if Agora Man-
ager failed to find an atomic service satisfying agents’ requirements.

Service provider agents register their services at specific agoras according to
their service domains. For example agents providing services for selling, buy-
ing and managing hardware register themselves and available services at agoras
devoted to hardware. Specific agoras may represent also coalitions of service
providers.

Service requester agents, however, register requests for services at the central
agora. Then the central agora negotiates with specific agoras to find services
satisfying requester agents’ requirements. The central agora also mediates infor-
mation exchange between different requester agents. Moreover, the central agora
might also form requester agent coalitions, if it is needed for certain services. It
may happen for instance that a (composite) service requires input from more
that one service requester agent. Our system architecture is depicted in Fig. 1.
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Fig. 1. The system architecture.

A specific service composition architecture can be specified through refine-
ment and instantiation of the generic architecture described above. An instance
of the generic architecture is elaborated in Section 4 and depicted in Fig. 3.

Fig. 2 presents the proposed interaction protocol in Agent UML notation.
This protocol uses the FIPA (The Foundation for Intelligent Physical Agents)
reserved communicative acts, allowing thus interoperability with other FIPA
compliant agent systems. The agent interaction process is summarised in the
following.

The central agora is a search control point for requester agents’ queries.
Specific agoras are cooperative nodes gathering agents who provide the same
sort of services. Specific agoras register themselves to the central agora. After
receiving the registration request from a service provider agent, the central agora
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Fig. 2. The interaction protocol.

locates a specific agora where the service provider could register itself. In our
case, the service providers registered to the same specific agora provide services
in the same domain.

Service requester agents register themselves to the central agora. Addition-
ally they publish their requirements in a declarative language. After that the
central agora tries to locate an atomic service satisfying the requirements. How-
ever, if no suitable atomic service is found, symbolic negotiation is initiated.
During symbolic negotiation the central agora contacts specific agoras to receive
a composite service for satisfying the particular requirements.

It might happen that services from different agoras are needed for a com-
position. In that case the central agora receives a partial composition from one
specific agora and forwards it to another specific agora for further composition.
The process is called symbolic negotiation – the central agora negotiates with
specific agoras to compose a solution for a service requester agent. Finally a com-
posite service is constructed and returned to the requester agent, who initiated
the symbolic negotiation.

3 Symbolic Negotiation

In this section we present formal foundations of symbolic agent negotiation as it
was proposed in [4, 5]. Symbolic negotiation is generally defined as an interactive
process involving partial deduction (PD) and agent communication. Through-
out this paper we consider PD only for propositional LL, since Web services
in DAML-S can be represented in a propositional LL fragment. However, the
extension in [5] allows usage of first-order LL as well for symbolic negotiation.
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For representing symbolic negotiation we consider !Horn fragment of LL
(HLL) consisting of multiplicative conjunction (⊗), linear implication (�) and
“of course” operator (!). From symbolic negotiation point of view the logical ex-
pression A � C means that an agent can provide A and requires C. ! represents
unbounded access to resources. Thus !A means that resource A can be used as
many times as needed. To increase the expressiveness of formulae, we are using
in the following abbreviation an = a ⊗ . . . ⊗ a

︸ ︷︷ ︸

n

, for n ≥ 0, with the degenerate

case a0 = 1.
An agent is presented with the following LL sequent Γ ; S � G, where Γ is a

set of extralogical LL axioms representing agent’s capabilities (services), S is the
initial state and G is the goal state of an agent. Both S and G are multiplicative
conjunctions of literals. Every element of Γ has the form � I � O, where I and
O are formulae in conjunctive normal form which are, respectively, consumed
and generated when a particular capability is applied. It has to be mentioned
that a capability can be applied only, if conjuncts in I form a subset of conjuncts
in S.

Messages are defined with the tuple (idreq ,S ,R,O), where idreq , S, R and
O denote respectively message identifier, sender, receiver and offer. Message
identifier is needed to keep track of different negotiations. Sender and receiver
are identifiers of participating agents and offer is represented with a LL sequent
in form A � B, where A and B are multiplicative conjunctions of literals.

In [4] PD steps Rb(Li) and Rf (Li) were defined for back- and forward chain-
ing:

S � B ⊗ C
S � A ⊗ C

Rb(Li)
A ⊗ C � G
B ⊗ C � G

Rf (Li)

Li in the inference figures is a labelling of a particular LL axiom representing
an agent’s capability (computability clause in PD) in the form � B �Li A.
Rf (Li) and Rb(Li) apply clause Li to move the initial state towards the goal
state or the other way around. A, B and C are formulae in HLL.

4 An Example

In this section we demonstrate the usage of symbolic negotiation in distributed
service composition. Before we start the example, we have to emphasize two as-
sumptions. First, we assume the users use standard Web service languages, e.g.
DAML-S to specify the Web services. The logical formulas used in the exam-
ple can be translated from DAML-S by the method introduced in [12]. Second,
the Web services here include both information-gathering services and world-
altering services. DAML-S has capability to distinguish the two kinds of ser-
vices [10]. In general, the “input” and “output” properties provide information
about dataflow, while the “precondition” and “effect” properties tell what the
Web service actually does. Hence the Web service in the example not only can
present the information flow, but also can indicate the exchange of the goods,
such as CD player and books.
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Fig. 3. The example architecture.

The particular system architecture and its components are depicted in Fig. 3.
In our scenario we have two requester agents – R1 and R2. The goal of R1 is
to listen a music (Music). Initially R1 has a book (Book ), a broken CD player
(BrokenCDPlayer ) and 5 dollars (Dollar 5). Goals, resources and capabilities of
R1 are described in LL with the following formulae.

GR1 = {Music}, SR1 = {Book ⊗ BrokenCDPlayer ⊗ Dollar5 }, ΓR1 = ∅.

Another query agent R2 is looking for a book (Book ) and is in possession
of 10 dollars (Dollar 10). Goals, resources and capabilities of the query agent R2

are described in LL with the following formulae.

GR2 = {Book}, SR2 = {Dollar10}, ΓR2 = ∅.

In addition we have several service provider agents. However, since they
published their services through particular agoras and these agoras take care
of advertising the services, we do not list here the internal states of the ser-
vice provider agents. Instead we present the internal states of agoras. Although
agoras may have their own resources and goals, which determine their policies,
we consider here only a simple case, where agoras take advantage of registered
services/capabilities only.

According to the literals service providers can “produce”, the providers are
aggregated into two agoras – one for music and another for electrical appli-
ances. In the Music Agora M, three agents, MusicProvider , CDProvider and
MP3Provider , can provide services related to music. Services playCD and
playMP3 provide respectively knowledge about requirements for playing CD-s
and MP3-s. Services buyMP3 and buyCD provide means for ordering particular
music media.

ΓM =

�MusicProvider CD ⊗ CDPlayer �playCD Music,
�MusicProvider MP3 ⊗ MP3Player �playMP3 Music,
�CDProvider Dollar5 �buyCD CD ,
�MP3Provider Dollar3 �buyMP3 MP3 .
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The agora E is an aggregation of the agents who can provide electrical ap-
pliances. It only advertises one service repair from agent Repairer . The service
description declares that the agent can repair a CD player by charging 10 dollars.

ΓE = �Repairer Dollar10 ⊗ BrokenCDPlayer �repair CDPlayer .

Let us look now how symbolic negotiation is applied for constructing dynam-
ically services, which satisfy users’ goals. Initially the query agent R1 sends out
a query to agora M for finding a service satisfying its requirements:

(o1 ,R1 ,M,Book ⊗ BrokenCDPlayer ⊗ Dollar5 � Music).

The query would be satisfied by a service

� Book ⊗ BrokenCDPlayer ⊗ Dollar5 � Music.

Unfortunately the service requirement is too specific and no matching service
is found. However, agora M modifies the received offer and sends back the
following offers:

(o2 ,M,R1 ,Book ⊗ BrokenCDPlayer � CDPlayer)

and

(o3 ,M,R1 ,Book ⊗ BrokenCDPlayer ⊗ Dollar2 � MP3Player),

which were deduced through PD in the following way:

Book ⊗ BrokenCDPlayer � CDPlayer

Book ⊗ BrokenCDPlayer ⊗ Dollar5 � Dollar5 ⊗ CDPlayer
normalise

Book ⊗ BrokenCDPlayer ⊗ Dollar5 � CD ⊗ CDPlayer
Rb(buyCD)

Book ⊗ BrokenCDPlayer ⊗ Dollar5 � Music
Rb(playCD)

Book ⊗ BrokenCDPlayer ⊗ Dollar2 � MP3Player

Book ⊗ BrokenCDPlayer ⊗ Dollar5 � Dollar3 ⊗ MP3Player
normalise

Book ⊗ BrokenCDPlayer ⊗ Dollar5 � MP3 ⊗ MP3Player
Rb(buyMP3 )

Book ⊗ BrokenCDPlayer ⊗ Dollar5 � Music
Rb(playMP3 )

where normalise is another LL inference figure, which reduces the number of
literals from a particular sequent:

A � A
Id

B � C

B, A � C ⊗ A
R⊗

B ⊗ A � C ⊗ A
L⊗

Agent R1 chooses the offer o2 and forwards it to the electrical appliance
agora E :

(o4 ,R1 , E ,Book ⊗ BrokenCDPlayer � CDPlayer).

Agora E modifies the offer further and ends up with the following counteroffer:

(o5 , E ,R1 ,Book � Dollar10 ),
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which was derived in the following way:

Book � Dollar10

Book ⊗ BrokenCDPlayer � Dollar10 ⊗ BrokenCDPlayer
normalise

Book ⊗ BrokenCDPlayer � CDPlayer
Rb(repair)

Since no service provider can produce the Dollar literal, the message is sent
to the central Agora, which has an overview of requester agents’ requirements.
Fortunately, it turns out that agents R1 and R2 can satisfy mutually their re-
quirements such that requester R1 gets 10 dollars and requester R2 gets a book.
The resulting service composition can be translated to a process description lan-
guages like DAML-S process model or BPEL4WS. The exact translation process
is described in another paper and is not covered here.

5 Related Work

Gibbins et al [2] demonstrated, through an implementation, the usage of DAML-
S Web service descriptions within agents. Their agents embody DAML-S descrip-
tions of Web services and agent communication is managed through FIPA ACL.

Another step towards incorporating Web services into agents is proposed
by Ardissono et al [1]. Their main contribution is support for more rigorous
Web service execution protocols compared to currently prevalent 2-step protocols
(sending input data and then collecting results). We go beyond that approach by
allowing a server agent to compose a sequence of action for a service consumer
such that a required sequence of service command executions is constructed
automatically at server side and the consumer can provide all details once.

In [10] a modification of Golog [6] programming language is used for auto-
matic construction of Web services. It is argued there that Golog provides a
natural formalism for automatically composing services on the Semantic Web.
Golog has been enriched with some extralogical constructions like if, while, etc.

Waldinger [15] proposes initial ideas for another deductive approach. The
approach is based on automated deduction and program synthesis and has its
roots to work presented in [7]. First available services and user requirements
are described with a first-order language, related to classical logic, and then
constructive proofs are generated with Snark theorem prover.

In [16] SHOP2 planner is applied for automatic composition of DAML-S
services. Other planners for automatic Web service construction include [13, 9].
Thakkar et al. [14] consider dynamic composition of Web services using mediator
agent architecture. The mediator takes care of user queries, generates wrappers
around information services and constructs a service integration plan.

6 Conclusions and Further Work

In this paper we described an agent architecture for automatic composition
of Web services. Agent-specific aspects provide Web service composition with
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proactivity, reactivity, social ability and autonomy, while usage of DAML-S,
FIPA ACL and application domain specific ontologies provide a standardised
medium for Web service deployment. Usage of DAML-S allows publishing seman-
tically enriched specifications of Web services and thus fits well to the Semantic
Web initiative, where both Web services and data are labelled with semantic
information.

Given that services are represented in DAML-S, they are translated to LL
formulae for internal agent reasoning. Given such representation, agents can
employ symbolic agent negotiation for composing new Web services according
to their requirements. This approach leads to distributed composition of Web
services.

We have implemented a symbolic negotiation framework, which exploits an
AI planner called RAPS for symbolic reasoning and automated Web service
composition. Additionally we have developed a tool for automatically composing
Web services whose descriptions are given in DAML-S. The system applies RAPS
planner for centralised Web service composition. Further work would concentrate
to the evaluation of decentralised Web service composition. Additionally, we
would like to extend our method for service composition to exploit also business
models, which specify additional relationships between services.
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Abstract. Adapted from the concept of views in databases, workflow views are
derived form workflows as a fundamental support for workflow inter-operability
and visibility by external parties in a web services environment. However, be-
cause of the implementation difficulties of views in OODB systems, it is tough to
realize workflow views in objected-oriented workflow management systems (OO
WFMS). In this paper, we adopt the object deputy model to support the realiza-
tion of workflow views in OO WFMS. The detailed definitions are given based
on a reference model of an OO WFMS, namely ADOME-WFMS. Furthermore,
we introduce E-ADOME, which enables the implementation of workflow views
in the web services environment.

1 Introduction

Workflow views [8] are derived form workflows as the fundamental support for work-
flow inter-operability and visibility by external parties [9][7]. The components of a
workflow view include the process flow graph, input/output parameters, objects, rules,
events, exceptions and exception handlers, which are also contained in a workflow.
Hence, workflow view encloses the information about business process structure and
contents. Based on specific business collaboration, a company may derive a correspond-
ing workflow view based on the local workflow system. Such a workflow view includes
all the necessary information of the company for this business. It can be used as the
interaction interface in a business transaction which is carried out with external parties.

Meanwhile, the need for enhanced flexibility of workflow modeling and execution,
and the integration of applications in heterogeneous environments emerged in the work-
flow context, make the object-oriented workflow management systems (OO WFMSs)
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one of the promising topics in this area [17][11][18][16]. The OO technology offers
WFMSs the power of reusability, flexibility, scalability and persistency. However, ob-
jects views, roles and migration are always the difficult issues in an OO database, which
makes workflow views hard to realize in OO WFMSs.

In this paper, we adopt the object deputy model [10] to implement workflow views
in an OO WFMS. Based on ADOME-WFMS [6], a reference model of OO WFMSs,
we specify the components of workflow views, in addition to defining three kinds of
workflow views. The resultant OO WFMS is further extended to E-ADOME, which
supports the implementation of workflow views in the web services environment.

The remainder of the paper is organized as follows. Section 2 introduces the back-
ground of the workflow view and the object deputy model. Section 3 discusses the
workflow object model used in this work. Section 4 defines the workflow views via the
object deputy model. Section 5 introduces the E-ADOME and the functions of its each
layer. Section 6 compares the works related to this paper and Section 7 concludes the
paper with plans for further research.

2 Background

2.1 Workflow View

Motivated by views of databases, [8] proposed the use of workflow views as a funda-
mental mechanism for cross-organizational workflow interaction. A workflow includes
a flow graph of activities and a set of input/output messages. A workflow view is a
structurally correct subset of a workflow. The use of workflow views facilitates sophis-
ticated interactions among workflow management systems (WFMSs) and allows these
interactions to inter-operate in a gray box mode (i.e., they can access each other’s in-
ternal information to some extent). The artifact of workflow views is therefore a handy
mechanism to enact and enforce cross-organizational inter-operability over the Internet.
In addition, workflow views are useful in providing access to business processes for ex-
ternal customers or users, including B2C e-commerce. Even within an organization,
workflow views are useful for security applications, such as to restrict the access to a
workflow system (resembling the use of views in databases). A meta-model of work-
flow views in UML class diagram is shown in Figure 1, illustrating their components
and relations.

WorkflowView Role* 1..*

*

Organization

1..*

1
1

1 *

*

*
*

1
subset

* accesses

plays

Message

user_access:
{input,output}

input

output

*

Transition

Activity

Workflow

*

Fig. 1. Workflow View Meta-Model.
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Motivated by various situations relating to an e-commerce environment, some rep-
resentative types of workflow views are illustrated in Figure 2. A workflow restriction
view is a structurally correct subset of a workflow definition. As shown in Figure 2,
there are two specialized view types underneath: Structural Transparency View and In-
teraction View. A Structural Transparency View is for determining whether the internal
details of a workflow are visible by a user, i.e., whether the workflow appears to be a
black box (totally invisible), a white box (totally visible) or a grey box (partially visi-
ble). Often, security views and authorization views are based on structural transparency
views. An Interaction View is the appearance of the workflow to an external user or
agent to interact with the workflow. It is the subset of processes that has interaction
with the user or agent. A workflow composition view is a virtual workflow composed
of components from different workflows, which may span across organizational bound-
aries.

Workflow
View

Restriction
View

Composition
View

Structural
Transparency

View

Interaction
View

Data Object
View

Execution
View

Security
View

Authoriza-
tion View

Fig. 2. A Taxonomy of Workflow Views.

2.2 Object Deputy Model

The object deputy model [10] via definition of deputy objects and deputy classes suc-
cessfully overcomes the disadvantages of traditional object-oriented data models. A
deputy object has its own persistent identifier, and may have additional attributes and
methods that are not derived from its source objects(s). The attributes and methods of
an object can be inherited by its deputy objects. The inheritance is realized through
switching operations that can change the names and types of the inherited attributes
and methods. There is a bilateral link between an object and one of its deputy objects,
which allows not only inheritance but also update propagation between them.

The object deputy model is more flexible than the conventional object-oriented
model. It can provide inheritance for specialization, generalization and aggregation.
And based on it, the view mechanism is easy to be implemented. In the object deputy
model, the object deputy algebra that contains six kinds of algebraic operations is used
to manipulate classes or deputy classes. The Select operation is used to derive a deputy
class of which instances are the deputy objects of the instances of the source class se-
lected according to some selection predicate. The Project operation is used to derive a
deputy class which allows only part of attributes and methods of the source class to be
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inherited. The Extend operation is used to derive a deputy class of which instances are
extended with additional attributes and methods that can not be derived from the source
class. The Union operation is used to derive a deputy class of which extension consists
of deputy objects of instances of more than one source class. The Join Operation is used
to derive a deputy class of which instances are deputy objects for aggregating instances
of source classes according to some combination predicate. The Grouping operation
is used to derive a deputy class of which instances are deputy objects for grouping
instances of source class according to some grouping predicate.

3 Workflow Object Model

Figure 3 depicts the workflow object model used in this work, which is based on
the workflow management facility specification proposed by the Object Management
Group (OMG)[15].
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Fig. 3. Workflow Object Model.

WfRequester is the interface that has a direct concern with the execution and results
of a workflow process - it represents the request for some work to be done. WfOb-
ject is an abstract base interface that defines common attributes, states, and operations
for WfProcess and WfActivity. Each significant status change of a WfObject triggers
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a WfEvent to be published; WfEvents are distributed using the event service, such as
CORBA Event Service. A WfException is a WfEvent that deviates from normal be-
havior or may prevent forward progress of a workflow. A WfProcessMgr represents a
template for a specific workflow process; it is used to create instances of a workflow
process. A WfProcess is the performer of a workflow request, and the WfProcess inter-
face specializes a WfObject interface by adding an operation to start the execution of
the process, an operation to obtain the result produced by the process and relationships
with WfRequester and WfActivity. WfActivity is a step in a WfProcess and may also be
a WfRequester. Each WfActivity is linked to a WfResource which is a person or thing
that can do and accept it by a WfAssignment; the latter represents the assignment of a
particular workflow Participant to a process step. ExternalObject defines the objects as
the external objects associated with a workflow instance. WfTransition is a point during
the execution of a process instance where one activity completes and the thread of con-
trol passes to another, which starts. Workflow from which workflow views are directly
derived from generalizes the entire workflow information.

4 Object Deputy Model for Workflow Views

A workflow view actually is defined as views of the objects of the original workflow.
Since the object deputy model can easily realize the object view, a workflow view can
be defined via the definition of the four kinds of deputy classes, the latter are derived
from the classes in the original workflow as the source classes.

A formal definition of objects and classes is given as follows.

Definition 1. A class named as C is represented as

C = 〈{o}, {Ta : a}, {m : {Tp : p}}〉.

1. {o} is the extent of C, where o is one of instances of C.
2. {Ta : a} is the set of attribute definitions of C, where a and Ta represent the

name and type of an attribute, respectively. The value of attribute a of object o is
expressed by o.a. For each attribute Ta : a, there are two basic method: read(o, a)
for reading o.a and write(o, a, v) for writing o.a with the new value v.

3. {m : {Tp : p}} is the set of method definitions of C, where m and {Tp : p} denote
a method name and a set of parameters. p and Tp represent a parameter name and
type, respectively.

4.1 Components of Workflow Views

The components of a workflow include the process flow graph, input/output parameters,
objects, rules, events, exceptions and exception handlers associated with the workflow.
A workflow view is a structurally correct subset of a workflow definition. Thus, a view
for a workflow also contains these components, as stipulated below.
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Process Flow Graph. Let the original process be the source class. A process in the flow
graph is the deputy class that derived from the original process as the source class by
the Project and Extend operation, which may inherit all, part or none of the attributes
and methods of the source class; this implements the white-box, black-box, or grey
box, respectively. Some additional attributes and methods may be extended. The formal
definition is presented as follows.

Definition 2. Let Cs1 = 〈{os1}, {Tas1 : as1}, {ms1 : {Tps1 : ps1}}〉 be a source
class that represents the original process, {Ta

s1
−

: as1− } and {ms1− : {Tp
s1
−

: ps1− }}
be subsets of attributes and methods of Cs1 which are allowed to be inherited by the
class Cd1 that represents the process in the flow graph of the workflow view, {T

a
d1
+

:

ad1
+ } and {md1

+ : {T
p

d1
−

: pd1− }} be sets of additional attributes and methods of Cd1 .

Cd1 = 〈Project(Cs1 , {Ta
s1
−

: as1− }, {ms1− : {Tp
s1
−

: ps1− }}), Extend(Cs1 , {T
a

d1
+

:

ad1
+ }, {md1

+ : {T
p

d1
−

: pd1− }})〉, where Project represents the Project operation, and

Extend represents the Extend operation.

Objects Associated with a Workflow Instance. An object associated with a workflow
instance need not be presented completely in a workflow view. The class that the orig-
inal object belongs to is the source class, derived from which we define a deputy class
whose objects are used in the workflow view. Some attributes are hidden from the view,
which is realized via the project operation; some are made read-only via the switching
operation of read and others are presented with write access via the switching opera-
tion of write. Input/output parameters may be the deputy classes of the class mentioned
above.

Definition 3. Let Cs2 = 〈{os2}, {Tas2 : as2}, {ms2 : {Tps2 : ps2}}〉 be a source
class corresponding to the class whose objects are associated with a workflow instance,
{Ta

s2
−

: as2− } and {ms2− : {Tp
s2
−

: ps2− } be subsets of attributes and methods of Cs2 which

are allowed to be inherited by the class Cd2 that represents the class whose objects are
used in workflow view, {T

a
d2
+

: ad2
+ } and {md2

+ : {T
p

d2
−

: pd2− } be sets of additional

attributes and methods of Cd2 . Cd2 = 〈Project(Cs2 , {Ta
s2
−

: as2− }, {ms2− : {Tp
s2
−

:

ps2− }), Extend(Cs2 , {T
a

d2
+

: ad2
+ }, {md2

+ : {T
p

d2
−

: pd2− })〉.
If the attribute ad2− of Cd2 is inherited from the attribute as2− of Cs2 , and it can be

read-only, the switching operation for inheriting as2− in form of ad2− is realized in the
following way:

read(od2 , ad2− ) ⇒↑ fT
a

s2
−

�→T
a

d2
−

(read(os2 , as2)),

Here, ⇒ and ↑ denote operation invoking and result returning, respectively.
If the attribute ad2− of Cd2 is inherited from the attribute as2− of Cs2 , and it is pre-

sented with write access, the switching operation for inheriting as2− in form of ad2− is
realized in the following way:

write(od2 , ad2− , vd2− ) ⇒ write(os2 , as2− , fT
a

d2
−

�→T
a

s2
−

(vd2− )).
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Events, Exceptions, Rules and Exception Handlers. Events, exceptions and rules in
the workflow view are defined as the deputy classes whose sources classes are the ones
in the original workflow, which is realized by the project and extend operations. There
definitions are same as Definition 3.

4.2 Realization of Different Workflow Views

For the taxonomy of workflow views discussed in Section 2.1, in this section we present
the implementation strategies for three main kinds of workflow views.

The Structural Transparency View is used to determine whether the internal details
of a workflow are visible by a user, the concept of which is identical to that of the pro-
cess flow graph. Hence, it is also realized via the Project and Extend operation. The
Interaction view is the interface of the workflow to an external user or agent to interact
with the workflow itself. It is a subset of processes. This subset has interactions with
the user or the agent. The original workflow class is the source class, whose deputy
class is the workflow view. The process attributes in the workflow view are inherited
from the original workflow, and those process attributes that are hidden are not, which
is realized by the Project operation. The Workflow Composition View is a virtual work-
flow composed of components from different workflows. The original multi-workflows
serve as the source classes, from which the composition workflow view is derived and
defined as the deputy class via the join operation; the latter joins the processes of differ-
ent workflows. Because of space limitations, we only give the formal definition of the
composition workflow view in this paper.

Definition 4. Let Cs
1 = 〈{os

1}, {Tas
1

: as
1}, {ms

1 : {Tps
1

: ps
1}}〉,...,Cs

n = 〈{os
n}, {Tas

n
:

as
n}, {ms

n : {Tps
n

: ps
n}}〉 be the source classes that represent a set of source workflows.

A deputy class corresponding to the workflow composition view which is derived by the
Join operation is represented as Cd = Join(Cs

1 , ..., Cs
n, cp), where cp is a combination

predicate. The extent of Cd is the set of deputy objects of aggregations of instances of
Cs

1 , ..., Cs
n satisfying the combination predicate cp, which is expressed as {od|od →

os
1 × ... × os

n, cp(os
1 × ... × os

n) == true}.

5 Web Services Enactment

An advanced OO WFMS such as ADOME-WFMS [6] and its workflow view mecha-
nism can be utilized to provide support for specifying, executing and monitoring com-
posite web services, with necessary extensions. In this section, we describe E-ADOME
as the extended framework for this purpose.

5.1 E-ADOME Architecture

The E-ADOME framework can be divided into the following layers: Database Integra-
tion Layer provides a uniform interface that applications can use to access and com-
bine information from different system, in which the data in the local databases are all
mapped into objects via an object-oriented interface. Details of this layer are described
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Database Integration Layer

ADOME Layer

ADOME-WFMS Layer

Workflow View Binding Layer

Web Service Binding Layer

Internal Clients External Clients

E-ADOME

Layer

Fig. 4. E-ADOME Architecture.

in [14]. ADOME Layer as an expert OODBMS [12] is employed to more adequately
deal with data and knowledge management requirement of advanced information man-
agement applications, especially WFMSs. ADOME-WFMS Layer built upon ADOME
facilities supports effective management of agents, on-line workflow evolution, auto-
matic and cooperative exception handling [6]. E-ADOME Layer is the enhancement
layer to the WFMS so as to enable ADOME-WFMS to interact with external web
services through the Internet. The details of this layer are outlined in the subsection
immediately below.

E-ADOME Layer. The E-ADOME layer allows an OO WFMS such as ADOME-
WFMS to interact with external parties through web services. It includes two sub-layers,
the workflow view binding layer and the web services binding layer.

1. The workflow view binding layer facilitates the definition, execution, interaction
and management of workflow views. It supports internal clients to define differ-
ent workflow views for specific requirements. Meanwhile, it also allows internal
clients to interact with WFMS in a workflow view model (although such actions
are supported by the organization model in most of the time). Also, the evolution
of workflow views is supported by this layer.

2. The web services binding layer is in charge of the interactions with the web services
environment. BPEL4WS [16] and ebXML BPSS [17] are two most popular web
services technologies supporting business processes. For BPEL4WS, the web ser-
vice binding layer can transform object-based workflow views in ADOME-WFMS
to BPEL specifications, deploy the workflow view to BPEL engine and manage the
exchange of instance data with BPEL engine. For ebXML BPSS, this layer maps
workflow views to BPSS specifications, encapsulates the business process infor-
mation into CPAs, and establishes the connection with external systems based on
CPPs.
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6 Related Work

There have some earlier works in the area of workflow views. Liu and Shen [13] pre-
sented an algorithm to construct a process view from a given workflow, but did not
discuss its correctness with respect to inter-organizational workflows. Our preliminary
approach of workflow views has been presented in [8]. From then, workflow views
have been utilized as a beneficial approach to support the interactions of business pro-
cesses in E-service environment [9][7][5]. However, most of these works focused on the
conceptual level, and the implementation issues, especially those in the object-oriented
environment, are largely neglected.

Van der Aalst and Kumar [2] presented an approach to workflow schema exchange
in an XML dialect called XRL but it does not include the support for workflow views.
Besides, van der Aalst [1] modeled inter-organizational workflows and the inter-organ-
izational communication structures by means of Petri Nets and message sequence charts
(MSCs), respectively. The soundness and consistency of the inter-organizational work-
flow can be analyzed by checking the consistency of Petri Nets against target MSCs.
Since the author abstracted from data and external triggers, the proposed communica-
tion protocol is not as complete as the interoperation protocol presented in the work-
flow view approach [7]. To address the derivation of private workflows from inter-
organizational workflows, Van der Aalst and Weske [3] used the concept of workflow
projection inheritance introduced in [4]. A couple of derivation rules are proposed so
that a derived workflow is behaviorally bisimilar to the original workflow based on
branching semantics, in contrast to the trace semantics adopted in the workflow view
model.

7 Conclusion

In this paper, we have adopted the object deputy model as the supporting mechanism
for workflow views in an OO WFMS. Through its facilities, we have given the defi-
nitions of components of workflow views, i.e., flows, objects, exceptions, events, rules
and exceptions handlers. Also three main kinds of workflow views, namely, structural
transparency view, interaction view and composition view, are discussed for their imple-
mentation strategy. Based on a reference model of OO WFMS (viz. ADOME-WFMS),
we put forward E-ADOME as an extended framework which supports the implements
of workflow views in the web services environment.

Our future work will focus on the workflow view enactment in specific web ser-
vices environments. For BPEL4WS, we will investigate the issues of date management
between the instances of workflow view and BPEL. For ebXML BPSS, the business
model based derivation of workflow views will be our main topic.
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Modeling QoS for Semantic Equivalent Web Services* 
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Abstract. Quality of Service (QoS) is an important factor for selecting a better 
Web service from numerous semantic equivalent Web services in Web services 
composition. In this paper, a QoS model (e_QoS) for evaluating semantic 
equivalent Web services is proposed, In which, the factors used to evaluate 
Web Services include Accessed Times, Invoked Success Rate, Average Re-
sponding Time, Stability Variance, and Customers Estimation. The perform-
ance of Web services in Latest Period of Time, the performance in history and 
the performance estimated by customers are considered together. By experi-
ments, we concluded that e_QoS is effective for estimating Web services, and 
can improve the quality of web services composition greatly. 

1   Introduction 

Semantic equivalent Web services are a group of Web services, which can replace 
each other, if a Web service is invalid at runtime of a composite service, another 
semantic equivalent Web service can be selected to replace it and make the composite 
Web service running on. But, with the booming development of Web services and the 
increased available Web services on the Internet, it is becoming challengeable to 
discover a suitable web service from numerous semantic equivalent Web Services, so 
as to provide a composite services with better performance for customers. There are 
many research papers about the discovery of Web services [1],[2],[3], these re-
searches mainly addressed where the Web services to be located without discussing 
the performance of Web services. Many technologies, such as WSDL, UDDI, SOAP, 
WSFL[4], XLANG[5], BPEL4WS[6] and DAML-s[7], have been proposed for sup-
porting Web services, but only DAML-S mentioned the QoS for Web services. In 
DAML-S, QoS attributes as non-function attributes are quantificationally given by 
services providers without specifications followed. Currently, study on QoS for Web 
services includes the performance evaluation of Web services and the performance 
evaluation of Web services composition. 

This paper focused on the QoS for Web services and proposed a QoS model 
named e_QoS that can be applied to discover Web services and make Web services 
composition more reliable and efficient. 

                                                           
*  This research is supported by the National High-Tech Development Program 
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2   Related Work 

Some Related researches [8–13] proposed the idea about evaluating the QoS for Web 
services and emphasized the importance of QoS. For example, Jorge Cardoso instruc-
tionally proposed the factors used in a comprehensive QoS model [8], which include 
cost, time, reliability and fidelity. In [9], Chandrasekaran proposed that the specifica-
tion of Web services should include syntactic, semantic and QoS, and the research 
main pays attention to time attribute. In [10], Sumra R suggested that the evaluating 
factors of QoS for Web services should include performance, reliability, integrity, 
accessibility, availability, interoperability and security, and in which, the performance 
factor consists of throughput, latency time, execution time and transaction time. The 
QoS template was presented in [11], which included cost, time and company, and the 
Web services are discovered based on the similarity between the quality information 
described by the service providers and required by service consumers. In [12], the 
quality model for the workflows based on Web services and the factors including 
time, cost, reliability and fidelity were introduced in details, the factors of evaluation 
in the QoS model absolutely depend on the historical statistic information, and the 
simulating result of the model and the practical result had been actually compared. In 
[13], additional information about the component quality factors is given by providers 
and used for querying QoS-enabled application using UDDI database. 

In e_QoS, the information with objectivity recorded in the process of invoking 
Web services as the main information is used for evaluating the performance of Web 
services, and the final performance of Web services evaluated in e_QoS is composed 
of the performance in the Latest Period of Time, the performance in history and the 
performance estimated by customers. It can reflect the performance of Web service 
objectively. 

3   e_QoS 

In e_QoS, we take the following considerations: (1) e_QoS must be of adaptable 
automatically. (2) The performance of Web services in Latest Period of Time is ex-
tremely important, even exceed the performance evaluated based on the historical 
information. (3) The information recorded by central Executing Agent [14] should be 
play an important role for evaluating the QoS of Web services. (4) Factors set in 
e_QoS mainly include Accessed Times, Invoked Success Rate, Average Responding 
Time, Stability Variance, and Customers Estimation. (5) Weights can be set for fac-
tors based customer’s requirements to represent the personality of e_QoS. 

With the ideas discussed above, e_QoS is proposed, in which, the performance of 
Web services in Latest Period of Time, the performance in history and the perform-
ance estimated by consumers are considered together. To quantify the quality of Web 
services, each evaluating result is denoted as a score in range of 0 and 1, and the total 
score computed according to a given evaluating formula is the final evaluating result, 
and the Web services with higher score is better.  
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First, we’ll give some related concepts before e_QoS is addressed in detail. Log 
Information (LogInfo) is the information that is recorded by Executing Agent in the 
execution of Web services, including the Web services unique identity (serviceID), 
the executing state of Web services, the start-time and the end-time of the execution 
of web services. Checkpoint is the time points designated periodically. At Checkpoint, 
LogInfo recorded during the period of time from previous Checkpoint to the current 
Checkpoint has been summed, and the summed information at the Checkpoint is 
called the CheckpointInfo, the period of time is called Latest Period of Time. Latest-
Checkpoint is the latest Checkpoint, and the CheckpointInfo collected at Latest-
Checkpoint is called Latest CheckpointInfo. HistoryInfo is the summed information 
collected based on all the LogInfo, or it is the sum of all the CheckpointInfo. Ac-
cessed Times is the times that a Web service was accessed. Invoked Success Times is 
the times that a Web service was invoked successfully. Invoked Success Times di-
vided by Accessed Times is Invoked Success Rate. Responding Time is an interval 
from the start time of a Web service invoked to the time responding results returned, 
and Average Responding Time is the average Responding Time of a Web service. 

In e_QoS, the performance of Web services in Latest Period of Time is quantita-
tively denoted as the score of LatestCheckpoint, and the performance of Web services 
in history is quantitatively denoted as the historical score. In the following, we will 
give the detailed explanation about the effect of factors in e_QoS.  

3.1    Score of LatestCheckpoint (Mc) 

For simplicity, based on Latest Checkpointinfo, the Accessed Times is denoted as Nc, 

the Invoked Success Rate as Rc, the Invoked Success Times as Ncs, the Average Re-

sponding Time as cT , and Stability Variance is denoted as Sc.  

Definition 1 (Stability Variance (Sc)). It describes the stability of Web services by 

comparing the Responding Time of a Web service in different invoked events in 
Latest period of Time. The Web services with less difference of Responding Time are 

more stable. By modifying the mathematical variance, it is denoted as follows: 
where, Ti is the Responding Time of a Web service in a invoked event in Latest pe-

riod of Time, n is the Ncs of the Web service . 

Definition 2 (The corresponding score of Nc (Mc1)). It is used to represent the reli-

ability of Web services with Rc, and denoted as follows: 
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where, P1 is a threshold value, see Section 3.4. 

Definition 3 (The corresponding score of Rc (Mc2)). It is a major factor for repre-

senting the reliability of Web services, and denoted as follows: 

Mc2= Ncs/Nc 

Definition 4 (The corresponding score of cT  (Mc3)). Mc3 is denoted as follows: 

where,  Pc2  is a threshold value, see Section 3.4. 

Definition 5 (The corresponding score of Sc (Mc4)). Mc4 is denoted as follows: 

where, P3  is a threshold value , see Section 3.4.  

So, aggregating the Mc1, Mc2, Mc3, Mc4, and the formula of total score at Latest-

Checkpoint is:  

where, n=4, wa1, wa2, wa3, wa4 are the weights of Mc1, Mc2, Mc3, Mc4. 

3.2   The Historical Score (Mt) 

It plays a secondary important role in e_QoS, the factors set used to evaluate the Web 
services include Accessed Times Invoked Success Rate and Average Responding 
Time. For simplicity, based on HistoryInfo, the Accessed Times is denoted as Nt, the 

Invoked Success Times is denoted as Nts, the Invoked Success Rate is denoted as Rt, 

and the Average Responding Time is denoted as tT .  
In order to make Mt1 reasonable, multi-segments of Accessed Times are set and 

adjusted by the experienced system administrator based on the status of system run-
ning. Suppose three segments are: NL，NM and NH，and their regions of relative 

score are 0~y0，y0~y1 and y1~y2, now let both of slopes in the region of [0, NL ] and 

[NM, NH ] be lower than that in [NL，NM], then the Accessed Times in the region of 

[NL，NM] is more important than that in other regions.  
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Definition 6 (The corresponding score of Nt (Mt1)). Suppose x is Nt of a Web ser-

vice, and then Mt1 is denoted as follows: 

 

Definition 7 (The corresponding score of Rt (Mt2)). Mt2 is denoted as follows: 

Mt2= Nts/Nt  

Definition 8 (The corresponding score of tT  (Mt3)).  Mt3 is denoted as follows: 

where, Pt2 is a threshold value , see Section 3.4.  

Hence, the formula of the historical score (Mt) is denoted as follows: 

where, n=4, and wa1, wa2, wa3 are the weights of Mt1, Mt2, Mt3 respectively. 

3.3   The Score of Consumers Estimation (Mu) 

It represents the evaluation of customers on Web services invoked by them, and plays 
an additional role. Mu is denoted as follows:  

where, count is the number of consumers’ votes, avg is the average score of Consum-
ers Estimation, LCount is the lower threshold value set based on the types of semantic 
equivalent Web services , Hscore is the highest score designated, HCount is the upper 

threshold value.  
In order to limit the value of adds in range of 0 to 1, the formula of Mu is modified 

as follows: 
Mu=( avg + adds) /( Hscore+1) 

At last, let M1=Mc, M2=Mt, M3=Mu, the final score of a Web service evaluated by 

means of e_QoS model is computed by the following formula: 

where, let m=3, and wb1, wb2, wb3 are the weights of M1, M2, M3 respectively. 
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3.4   Threshold Values  

The rule that called bis-average is used for calculating threshold values. Based on the 
simple but very efficient rule, these threshold values (p1, pc2, pt2, p3) were assigned as 

follows:  

where, NAVG  are the average Nc of all semantic equivalent Web services,  and NMAX  

is the maximum of Nc. TAVG are the average T c T t/  of all semantic equivalent Web 

services,  and TMIN  is the minimum of T c T t/ . SAVG are the average Sc of all semantic 

equivalent Web services, and SMIN is the minimum of Sc.   

4   Experiments 

The experiments are run in our campus network with 100M-switched Ethernet, a PC 
Server of 0.7G CPU and 2GB RAM, and several PC Client of 2.4GB CPU, 0.5GB 
RAM. The operation systems of Windows Server 2003 and Windows 2000 are used 
respectively, and the e_QoS package is developed by Microsoft C#. e_QoS runs in 
the Server to sum the CheckpointInfo and HistoryInfo based on LogInfo, and these 
statistic information is used to calculate the total score of semantic equivalent Web 
services by Discovering Agent[14] in the execution of composite services. Web ser-
vices run in the Client computers. The test results address on two aspects: (1) The 
characteristics of e_QoS itself. (2) The effect on Web services composition.  

4.1   Simulation Measures and Experiment Test 

In the following, a composite service is abbreviated as C-WS.To simulate the real 
execution status of composite services in Internet environment, some measures are 
adopted, such as invalid Web services, selection of Web services, the execution of the 
composite services with invalid Web services, etc.  
 

Setting Invalid Web Services and Timeout Cost: In the execution of composite 
Web services, invalid Web services will be set to simulate the real running process of 
composite services in Internet environment by means of  Invoked Success Rate (Rc), 

it is denoted as:  

1  Random(1,1.0)≥Rc 

0  Random(1,1.0) <Rc 
(16) f(WSi)=

(15)
p1=（NAVG+ NMAX）/2 

p2(pc2, pt2)=（TAVG + TMIN）/2 

p3=（SAVG + SMIN）/2 
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where, f(WSi) represents the state of WSi invoked, “0” represents the WSi is invoked 

successfully, otherwise, the value of f(WSi) is “1”. Random(1,1.0) represents a float 

value in the range of values of 0 and 1.0 created at random.  
If f(WSi)=1, a timeout (Tб(WSi)) for waiting failure information of WSi is set, it is 

denoted as:  
Tб(WSi)=3*T i  

where, T i  represents the T c  of WSi. 

 
Methods for Selecting Web Services: In C-WS without e_QoS, Web services are 
selected at random, and In C-WS with e_QoS, Web services are selected according to 
the quality of service evaluated based on e_QoS, and we give the Web services with 
higher score priority.  
 
Setting Responding Time and Failure Rate of C-WS: In order to explain the effect 
of e_QoS, the average responding time and the failure rate of both C-WSs without 
e_QoS and with e_QoS are compared, in which, the failure rate of C-WS is denoted 
as Rc-WS , and the average responding time of C-WS is denoted as C WST − . Rc-WS is rep-

resented as: 

where, m is the number of Web services included in C-WS, and n is the total times of 
C-WS executed. 

For C WST − , it has different cost for different samples of composite services. For ex-
ample, in Fig. 1, where, each Web service has lots of semantic equivalent Web ser-
vices, when a request comes up, Travel Service will be executed. When a Web ser-
vice that will be invoked is invalid, another semantic equivalent Web services must 
be selected and invoked, such that the executation of a composite Web service can 
continue till to its end. The Responding Time of C-WS without invalid Web services 

is:T wsc− =T1+[T2/T3]+T4, where, T1, T2, T3, T4 are the Responding Time of WS1, WS2, 

WS3 and WS4 respectively, [T2/T3] represents that the longer responding time are 

chosen. In fact, T wsc−  is composed of T wsc−  without invalid Web services and all the 
Tб(WSi). 
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4.2   Test Results 

Two aspects of experiments are discussed: Firstly, a group of semantic equivalent 
Web services are evaluated to explain e_QoS efficiently. Secondly, e_QoS is applied 
in a sample scenario discussed in Fig 1, and the effect of e_QoS on the execution of 
the composite service is given. In the experiments, suppose, the parameters are con-
figured as: (1) Hscore =1, LCount=20, HCount=100, NL=100, NM=1000, NH=10000, 

y0=0, y1=1/4, y2=3/4. (2) Wb1=0.6, Wb2=0.2, Wb3=0.2, since Mc is the most important 

among Mc, Mt and Mu in e_QoS. However, the values can be configured on demand. 

 
(1) The Test Results with a Group of Semantic Equivalent Web Services 
We choose ten Web services which are semantic equivalent to WS2 (see Fig. 1) to be 

addressed in the experiment, in which, the ten Web services are deployed in Clients 
respectively and invoked thousands of times, then the Latest CheckpointInfo and 
HistoryInfo are obtained. Based on these collected information, the Scores of factors 
are calculated, which are shown from Fig.2 to Fig.6, where UUID represents Web 
Service unique identity. The explanation of the test results is as follows:  

• Scores of factors with equal weights: The scores of factors at LatestCheckpoint are 
shown in Fig. 2, the scores of factors in history are shown in Fig.3, the scores of 
factors for the total scores are shown in Fig.4, where, weights are set as: 
Wa1=Wa2=Wa3= Wa4=0.25. 

• Scores of factors with varied weights: The diagram in Fig.5 and Fig.6 show the 
evaluation results of Web services when different factors are emphasized, in which, 
besides the weights of factors emphasized is assigned to 0.7, others are all assigned 
to 0.1. Here, the Web service with UUID=2 is as an example, in Fig.2, we learn 
that Mc2 and Mc3 are higher than Mc, Mc1 and Mc4 are lower than Mc, so, the score 

with equal weights should lower than both the scores emphasizing Rc and Tc, and 

higher than both the scores emphasizing Nc and Sc. The test results shown in Fig.5 

are conforming to results analyzed in theory above. The scores in history are simi-
lar to the results at LatestCheckpoint.  

 
(2) The Test Results with Composite Services 
Based on the Sample: Travel Service shown in Fig.1, four groups (WS1, WS2, WS3 
and WS4) of Latest CheckpointInfo and HistoryInfo are obtained by Travel Service 
and other composite services running thousands of times. Then, both Travel Service 
with e_QoS (abbreviated TravelServiceQoS ) and Travel Service without e_QoS 
(abbreviated TravelServiceNonQoS) are executed. 

Here only two groups of test results are given, which are shown in Fig. 7 and 
Fig. 8, in which, NonQoS represents that e_QoS is not applied in Travel Service, 
QoS-E represents e_QoS with equal weights, and QoS-Nc-Rc represents e_QoS with 
Rc and Nc emphasized, QoS-Tc-Sc represents e_QoS with Tc and Sc emphasized. We 

have learned:  
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• The average responding time of TravelServiceNonQoS is longer than that of Trav-

elServiceQoS and the failure rate of TravelServiceNonQoS is higher than that of 
TravelServiceQoS. 

• The average failure rate of TravelServiceQoS with Rc and Nc emphasized are the 

smallest one, but the average responding time of it may be longer.  
• The average responding time of TravelServiceQoS with Tc and Sc emphasized 

maybe not the shortest one due to the influence of failure rate.  

Fig. 2. Scores of factors at LatestCheckpoint 
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Fig. 3. Scores of factors in history 
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Fig. 5. Scores impacted by weights at LatestCheckpoint  
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Fig. 4. Total scores 
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  Fig. 7. Average responding time of TravelService  Fig. 8.  Failure rate of TravelService 

 
• TravelServiceQoS with equal weights are better in both the average failure rate and 

the average responding time.  
• If we have a stable and better Web running environment, and Web services are 

available all the time, only Tc emphasized will has a good answer, otherwise, the 

equal weights should be adopted. 

Based on the test results, the following conclusions are induced: 
• The autonomous, dynamic characteristics of Web services can be embodied in 

e_QoS efficiently.  
• e_QoS satisfies the requirements of various customers.  
• The composite services with e_QoS make the execution of composite services 

more efficient and reliable.  
• e_QoS can improve the quality of Web services composition efficiently.  
• The model may be helpful and useful to the related researches on the QoS evalua-

tion.  

5   Conclusions 

Due to plenty of existing autonomic and heterogeneous Web services, we proposed 
e_QoS for evaluating the QoS of semantic equivalent Web services. The experiments 
verify that e_QoS reflects the characteristics of Web services objectively, and make 
Web service composition more strong and efficient. The advantages of e_QoS model 
manifest in the following aspects: 

Fig.6. Scores impacted by weights in history 
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• It emphasizes the characteristics that the performance of Web services in the Latest 
Period of Time is more important. 

• It supports the personalized requirement of customers 
• It has self-adaptability and scalability. 
• It is suitable to the autonomy, dynamic characteristics of Web services.  
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Abstract. This paper presents a novel feature space enriching (FSE)
technique to address the problem of sparse and noisy feature space in
email classification. The (FSE) technique employs two semantic knowl-
edge bases to enrich the original sparse feature space, which results in
more semantic-richer features. From the enriched feature space, the clas-
sification algorithms can learn improved classifiers. Naive Bayes and sup-
port vector machine are selected as the classification algorithms. Experi-
ments on an enterprise email dataset have shown that the FSE technique
is effective for improving the email classification performance.

Keywords: Email Classification, Feature Space Enriching, Semantic
Knowledge Base, Text Categorization

1 Introduction

With the explosive growth of emails in daily life, how to process and manage the
email flow efficiently presents a big challenge, especially for large organizations
such as e-government and large-scale companies. As a result, some intelligent
email classification (EC) approaches have been explored to attack this problem
[1–3], which automatically classify emails into predefined categories and thus
greatly facilitate the management of emails.

In general framework, EC can be viewed as a special case of text classification,
but the problem of sparse and noisy feature space makes it more challenging.
Compared to general natural language text, email messages are often of short
length, and they are noisier due to many informal words and sentences, such
as unusual abbreviation, spelling errors etc. Hence the feature space for EC is
always far sparser, which presents a difficulty for accurate and stable classifica-
tion. Moreover, the training samples for EC are usually not in large batch but
in dynamic flow with possibly changing content, so the training collection may
not provide enough information for the classification algorithms to learn an ac-
curate classifier. While previous work on EC mainly focused on the performance
� This paper has been supported by China NSF project (No.60221120145) and Shang-
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comparison of different classification algorithms [1–7], they seldom addressed the
above special characteristics for EC. We argue that this is the primary limitation
for the further success of current EC approaches. To improve the performance
of EC, these special characteristics should be exploited carefully.

In this paper, we propose a novel feature space enriching (FSE) technique
to address the above problems of EC. In the process of FSE, semantic features
that are related to the terms in the original feature space, are extracted from the
concept hierarchies of two semantic knowledge bases (WordNet and HowNet).
Then the final enriching features are selected from the semantic features based on
the ‘information gain increment’ filtering metric, and used to enrich the original
sparse feature space. The resulting feature spaces will provide semantic-richer
features for classification algorithms to learn improved classifiers. Naive Bayes
and support vector machine (SVM) are selected as the classification algorithms,
which learn classifiers with more accuracy and greater generalization ability from
the enriched feature space. Comprehensive experiments on a real-world bilingual
(Chinese-English) enterprise email dataset show that the FSE technique is ef-
fective for improving the email classification accuracy.

The rest of this paper is organized as follows. In section 2, we discuss some
related work. Section 3 describes the details of the FSE technique based on
WordNet and HowNet. Experiment results and analysis are presented in section
4. Section 5 concludes and points out some lines of future work.

2 Related Work

In [1], Cohen used the rule learning algorithm RIPPER to induce sets of keyword-
spotting rules that compose the classifiers for classifying email. In the experi-
ments, he compared his method to TFIDF method and got similar accuracy.
[3] by Provost also employed RIPPER algorithm for email classification and
compared it to Naive Bayes(NB) classifier. All the experiments showed that NB
outperformed RIPPER in accuracy. In [2], an ILP framework was used to enable
composite rule learner that combined explicit hypothesis construction approach
with instance based learning approach. They found the composite rule classifier
had the best precision on the items that were classifiable by it.

TFIDF in IR community is another approach that has been extensively used.
MailCat [6] employed a TFIDF approach which computed weighted vectors for
each class based on word frequencies, then the weighted vectors were used to
classify each new message based on the cosine distance. Its improved version
SwiftFile[7] addressed the importance of incremental learning for email classi-
fication and the experiments showed that incremental learning gained higher
accuracy than batch learning. Naive Bayes is another frequently used approach
for email classification and anti-spam, and often acts as baseline classifier for
evaluating other approaches. The iFile [4] by Rennie is a filter for EXMH mail
client based on naive Bayes classification. The experiments on a number of iFile
users have shown high performance. Other methods used include decision tree
by Diao et al [5], and SVM by Brutlag et al [8].
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Most of previous work emphasized on comparing performance of different
classification algorithms, and seldom address the special characteristics of email
domain as mentioned in section one. Also they mainly focused on personal email
classification and seldom addressed the email classification for large enterprises
or organizations. These issues were explored in this paper.

3 Feature Space Enriching for Email Classification

3.1 Formal Representation of Email Dataset

Like text classification, the first step for email classification is to transform email
content into a formal representation suitable for classification algorithms. Tra-
ditionally, bag-of-words representation is employed for this task, where an email
is represented as a set of words (or terms) and word position is ignored. Thus,
the feature space for email classification can be represented as a list of terms:

−→
Vo = {t1, t2, . . . , tk, . . . , tn} (1)

where tk is a term that occurs in the email training set T, n is the total vocab-
ulary size of T.

Terms differs in their discrimination ability for classification of emails: some
are critical for deciding the categories of emails, while others are just inessential.
Therefore a proper term weighting scheme is required to encode this difference.
In our work, we use a modified vector space model (VSM) [9] from information
retrieval community to represent email content. Each email mi is represented as
a weighed term vector as follows:

mi = {ω1i, ω2i, . . . , ωki, . . . , ωni} (2)

where n is the total vocabulary size of the email training set T, ωki is the weight
of term tk in the email training set and is calculated by TF∗IDF weighting
scheme:

ωki = TFki ∗ IDFki (3)

where TFki is the frequency of term tk in email mi. IDFki is the inverse class
frequency which makes the bias that terms appear in many categories are less
useful for classification. It is computed as follows:

IDFki = IDFkcj = log(
N

nk
) (4)

where N is the number of predefined categories, nk is the number of categories
that term tk occurs in.

3.2 The Utilities of Semantic Knowledge Bases
for Email Classification

The naive VSM representation of emails is purely based on the occurrence of
terms and totally neglects the semantic and syntactic properties of written text.
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However, as explained in section one, the feature space for EC is far sparser
than in conventional text classification due to the fact that emails are short
in length, with noisy terms, and the training instances are usually too few.
Therefore, the feature space based on naive VSM representation can’t provide
enough information for classification algorithms to learn accurate classifiers, and
the generalization ability of these classifiers is also very limited due to the sparse
feature space. To improve EC performance, additional resources like semantic
knowledge base can be used. We use two semantic knowledge bases (one for
Chinese terms and another for English terms) to integrating semantic features
into the original VSM representation.

The two semantic knowledge bases used are WordNet and HowNet. Word-
Net is a large online English lexical database that contains various conceptual
relations among words [10]. Its basic structure is a concept hierarchy that is
composed of a set of nodes and relations among nodes. Each node is a ‘synset’
(i.e. synonymous set) corresponding to a particular concept and often consists
of a number of terms or phrases. Nodes are correlated by various conceptual
relations, including hypernymy, hyponymy, meronym etc. Hyponymy means ‘is
a’ or ‘is a kind of’ relation. Hypernymy is inverse of Hyponymy. For instance,
lip stick is a hyponym of makeup.

HowNet is a public bilingual (Chinese-English) common-sense knowledge
base describing relations among concepts as well as relations among the at-
tributes of concepts [11]. The basic concept structure of HowNet is similar to
Wordnet. The concepts in HowNet are also represented by a set of Chinese
words, and there are also various relations among concepts including hyper-
nymy/hyponymy, synonymy, attribute-host etc. The construction of HowNet is
in a bottom-up fashion, and it takes advantage of the fact that all concepts can
be expressed using a combination of one or more Chinese characters. HowNet
covers about 65,000 concepts in Chinese. Though there are some differences be-
tween HowNet and WordNet, we use them in a similar way.

Generally, related concepts can be represented by a variety of words, and
different authors of written text may employ diverse vocabulary. For instance, in
our email dataset, the concept of ‘transfer goods to customers’ can be expressed
by the word ‘send’, or ‘ship’, ‘transport’. Therefore, integrating these features
into the representation model will be helpful to enrich the sparse feature space
of EC. Fortunately, free open semantic knowledge bases such as WordNet and
HowNet greatly facilitate the process. With them the related semantic features
such as the synonymies, hypernymy/hyponymy concept features can be imported
to complement the original sparse feature space. This will result in a semantic-
richer feature space that can provide more information for learning algorithms
and in turn improve the classification performance. We proposed a FSE technique
to carry out this process.

3.3 Enriched Feature Space for Email Classification

With the conceptual structure, the semantic knowledge bases can provide rich
semantic features for information retrieval tasks. In previous work, they have
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demonstrated their usefulness for term classification and text classification [12],
which motivates us to employ them for enriching the highly sparse feature space
of email classification. The main process of FSE is to expand the original fea-
ture space with the related semantic features from WordNet and HowNet. The
resulted feature space of FSE is defined as follows:

−→
Vs =

−→
Vo +

−→
Ve (5)

where
−→
Vo is the original feature space defined in formula (1), and

−→
Ve consists

of the enriching features extracted from WordNet and HowNet.
−→
Vo and

−→
Ve are

added to compose the resulted feature space
−→
Vs. Based on the new populated

feature space, the weight of each term in
−→
Vs will be computed using the formula

(3) and (4).
The core procedure of FSE is the selection of the enriching features, as there

may be multiple synsets extracted from WordNet or HowNet for each original
term, and only some of the synsets have the common concept with the original
term. We propose the ‘information gain increment’ filtering metric to select the
enriching features. The intuitive idea behind this scheme is to select only those
extracted terms that will increase the global information for learning algorithms.
The selection process consists of three steps as follows:

1. For each term in the emails, the synonym and direct hypernymy concepts
(with all associated words) are extracted from WordNet (for English term)
and HowNet (for Chinese term). Currently we just used hypernymy/hypo-
nymy and synonymy relations, as they are the most common relation. During
searching, only noun, adjective and verb words are looked up since they are
considered semantic-richer.

2. For each extracted term tk, the information gain of original feature space
(denoted as IG(tk)o) and the enriched feature space(denoted as IG(tk)e)
are calculated by the following formula [13]:

IG(tk) = −
|C|∑

j=1

P (cj)log(P (cj)) + P (tk)
|C|∑

j=1

P (cj |tk)log(P (cj |tk))

+P (tk)
|C|∑

j=1

P (cj |tk)log(P (cj |tk)) (6)

where |C| is the total number of the categories, P (tk) can be calculated
from the fraction of emails in which the term tk occurs and P (cj) from the
fraction of emails that belong to class cj . P (cj |tk) is computed as the fraction
of emails from class cj that term tk occurs and P (cj |tk) as the fraction of
emails from class cj that term tk does not occur.

3. Then the information gain increment of extracted term tk is computed by:

∆IG(tk) = IG(tk)e − IG(tk)o (7)

if ∆IG(tk) is positive or higher than some predefined threshold, then the
occurrence of extracted term tk is used to populate the initial feature space.
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The result of FSE is a semantic-richer feature space under which the TF*IDF
weighting algorithm is performed, and the naive VSM representation is converted
into the enriched VSM representation for classification algorithms.

4 Experiments and Analysis

4.1 Classification Algorithms

We employed Naive Bayes (NB) [14], and SVM as the classification algorithms.
The former is a well-known baseline learner, and SVM is one of the best-
performed classifiers in text classification. Since a single SVM classifier can only
solve two-class classification problems [15], multiple SVM classifiers must be built
for multi-class classification. For N -class email classification we use the Decision
Directed Acyclic Graph (DDAG) algorithm [16] to build an acyclic graph with
N(N − 1)/2 nodes, each of which is corresponding to a SVM classifiers. DDAG-
SVM is very efficient and amenable to a VC-style bound of generalization error,
as shown in [16].

4.2 Dataset

In this paper, we carried out experiments on a dataset from a large online cos-
metic company. Every day the customer service center receives lots of emails from
their customers who write emails in Chinese, English or both. The content of
these emails varies from consultation for register problems to inquiry of product
information, payment issues etc. To accelerate the service response, the company
needs to automatically classify the emails and route them to corresponding per-
sonnel. The dataset contains 1586 emails collected from the company mail server
and classified into six different categories. Table 1 shows the instance distribution
of the dataset.

Table 1. Email Instance Distribution of The Dataset

Category Email Number Percentage

Register 76 4.792

Product 361 22.762

Order 553 34868

Delivery 272 17.150

Payment 235 14.817

Feedback 89 5.611

4.3 Batch-Mode Experiment Results

First, we ran a four-fold cross validation (CV) experiment on the dataset, the
overall result is shown in table 2. Overall the classification accuracy of both NB
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and SVM could be enhanced by our feature space expansion (FSE) method. The
SVM classifier had an increment of 7.58 percent and was more than that of NB
classifier which only obtained 5.31 percent increment. We consider that this is
due to the fact that SVM has more global optimization and generalization ability
so that it can integrate the new features more smoothly and effectively.

Figure 1 shows the detailed results of all categories. We can find that not
all categories behave the same with FSE. Categories with few instances, such
as ‘Register’ and ‘Feedback’, obtain more benefits from FSE. This is due to
the fact that their original feature spaces are sparser and the FSE method can
supply them more semantic features so that they can provide more discrimination
information for learning algorithms. Categories with more emails seem to gain
less improvement, such as the category ‘Product’ and ‘Order’. To explain this
result, we analyzed the classification confusion matrixes, and found that after
FSE more instances of the category ‘Product’ were misclassified into the category
‘Order’. Further inspection on their emails’ content revealed that they had quite
a few terms in common and the FSE would expand the intersected term set too.
In the end, the two categories might be made more confused. Since category
‘Order’ is more dominant, some similar instances of ‘Product’ would be classified
as ‘Order’. This problem can be solved by using domain knowledge.

Table 2. The Overall Accuracy of the CV Experiment

Classifier Without FSE(%) With FSE(%) Improvement(%)

Naive Bayes 58.33 63.64 5.31

SVM 63.38 70.96 7.58
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Fig. 1. Detailed Category Accuracy of the CV Experiment: figure (a) is the results of
NB classifier, and figure (b) is the results of SVM classifier

Previous work has shown that domain knowledge is useful for enhancing the
performance of text classification [8]. In our experiments, we found that some
domain-specific terms with high frequency, such as proper nouns, could not be
found in WordNet and HowNet due to the fact that these are general semantic
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knowledge bases and don’t include the words for special domains. To test if
our FSE technique could benefit from the domain knowledge, we extended the
WordNet and HowNet with domain knowledge and carried out some preliminary
experiments. We expected that extending WordNet and HowNet with domain
knowledge would further improve the EC performance.

Currently we just collected domain-specific terms manually from the email
samples and some Web pages from cosmetic websites, and grouped them into
some synsets based on their co-occurrence frequency in the sample documents.
Some synsets like: {‘Chanel’, ‘Christian Dior’, ‘Elizabeth Arden’, . . . } which is a
synset for brand names, and {‘ Lumiere’, ‘Hydrabase’, ‘Hydrasoleil’, . . . } which
is a synset for product types. These synsets make up of the domain extension for
general semantic knowledge bases, and were used in the FSE process to populate
the domain features in the original feature space. Then we ran a four-fold CV
experiment on the dataset, and compared the results with that of Figure 1, the
experiment results are illustrated in Figure 2.
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Fig. 2. Experiment Results of the Effect of Domain Knowledge

Overall, the domain knowledge is helpful for improving the classification ac-
curacy. Especially, the category ‘Product’ and ‘Order’ benefited much more from
it. As stated previously, the two categories are more confused, which presents
a difficulty for FSE. However, with the support of domain knowledge the FSE
technique could expand the domain features in the original feature space and
increase their term weights, which in turn reinforced their discrimination ability.
This implies that our FSE technique can be more effective for enhancing the
classification accuracy with the extension of domain knowledge.

4.4 Dynamic Experiment Results

Email domain is dynamic. In many cases training instances for email classifica-
tion are not in large batch but in dynamic flow with possibly changing content,
so the classification system should be able to learn incrementally. To address
this problem, we carried out the dynamic experiments. At the beginning, ac-
cording to the date of email the first 100 ones in the dataset were selected as
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Fig. 3. Dynamic Experiment Results of NB Classifier and SVM Classifier

the initial training instances, then in every step the next 100 emails were taken
out to be classified, the classification result of each step was recorded, and these
emails were added to training set. This step repeated until the whole dataset
had been tested. Figure 3 showes the experiment results on NB classifier and
SVM classifier.

It is clear that our FSE method can enhance the classification accuracy of
NB as well as SVM. Overall, the accuracy can be increased more during the early
stage when the training instances are not enough and the FSE can complement
it by integrating features from semantic knowledge bases. With the increasing
of training instances, the improvement seems to slow down. As a whole, SVM
classifier gains more benefits from FSE than the NB classifier that is similar to
the CV experiment. Though the improvement of FSE varies during the dynamic
process, FSE is helpful to EC persistently.

5 Conclusion

While previous work seldom addresses the problem of the sparse and noisy fea-
ture space for EC, this paper proposes a feature space enriching (FSE) technique
to solve this problem. Two semantic knowledge bases, WordNet and HowNet,
are employed to enable the enriching process. The enriched feature space pro-
vides semantic-richer feature space for our naive Bayes and SVM algorithms
to learn improved classifiers. Experiments on bilingual enterprise email dataset
show that the classification accuracy can be improved through this technique,
while classes with relative few instances gain more remarkable improvement. We
also find that FSE can further improve the classification accuracy with the sup-
port of domain knowledge. These experiments demonstrate the effectiveness of
our FSE technique for improving EC performance.

There are some lines of work that can be extended in the future. One of them
is to test FSE on other classification algorithms such as KNN, neural network etc.
Secondly, the FSE technique can also be applied to other text classification tasks
which have the similar problem of sparse feature space, such as short message
classification, news filtering.
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Abstract. We observed that in interactive text classification, user tends
to point out only the misclassified documents, not the correct ones. It is
unlikely that a user would be diligent enough to identify all the misclassi-
fied documents. In this case, a classifier is expected to deal with misclas-
sified documents. Among them it is possible that only a small propor-
tion has been identified. We propose the Prediction-Learning-Distillation
(PLD) framework for distilling the misclassified documents. Whenever a
user points out an error, the PLD learns from the mistake and identifies
the same mistake from all other classified documents. The PLD then en-
forces this learning for future classifications. Our experiment results have
demonstrated that the proposed algorithm can learn from user identified
misclassified documents, then distills the rest successfully.

Keywords: Document Classification, SVM, Winnow Algorithm.

1 Introduction

Automatic text classification can contribute to the field such as Web directory
constructing (e.g., for Yahoo and Google search engines), business document
routing, and email filtering [1]. A classification decision is made based on cate-
gorization status value (CSV) [2], which represents the relevance between a doc-
ument and a given category. The range of CSV is from 0 to 1, which indicates
the strength of the relevance. A threshold θ is usually given for decision making.
Following formula shows how the classifier tells whether or not a document d is
filed to category c:

hc(d) =
{

1 , if CSVc(d) ≥ θ
0 , otherwise (1)

If hc(d) = 1, then d will be filed into c, otherwise d will not be filed into c. hc(d)
is also called classification hypothesis (CH), which is used by classifier to make
classification decisions [3]. Conventional classification approaches such as Naive
Bayes [4] and SVM [5] require training sets to work. This kind of approaches are
also known as supervised classification. As the work [6] shows, 10 to 20 labeled
documents are normally required for each category in order to provide sufficiently
accurate results for supervised batch classification. However, an ordinary user
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may not be able to explicitly articulate domain-knowledge, nor be capable of
giving sufficient examples for building the training set as required.

We use a real-life example to illustrate a scenario of our research problem.
In a company, a manager might ask a secretary to put a misfiled document
into a correct folder, but if the secretary is doing the things right, probably no
comments would be heard. Sometimes, the manager is too busy to point out the
misfiled items. A qualified secretary should do three things to improve her/his
performance:

– Reviewing all past classified documents to check out those misclassified doc-
uments that is similar to the one that has just been pointed out by the
manager;

– Remembering the mistake that she/he has just made and never make the
same/similar mistake in future;

– Trying to recognize the doubtful items and ask the manager for further
instruction.

Compared with an interactive classification process, as the example shown,
the manager stands for the user, while the secretary stands for a classifier pro-
gram. The only feedback is a set of misclassified documents that are identified
by user, which means a classifier could learn from only negative examples, that
is, the misfiled documents. Since we can not expect that user is capable of re-
vealing enough number of misclassified documents for conventional approaches,
mining from the uncommented documents become essential. For mining latent
information from uncommented documents, we define four important types of
documents:

– Identified Misclassified Documents (IMD): the misclassified documents iden-
tified by user.

– Uncommented Documents (UD): the documents without user comments.
– Uncommented Misclassified Documents (UMD): the misclassified documents

which are not revealed by user but are identified by our learning program.
– Uncommented Correctly classified Documents (UCD): the uncommented doc-

uments which are correctly classified.

These four terms are to be implemented as variable sets of documents. Initially
they are all empty. After user feedback is received, the classifier will put doc-
uments together with user comments into IMD and proceed with the learning.
The others are in UD. Our framework will then extract UMD and UCD from
UD. In other words, if user points out some part of misclassified documents, our
proposed framework will reveal other misclassified documents.

The idea of our algorithm is based on following observations:

1. Classification hypothesis (rules) should be changed after learning from the
IMD.

2. Based on different ‘versions’ of classification hypotheses, the classification
decisions on a certain uncommented document might be different. Should it
happen, the documents might be in UMD, while the others are in UCD.
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Obviously, observation 1 is true because IMD indicates that the original hy-
pothesis does not fit the training instances. Therefore, CH should be updated to
reflect the new training instances. Observation 2 is actually based on observa-
tion 1), the newer hypothesis tends to be more accurate for it has been trained
with more training instances. Therefore, if the the newer classification decision
on a given document is different from the older one, the document is likely to
be misclassified by the older hypothesis.

We propose a framework to learn from user identified misclassified documents
to distill the misclassified documents from uncommented ones. In the manager-
secretary scenario, after manager pointing out some misclassified documents,
the secretary then learns from the these misclassified documents and generate
new knowledge (hypotheses). With these new knowledge, secretary is capable of
discovering the misclassified documents which have not yet pointed out by the
manager.

Our experiments shows that the misclassified documents can be successfully
distilled even only a small proportion of errors has been identified by user; and
our framework provide similar effectiveness with less number of training in-
stances. The paper is organized as follows: Section 2 describes our proposed
framework: PLD. Section 3 reviews the related work, especially the works which
deal with large number of unlabeled data. Section 4 presents the experiment
design and shows some promising results of the PLD framework. Section 5 con-
cludes our contributions in the area of interactive document classifications.

2 The PLD Framework

The proposed framework, Prediction-Learning-Distillation (PLD), is used to
distinguish the uncommented correctly classified documents (UCD) and un-
commented misclassified documents (UMD) from the uncommented documents
(UD). The learning happens when the user identified misclassified documents
are converted into the changes to the classification hypothesis as that shown
in the DFD (Data Flow Diagram) in Fig. 1. The PLD framework has three
components: predictor, learner, and distiller.

– Predictor: The component which classifies documents according to the cur-
rent set of CH. Predictor uses the rules coded as hc(d) (see equation 1) in
CH to assign relevant category labels to each document.

– Learner: The component that updates CH from IMD.
– Distiller: The component that adds the documents into UCD and UMD

from UD. The distiller generates new labels according to the updated clas-
sification function of hc(d) for an uncommented document, then compare
the new labels with the old ones, if the labels are identical, the document is
identified as in UCD, otherwise in UMD.

Our research focus is not on how to classify documents but on how to learn
from mistakes identified by the user in a process of interactive document clas-
sification. Therefore the PLD framework is designed to adopt different kinds of
classification algorithms.
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A classification algorithm performs two functions:

1. predict(d): Classifier assigns category labels to an unlabeled document d
according to CH.

2. train(D): Classifier learns from set of labeled sample documents D and
generates new CH.

We use the term, core algorithm to denote the classification algorithm which is
adopted into PLD framework. The function predict(d) of core algorithm serves
as predictor, while the function train(D) becomes learner. After the new CH
is generated by the learner, the distiller filters out the unidentified misclassified
documents by comparing the predicted labels (which are assigned by the predic-
tor) to the new labels which are assigned by the function predict(d) according to
the new CH. Technically speaking, a classification algorithm can be adopted as
core algorithm of PLD framework by providing those functions. In order to test
our framework, we use online SVM [7] and balanced Winnow [8] as examples of
core algorithms.

Fig. 1. The DFD of PLD framework.

The PLD framework works as follows (see Figure 1):
Whenever the incoming documents are received, the predictor labels these doc-
uments. At beginning, if supervised algorithms such as SVM and Winnow are
adopted as core algorithms, they do not have any ‘knowledge’ (CH) to classify
the documents, hence predictor does not put any labels on them. User then
spends some time to read the documents and points out the misclassified ones
to be sent to (IMD). The learner program then utilizes documents in IMD as
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a training set and generates the new CH. The distiller program generates new
labels according to the new CH, then distills the UMD and UCD according to
the differences between new labels and the old predicted labels. The data flow
diagram (DFD) of PLD is shown in Fig. 1 and the overall algorithm of PLD
framework is given in Fig. 2.

Input: set of buffered documents D, category labels, IMD from user.

Output: classification hypotheses,

set of UMD, and set of UCD

Algorithm:

1. Initialize the classification hypotheses hc(d). (Depending on core

algorithms)

2. The predictor assigns the ‘predicted’ category labels to each

document according to hc(d).
3. The user provides the some correct decisions for misclassified

documents (IMD).

4. The learner learns from IMD and update the hc(d).
5. The distiller assigns the new category labels to each document

according to updated hc(d).
6. The distiller separates the UCD and UMD from UD by comparing the

new labels and the labels assigned by predictor.

Fig. 2. The algorithm of PLD framework.

Please note that the PLD framework itself does not tell the details of learning.
The one which actually takes care of learning and predicting is the core algo-
rithm. Since different core algorithms have different ways to induct the hypothe-
ses, the PLD provides a standard operating procedure to revised the mistakes
which have not been identified yet.

3 Related Work

There are a few typical approaches that are able to work with a small amount
of training instances and large amount of unlabeled data. Due to the relative
rareness of labeled data, mining on the unlabeled documents becomes essential.
In this case, we discuss the techniques of unlabeled document mining in this sec-
tion. Also, since we adopt online SVM and balanced Winnow as core algorithms,
the brief introductions of those classifiers will be given as well.

3.1 Unlabeled Document Mining

How to handle the data without the user comments? Expectation Maximization
(E-M) algorithm [9] uses the hypothesis from labeled documents to maximize
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the expectation of the labels of unlabeled documents. In E-M algorithm, the
initial classification hypotheses will be concluded from the labeled documents.
On expectation step, classifier predicts the label for each unlabeled documents;
on maximization step, classifier concludes the new classification hypotheses from
both labeled and unlabeled documents. If the classification hypotheses become
stable, then the iteration of E-M step will finish.

Mapping-Convergence (M-C) [10] algorithm can also be used to handle un-
labeled data. M-C algorithm does not require user to provide negative training
instances as conventional SVM does. Instead, in its mapping stage, the docu-
ments which do not have any positive features are treated as initial negative
training instances (strong negative as referred in the work [10]); while conver-
gence stage enlarges the negative training instances in order to provide more
accurate result.

Similar to PLD, they use the different versions of CH in order to improve
the effectiveness of classification tasks. However, the differences between conven-
tional approaches and our approach are:

– Conventional approaches are usually bound to certain classifier, for example,
M-C requires SVM to work; while PLD framework allows any classifiers.

– Conventional approaches work with unlabeled documents, while PLD frame-
work deals with uncommented documents. The unlabeled documents are
mere documents without labels, hence, no need to tell whether they are cor-
rectly classified or not; uncommented documents are documents with pre-
dicted labels, which means that the correctness of classification decisions
become an important issue.

– Conventional approaches tend to use unlabeled documents to enlarge the
training set; while PLD merely learns from IMD.

3.2 Classification Algorithms

The mistake-driven classifiers such as positive Winnow and balanced Winnow [8],
and Perceptron [11] are often referred to, for their ability to learn from mistakes.
Whenever a error has been identified, the mistake-driven classifier will modify
the CH in order to correct the error. The reason we pick balanced Winnow is to
neutralize the impact of the length of documents [12], for it is easier for longer
documents tend to over the threshold in positive Winnow .

Due to the success of SVM in batch classification, several works [13–16] show
their interests in applying SVM to online applications. The brief idea of online
SVM is making a sliding window on the training data. After adding new training
instances, the least significant training instances in the sliding window will be
removed. Though they might not be as precise as their batch brethren, they are
more suitable for large data set for they require less memory than batch ones.

4 Experiments and Results

The objective of our experiments is to examine the effectiveness of UMD de-
tection. In order to examine the characteristic of our framework, we define a
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independent variable , diligence, to denote the percentage of misclassified docu-
ments revealed by the user. diligence = 1 means all misclassified documents are
pointed out by the user, while diligence = 0 means none of misclassified docu-
ments are identified. Since the effectiveness of UMD detection may be affected
by how many IMD are revealed, it is the reason to introduce diligence into our
experiments. Please note we skip the experiment with diligence = 0, because
PLD can not get any training instances if none of the misclassified documents
are revealed.

The effectiveness of classification decision and UMD detection can be mea-
sured by F1 function [17], where

F1 =
2(Precision) • (Recall)
(Precision) + (Recall)

, (2)

Precision and recall of UMD decision are defined as follow:

Precision =
number of UMD which are correctly identified by PLD

number of UMD which are identified by PLD
, (3)

Recall =
number of UMD which are correctly identified by PLD

actual number of UMD
. (4)

Please note that if diligence = 1, precision will be zero, for there is no UMD.
and recall can not be defined, for denominator is zero.

4.1 Experiment Design

The modified Apte (“ModApte”) split on Reuters-21578 [18] corpus is used to
split corpus into a training set (with 9,603 documents) and a test set (with 3,299
documents). The Porter Algorithm [19] is applied for stemming the postfix of
words in order to aggregate the relative words. When processing the training
set, PLD assigns category labels to the documents in buffer, if the labels differ
from the true labels (the labels shown in corpus), then these documents are
misclassified. The examiner (the program which examines classifier) separates
the misclassified documents into IMD and UMD according to the diligence value.
IMD is learned as described in algorithm; while the UMD and correctly classified
documents are merged together as uncommented documents. The distiller then
splits the uncommented documents into UCD and UMD. The precision and
recall of UMD detection can be calculated after distillation.

When processing the test set, the learner ceases learning, only predictor as-
signs labels to test documents. The precision and recall of classification decision
making can be scored after test set is finished.

4.2 Results

In our experiments, online SVM and balanced Winnow are both used as core
algorithms of PLD framework separately in order to test the effectiveness of
PLD, and whether the PLD is algorithm dependent or not.
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Figure 3 is particularly used to show the differences of effectiveness between
online SVM and balanced Winnow algorithms in the distillation of set UMD.
Online SVM shows a better result than the balanced Winnow algorithm, espe-
cially when diligence is low. Another observation we have on Fig. 3 is that the
PLD framework is algorithm dependent, which means that the core algorithms
selection does affect the distillation effectiveness of PLD.

Fig. 3. UMD distillation comparison between online SVM and balanced Winnow.

Figure 4 and 5 shows the effectiveness comparison between PLD and non-
PLD. Dots shown in figure 4 and 5 stand for effectiveness on certain percentage
of training instances revealed to classifier. For PLD, the dots stand for dili-
gence=20%, 40%, 60%, 80% and 100%, from left to right; and for non-PLD,
they stands for 20%, 40%, 60%, 80% and 100% of training instances which have
been seen by the classifier. The reason that the PLD curves are shorter is that
PLD only require misclassified documents instead of whole training set. For
example, the whole training set contains 9603 documents, while Winnow only
needs 5094 documents to reach the 100% diligence. As figure 4 and 5 shown,
PLD requires less training instances, and the effectiveness is not sacrificed.

5 Conclusion

The ultimate objective of our research is to find a better way to maximize the
effectiveness of the classification tasks, while minimize the required user involve-
ment. As our experiments showed, our approach successfully reveals the uncom-
mented misclassified documents even on low diligence, and same effectiveness can
be achieved with fewer training instances. The basic idea of the PLD is: if any
mistake is pointed out, then PLD utilizes the knowledge inducted by core algo-
rithm to filter out the same/similar mistakes that have not yet been identified.
As described in the manager-secretary scenario, after misclassified documents



PLD: A Distillation Algorithm for Misclassified Documents 507

Fig. 4. Effectiveness of SVM without/
with PLD.

Fig. 5. Effectiveness of Winnow without/
with PLD.

being pointed out, the secretary then obtains the further knowledge of classifi-
cation and use the knowledge to discover the rest of the same/similar mistakes.
Thus, this technique is implemented to improve the effectiveness of document
classification. Our contributions are:

1. Proposed a novel approach to identify the uncommented misclassified docu-
ments by learning from the identified misclassified documents.

2. Providing a way to reduce the degree of human involvement, without losing
the effectiveness.

After the distillation, the discovered UMD can be sent back to the user in or-
der to retrieve further instructions and refine the overall effectiveness of the
classification task.

We are investigating the further improvement of UMD distillation, as well as
the utilization of distilled UMD in other classification algorithms.
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Abstract. In this paper, we introduce Sequential Classifiers Combination 
(SCC) into text categorization to improve both the classification effectiveness 
and classification efficiency of the combined individual classifiers. We apply 
two classifiers sequentially for experimental study, where the first classifier 
(called filtering classifier) is used to generate candidate categories for the test 
document and the second classifier (called deciding classifier) is used to select 
a final category for the test document from the candidate categories. Experi-
mental results indicate that when combining boosting and kNN methods, the 
combined classifier outperforms the best one of the two individual classifiers, 
and in the case of combining Rocchio and kNN methods, the combined classi-
fier performs equally well as kNN while its efficiency is much better than kNN 
and is close to that of Rocchio. 

1   Introduction 

With the rapid growth of the amount of documents in digital form, how to manage 
these massive documents repositories and retrieve what we want from them accu-
rately and efficiently is a severe challenge to both database and IR communities. 
Automated text categorization (TC, also known as text classification), the task of 
assigning predefined category labels to new documents based on the rule suggested 
by a training set of documents, is one method that can help to solve this problem. So 
far, a lot of learning algorithms have been proposed for text categorization, including 
naïve Bayes classifier [1], decision tree [2], kNN classifier [3], online classifier [4], 
Rocchio classifier [5], support vector machine [6] and boosting method [7] etc. 

In addition to developing different TC methods, some other researches try to com-
bine multiple classifiers for achieving better performance than any individual classi-
fier can obtain. These methods are termed multiple classifiers combination. Current 
combination methods include majority voting (MV) [9], weighted linear combination 
(WLC) [9], dynamic classifier selection (DCS) [10] and adaptive classifier combina-
tion (ACC) [11] etc. In these combination methods, different individual classifiers 
make judgments separately on a test document according to their respective classify-
ing algorithms, and the final (usually better) judgment is made based on these judg-
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ments according to a pre-specified combination rule (e.g. MV, WLC, DCS and ACC). 
Because these different individual classifiers perform classification independently, we 
can call these methods parallel combination methods.  

Different from the parallel combination methods, Sequential Classifiers Combina-
tion (SCC) [16] employs multiple classifiers sequentially in the same categorization 
task where the latter classifiers utilize the results of the former ones. However, prior 
to this paper, Sequential Classifiers Combination has not been used in text categoriza-
tion field. We conduct an experimental study to validate the performance of this 
method in text categorization. In our experimental study, kNN classifier is combined 
with Rocchio classifier and Boosting classifier respectively. The experimental results 
indicate that when we combine Boosting and kNN, the SCC classifier outperforms the 
best individual classifier; while we combine Rocchio and kNN, the SCC classifier 
performs equally well as kNN, but its efficiency is much better than kNN and is close 
to that of Rocchio. 

The rest parts of this paper are organized as follows. Section 2 is the related work 
about text classifiers combination methods; Section 3 introduces sequential classifiers 
combination (SCC) method; Section 4 presents an experimental study of SCC me-
thod; Section 5 summarizes our experiment results of SCC method; Section 6 con-
cludes the paper and highlights some future work directions. 

2   Related Work 

Text categorization has been extensively studied in the last decade, and a lot of meth-
ods were proposed. Typical text categorization methods include naïve Bayes classi-
fier [1], decision tree [2], kNN classifier [3], neural network [4], Rocchio classifier 
[5], support vector machine (SVM) [6] and boosting method [7] etc. For individual 
classification approach, we refer the readers to [8, 12]. To further improve categoriza-
tion performance, approaches to combine different classifiers in text categorization 
were also investigated, such as majority voting (MV) [9], weighted linear combina-
tion (WLC) [9], dynamic classifier selection (DCS) [10] and adaptive classifier com-
bination (ACC) [10]. In majority voting (MV), classification judgments for a test 
document obtained by the k classifiers are pooled together, and the classification 
decision that reaches the majority (i.e., at least (k+1)/2 votes) is taken (k obviously 
needs to be an odd number). In weighted linear combination (WLC), different classi-
fiers first calculate scores of each category for the test document individually and 
then get a weighted sum of these scores.�The weight wj means the expected relative 
effectiveness of classifier Φj, and the sum of all weights should be equal to 1. These 
weights are assigned by the user, and typically are optimized on a validation set. The 
category with the largest summed score is taken as the final result. As for dynamic 
classifier selection (DCS), among classifier committee the individual classifier that 
performs best on the l training documents most similar to the test document d is se-
lected, and its judgment for d is adopted eventually by the committee. In adaptive 
classifier combination (ACC), the judgments of all the classifiers in the committee are 
summed together, but their individual contribution is weighted by the effectiveness 
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that they have shown on the l training documents most similar to the test document d. 
So ACC can be seen as a kind of hybrid between DCS and WLC. 

3   Sequential Classifiers Combination 

All the existing text combination methods are essentially parallel methods, that is, 
different classifiers make their judgments on a test document using their individual 
classifying algorithms separately and the final decision is then made based on these 
judgments according to a certain rule (e.g. MV, WLC, DCS and ACC), see Fig. 1(a) 
for illustration. In contrast to parallel combination, here we introduce Sequential 
Classifiers Combination (SCC) into text categorization field, that is, two or more 
classifiers classify the document sequentially where the latter classifier utilizes the 
categorization results of the former ones as input. See Fig. 1(b) for illustration.  

 

 
(a) Parallel combination 

 

 
(b) Sequential combination 

Fig. 1. Illustration of parallel combination and sequential combination 

In Fig. 1(b), the process of classifying a document with our sequential classifiers 
combination method is illustrated. Here two different classifiers are combined, 
namely, C1 and C2. C1 is used to generate a certain number of candidate categories 
for a test document dj, say c1, c2, …, ck’, and C2 is then used to select the final cate-
gory (say ci, 1≤i≤k’) from the candidate categories generated by C1. Intuitively, we 
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call the first classifier filtering classifier, which is responsible for filtering out a rela-
tively large number of categories where the test document does not belong to with 
high probability; and the second classifier is termed deciding classifier, which makes 
the final categorization decision on the test document within a relatively small num-
ber of candidate categories. The number of candidate categories generated by the 
filtering classifier (denoted as k’) is a system parameter in SCC, which can be se-
lected by users or tuned to yield the optimal performance by experiments. 

To achieve good categorization performance with regard to both effectiveness and 
efficiency, we should be careful about the configuration of SCC. That is, how to se-
lect filtering classifiers, deciding classifier, and the number of candidate categories k’ 
generated by the filtering classifiers. Intuitively, for the deciding classifier, we should 
pay more attention on its precision than on its efficiency for it makes the final catego-
rization decision. However, for filtering classifiers, we don’t require them to have 
very high precision but their efficiency must be emphasized because their task is to 
select some candidate categories (instead of the final result) from the whole category 
space. More formally, let say the combination is SCC={C1, C2, …, Ck}, here C1, 
C2, …Ck-1 are filtering classifiers, Ck is the deciding classifier. Denote p(Ci) and e(Ci) 
the precision and efficiency of classifier Ci respectively,  then a reasonable configura-
tion of SCC should like this: p(C1)≤ p(C2)≤…≤ p(Ck), and e(C1)≥ e(C1)≥…≥ e(C1). 
As for the setting of k’ value, a general rule is like this: if the filtering classifier has 
high precision, then we can select a small value for k’, otherwise, we should select a 
larger one. 

4   Sequential Classifier Combination for Text Categorization 

To demonstrate the performance of SCC method for TC task, we conduct an experi-
mental study in this section. Our goal is to improve kNN classifier’s performance by 
combining it with other two classifiers:  Rocchio classifier and Boosting classifier. 
We establish two SCC classifiers: SCC1={Rocchio, kNN}, SCC2={Boosting, kNN}. 
That is, kNN is used as deciding classifier, Rocchio classifier and Boosting classifier 
play the role of filtering classifier. Experimental results show that SCC classifiers 
outperform kNN classifier in both classification precision and classification effi-
ciency.  

kNN is one of the most effective methods in text classification, but it suffers from 
the problem of efficiency which is induced by two reasons: first, kNN is an example-
based or lazy method, that is, it defers the decision on how to generalize beyond the 
training data until each new query instance is encountered [8]; second, in order to 
find the k documents which are most similar to the test document d, kNN must com-
pare d with all the documents in the training set based on the cosine formula using the 
TF-IDF weighing scheme. The time complexity of kNN algorithm is O (|D|Nt), where 
|D| is the number of the training documents and Nt is the number of the test docu-
ments. In contrast to kNN, the Rocchio classifier, whose classification algorithm is 
quite similar to kNN, is much more efficient than kNN. This is because Rocchio com-
pares the test document d with the “profile” of each category rather than with all  
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the documents in the training set. The time complexity of Rocchio is O (|C|Nt), where 
|C| is the number of categories. Typically, |C| is quite smaller than |D|. Although Roc-
chio is a very efficient method, its classification precision is rather poor compared to 
kNN. So combining kNN and Rocchio can merge the advantages of kNN’s precision 
and Rocchio’s efficiency. 

The motivation of combing kNN and Boosting is to demonstrate the general nature 
of the SCC method since the learning algorithm of Boosting is quite different from 
that of Rocchio and kNN and its performance is well accepted. Following we give 
brief introduction to kNN, Roochio and Boosting classification methods respectively. 

4.1   kNN Classifier 

kNN classifier (also known as k-nearest neighbor classifier), which is based on the 
term vector space model, is an effective method in text categorization. Given a test 
document d, kNN’s classification process consists of two steps. In the first step, the 
classifier finds k documents from the training set which are most similar to d. Usually 
similarity between two documents is calculated according to the cosine formula based 
on the TF-IDF weighing scheme [13]. In the second step, the classifier assigns a score 
to each category and ranks the candidate categories according to the score of each 
category. In a single-label case, the top category in the ranking list is the category 
kNN assigns to the test document. Formally, for a test document d, we calculate the 
score of category ci as follows: 

∑
∈∈
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ijj cddkNNd
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kNN(d) in the formula is the set of k documents nearest to d, bi is a threshold for each 
category, which can be tuned on the training set. 

4.2   Rocchio Classifier 

Rocchio classifier is a TC method whose root lies exclusively in the IR tradition, and 
is a typical example of profile-based classifiers that extract an explicit profile of each 
category from the training set. The Rocchio method computes a classifier (w1i, w 
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In this formula, caij =1 means that the document dj belongs to the category ci, while 
caij =0 indicates that dj doesn’t belong to the category ci. The documents that belong 
to the category ci are called “positive” examples of ci, and the documents doesn’t 
belong to ci are called “negative” examples of ci,  and  are control parameters that 
allow setting the relative importance of positive and negative examples. When setting 
β=1 and γ=0, the profile of each category is exactly the centroid of the positive train-
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ing examples. To assign a category to a document d, it comes down to calculate the 
similarity of d with the profile of each category and select the most similar category. 

This method is quite easy to implement, and the resulting classifier tends to be 
quite efficient compared to kNN classifier. However, in terms of classification effec-
tiveness, it is not a good TC method.  

4.3   Boosting 

Boosting is originally a machine learning technique and later introduced into text 
classification by Schapire [7]. The main idea of boosting is to combine many simple 
and moderately inaccurate categorization rules into a single, highly accurate categori-
zation rule. We must point out that the concept of combination used by boosting is 
quite different from the combination we proposed in this paper: the combination in 
boosting is in the step of constructing the classifier while the combination we discuss 
in this paper is in the step of classifying documents with classifiers. 

There are k different simple and moderately inaccurate classifiers in boosting 
method. These k classifiers are trained sequentially, i.e., one after another. The train-
ing of each classifier will take into account how previous classifiers perform on the 
training set, and concentrate on getting right categories on those documents where 
previous classifiers perform worst. After all the k classifiers have been constructed, a 
weighted linear combination rule is applied to yield the final classifier.  

5   Experimental Results 

The Chinese text collection used in our experiment consists of news reports from the 
People’s Daily. The whole data set has 2850 documents, which are categorized into 
20 groups manually. We call this data set G1.In order to experiment on different data 
sets, we divide G1 into G2 and G3. Table1 shows the name of each category and the 
corresponding number of the documents in each category. The documents that belong 
to the 10 categories in the first and third column of Table1 form data set G2 and G3, 
respectively, while the whole documents in Table1 form data set G1. 

Table 1. Experimental data set 

Category No. of documents Category No. of documents 
Politics (G2)  617 Mine (G3) 67 
Sports (G2)  350 Military (G3) 150 
Economy (G2) 226 Computer (G3) 109 

Agriculture (G2) 86 Electronic (G3) 55 
Environment (G2)  102 Communication (G3) 52 

Space (G2) 119 Energy (G3) 65 
Art (G2) 150 Philosophy (G3) 89 
Education (G2) 120 History (G3) 103 
Medic (G2) 104 Law (G3) 103 

Transport (G2) 116 Literature (G3) 67 
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In our experiment, for each category we choose 70% of the documents in the data 
set as the training set and the left 30% as the test set. Each test in our experiment is 
repeated for 5 times and each time we select the training documents and test docu-
ments randomly. We get the final result by averaging results of each trial.  

We preprocess the Chinese documents by removing the low-frequency words, that 
is, the words appear less than 2 times in a document. We don’t remove the stop-
words, which will be filtered by our feature selection algorithm.  

There is a challenge on how to get Chinese words or features from Chinese docu-
ments. In English documents, the words or features are separated naturally by blanks 
and thus are easily obtained, while in Chinese documents the words are Chinese char-
acters string without separation between them and thus are difficult to extract. Gener-
ally, there are two different methods to obtain words from Chinese documents. One 
method is to use segmentation procedure with dictionary support [13]. This method is 
very complex and its accuracy is not proportionate to its complexity. The other 
method is to use N-gram [14] as the features of Chinese documents. Although the 
semantics of N-gram is less accurate than the real word, this method is quite efficient. 
In our experiment, we use the second method to get features from Chinese docu-
ments. 

We use the global dimensionality reduction (DR) technique and information gain 
(IG) [8] method to reduce the high dimensionality of the term space. If not specially 
mentioned, the number of features in our experiment is 500. We use macro-average 
F1 and micro-average precision [8] as the evaluation measures of the text classifiers.  

Table 2 shows a comparison of the performances of 3 different classifiers on our 
data set G1, G2 and G3 respectively. All the parameters for different classifiers are 
tuned to yield the best performance. For kNN, we set k=10(neighborhood size) in data 
set G2, G3, and k=20 in G1. For boosting, we set training round to 400 in all of these 
three data sets. The experimental results indicate that kNN performs best on our Chi-
nese dataset, and boosting performs worst.  

Table 2. Performance of three different classifiers 

Macro-average F1 Micro-average precision  

G1 G2 G3 G1 G2 G3 
Rocchio 0.753 0.856 0.780 0.779 0.889 0.751 

kNN  0.772 0.898 0.794 0.815 0.931 0.798 

Boosting 0.588 0.787 0.706 0.634 0.822 0.705 

 
Results of sequential combination of Rocchio and kNN are shown in Fig. 2, 3 and 

4. Fig. 2 and 3 show effectiveness of individual classifiers and combined classifier, 
evaluated by Macro-average F1 and Micro-average precision respectively. Fig. 4 
shows efficiency of each classifier evaluated by time cost for classification. This test 
is over G1, but the trends performed on G2 and G3 are very similar. In G1, there are 
20 categories in total. The X-axis of each figure represents the number of candidate 
categories in SCC (denoted by k’). In our experiment, we choose Rocchio as the fil-
tering classifier and kNN as the deciding classifier. 
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Fig. 2. Macro-average F1 of kNN, Rocchio and SCC with different k’ 
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Fig. 3. Micro-average precision of kNN, Rocchio and SCC with different k’ 
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Fig. 4. Classification time of kNN, Rocchio and SCC with different k’ 

Fig. 2 and 3 indicate that when k’=1, the effectiveness of SCC is equal to Rocchio; 
but when k’=2, the effectiveness of SCC improves radically and is close to kNN; 
when k’=4, SCC outperforms kNN. The effectiveness of SCC when k’=11~20 are not 
shown in Figure 2 and 3, but we can figure it out that as the value k’ gets close to 20, 
the effectiveness of SCC is tending equal to kNN. Fig. 4 shows that the classification 
time for SCC is nearly a linear function of k’. From figure 2, 3 and 4, we can see that 
when k’=4, SCC outperforms the best individual classifier (i.e., kNN), but its classifi-
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cation time is about one fourth of that of kNN. Fig. 5 shows experimental results of 
combining kNN and Boosting by SCC where boosting is the filtering classifier and 
kNN is the deciding classifier. From Fig. 5, we can see that when k’=4, SCC yields 
the best effectiveness and outperforms the best individual classifier (i.e., kNN) by 
more than 2 percent. This test is done on data set G3, and the number of total catego-
ries in G3 is 10. We also investigate performance of SCC and individual classifiers 
with different features sizes. Experimental results indicate that SCC performs best 
with medium-sized features. Fig. 6 shows the micro-average precision with different 
numbers of features on data set G1.The parameter k’ in SCC is tuned to yield the best 
effectiveness for different numbers of features. 
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Fig. 5. Macro-average F1 of kNN, Boosting and SCC with different k’ values 
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Fig. 6. Micro-average precision of kNN, Boosting and SCC for different feature sizes 

6   Conclusion Remarks 

In this paper, we introduce Sequential Classifiers Combination (SCC) into text cate-
gorization filed and conduct an experimental study to test its performance. The ex-
periment results indicate that the SCC method can improve both the efficiency and 
effectiveness of individual text classifiers. As for future work, first, we will test the 
SCC method on more text collections, including standard benchmark collections such 
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as Reuters collections; second, we would like to test more SCC classifiers by comb-
ing different classifiers; and third, we plan to do a comprehensive comparison be-
tween SCC method and parallel combination method. 
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Abstract. This paper presents a variant of the AdaBoost algorithm for
boosting Näıve Bayes text classifier, called AdaBUS, which combines ac-
tive learning with boosting algorithm. Boosting has been evaluated to
effectively improve the accuracy of machine-learning based classifiers.
However, Näıve Bayes classifier, which is remarkably successful in prac-
tice for text classification problems, is known not to work well with the
boosting technique due to its instability of base classifiers. The proposed
algorithm focuses on boosting Näıve Bayes classifiers by performing ac-
tive learning at each iteration of boosting process. The basic idea is to
induce perturbation of base classifiers by augmenting the training set
with the most informative unlabeled documents.

Keywords: Text classification, Näıve Bayes, boosting, active learning,
selective sampling

1 Introduction

Boosting is a general technique for improving the accuracy of machine-learning
based classifiers, which combines a series of base (or weak) classifiers to pro-
duce a single powerful classifier. Since the boosting technique was developed
by Yoav Freund and Rob Schapire [4], it has been considered to be one of the
best approach to improving classifiers in many previous studies [13]. In par-
ticular, boosting contributes to significantly improve the decision tree learning
algorithm [5, 6, 11].

In our work, we focus on boosting Näıve Bayes classifier, which is a simple
yet surprisingly accurate technique and has been used in many classification
projects [1]. Particularly, for text classification problems, Näıve Bayes classifier
is known to be remarkably successful in practice, despite the fact that text data
generally has a huge number of attributes (features) [10]. For this reason, it
is very significant to apply boosting to Näıve Bayes text classifiers. However,
Näıve Bayes classifier is known to perform poorly with boosting [14]. This is
because effective boosting, in principle, requires high variance (or instability) in
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the accuracy of base classifiers [14], but Näıve Bayes is relatively stable with
respect to changes of training set.

This paper presents a variant of the AdaBoost algorithm for boosting Näıve
Bayes text classifier, called AdaBUS, which combines active learning with the
AdaBoost boosting algorithm. In active learning approach, learner automatically
selects the most informative examples for class labeling and training, without
depending on a teacher’s decision or random sampling. To this end, we use
uncertainty-based selective sampling method [7, 8], which has been frequently
used for learning with text data. For selective sampling, we propose a uncertainty
measure fit for Näıve Bayes learning framework.

2 Preliminaries

2.1 Näıve Bayes Learning Framework for Text Classification

Learning a Näıve Bayes (NB) text classifier means estimating the parameters of
generative model by using a set of labeled training documents. The estimated
classification model is composed of two parameter: the word probability esti-
mates θ̂w|c, and the class prior probabilities θ̂c ; that is, classification model
θ̂NB = {θ̂w|c, θ̂c}. Each parameter can be estimated according to maximum a
posteriori (MAP) estimation1.

For classifying a given document, Näıve Bayes learning method estimates the
posterior probability of a class via Bayes’ rule; that is, Pr(cj |di)=

Pr(cj)·Pr(di|cj)
Pr(di)

,
where Pr(cj) is the class prior probability that any random document from the
document collection belongs to the class cj , Pr(di|cj) is the probability that
a randomly chosen document from documents in the class cj is the document
di, and Pr(di) is the probability that a randomly chosen document from the
whole collection is the document di. The document di is then assigned to a
class argmaxcj∈CPr(cj |di) with the most posterior2. Here, the document di

is represented by a bag of words (wi1, wi2, · · · , wi|di|) where multiple occur-
rences of words are preserved. Moreover, Näıve Bayes classifier is based on the
simplifying assumption that the terms in a document are mutually indepen-
dent and the probability of term occurrence is independent of position within
the document. This assumption results in the following classification function
fθ̂NB

(di) = argmaxcj∈CPr(cj |di) = argmaxcj∈CPr(cj) ·
∏|di|

k=1 Pr(wik |cj).

To generate this classification function, Pr(cj) can be simply estimated by
counting the frequency with which each class value cj occurs in a set of the
training documents Dt, where Pr(cj |di) ∈ {0, 1}, given by the class label.

That is, Pr(cj) = θ̂cj =
∑ |Dt|

i=1 Pr(cj|di)

|Dt| . As for Pr(wik|cj), its maximum like-

lihood estimate using Laplace’s law of succession [9] is Pr(wik|cj) = θ̂wik|cj
=

1 The MAP estimation is to find maximally probable model θMAP among pos-
sible models Θ, given a set of training documents D; that is, θMAP ≡
argmaxθ∈ΘPr(θ|D) = argmaxθ∈Θ

Pr(D|θ)·Pr(θ)
Pr(D)

= argmaxθ∈ΘPr(D|θ) · Pr(θ).
2 argmaxx∈Xf(x) is the value of x that maximizes f(x).
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Table 1. The AdaBoost Algorithm with Näıve Bayes.

Input: A set of training documents Dt = {〈di, cj〉|di∈D, cj ∈C}
Output: A classifier fθ̂NB

where θ̂NB = {θ̂w|c, θ̂c}

lNB(Dtl) = argmaxθ̂NB
Pr(Dt|θ̂NB) · Pr(θ̂NB) /∗ MAP estimation ∗/

fθNB (di) = argmaxcj∈CPr(cj |di) = argmaxcj∈CPr(cj) · ∏|di|
k=1 Pr(wik|cj)

w(t) = (w
(t)
1 , · · · , w

(t)

|Dt|) /∗ weight distribution ∗/

1. Initialize: w
(1)
di

= 1
|Dt| for all di ∈ Dt

2. Learn: repeat for t = 1 to T
(a) Estimate a classification model with respect to the weighted training documents

θ̂NB = lNB(Dt)

(b) Build a base classifier fθ̂NB
with the estimated model θ̂NB

(c) Calculate the weighted training error εt of θ̂NB

εt =
∑

di∈Dt

[
w

(t)
di

· I
(
f

(t)

θ̂NB
(di) �= fθ(di)

)]

/∗ I(x) = 1 if x is true, 0 otherwise.∗/
(d) Calculate confidence αt of θ̂NB :

αt = 1
2
ln

(
1−εt

εt

)

(e) Update weights for the next iteration:

w
(t+1)
di

=
w

(t)
di
zt

×
{

e−αt if f
(t)

θ̂NB
(di) = fθ(di)

e+αt if f
(t)

θ̂NB
(di) �= fθ(di)

where zt is a normalization factor so that w(t) is a probablistic distribution,

i.e.,
∑

di∈Dt w
(t)
di

= 1

3. Return the final classifier:

(a) weighted majority voting of the generated classifiers {f (t)

θ̂NB
}T

t=1:

fθ̂NB
(d) = argmaxci∈C

∑T
t=1

[
αt∑T

r=1 αr
· I

(
f

(t)

θ̂NB
(d) = fθ(d)

)]

tfcj
(wik)+1

∑
w∈V tfcj

(w)+|V | , where tfcj(w) is the number of occurrences of the word w in
the class cj and V denotes the set of significant words extracted from the training
documents.

2.2 The AdaBoost Boosting Algorithm with Näıve Bayes

This section presents the procedure of AdaBoost algorithm with Näıve Bayes
learning, which is described by using notations introduced in the previous sec-
tion and Näıve Bayes learning framework. As shown in Table 1, the boosting
algorithm is composed of two phase: the learning phase and the voting phase.

The learning phase induces a series of base classifiers while repeatedly up-
dating the distribution of weights of training examples, based on previously
generated base classifiers. Initially, the boosting process sets the initial weight of
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each of training documents to be 1
|Dt| (see line 1). At each iteration, the process

estimates a classification model θ̂NB with respect to the weighted training doc-
uments, and then generates a base classifier using the estimated model θ̂NB as
shown in lines 2(a)-(b). After a base classifier is learned, the weights of training
examples are individually modified to allow the subsequent classifier to focus on
misclassified training examples. For this, the weighted training error εt for the
estimated model θ̂NB is calculated as shown in line 2(c)3, and then, with the
error εt, the confidence αt that measures the importance of θ̂NB is computed.
This measure gets larger as εt gets smaller, as shown in line 2(d). After that,
the confidence measure αt is used for re-weighting training documents as shown
in line 2(e); that is, the process increases the weight of documents incorrectly
classified by the currently estimated model θ̂NB whereas it decreases the weight
of correctly classified documents.

After performing T rounds, in the voting phase, the process combines the T
multiple base classifiers into an improved classifier through voting. As shown in
line 3, the boosted final classifier returned is a weighted majority vote of the
base classifiers, in which the confidence αt is re-used for voting with the weight
corresponding to its value.

3 Boosting Näıve Bayes

3.1 Basic Idea

As mentioned before, to achieve effective boosting of Näıve Bayes, we should find
how to increase the instability of base classifiers. Our strategy for boosting Näıve
Bayes is an incremental augmentation of a set of training documents through
active learning approach. In active learning approach, learner actively chooses
the informative training documents from a pool of unlabeled documents with
the aim of reducing the number of training examples while maintaining high
classification accuracy [2].

At each iteration of boosting process, well chosen informative documents are
added to the current training set according to the principle of active learning.
By learning with the augmented training set different from the previous one, a
newly generated classification model is expected not to be similar to the previous
model within a set of all possible models. This perturbation of training set can
introduce instability into Näıve Bayes classifiers. Besides, since the training set
is augmented with highly informative training examples, a base classifier built
by learning with such examples is expected to be gradually improved at each
iteration. The proposed strategy can prevent an increase in classification error of
the base classifiers probably incurred by the intended instability. Consequently,
the base classifiers with higher instability and higher accuracy are combined into
a more powerful boosted classifier.
3 The equation fθ(d) = cj represents that the the human labeler (who is assumed

to know the true classification model θ) determines the true class label of a given
document di to be cj .
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Table 2. Modification to the AdaBoost Algorithm with Näıve Bayes: AdaBUS.

Input: A set of training documents Dt = {〈di, cj〉|di∈D, cj ∈C}
A set of unlabeled documents Du = {dk|dk ∈ D}

Output: A classifier fθ̂NB
where θ̂NB = {θ̂w|c, θ̂c}

1. Initialize: w
(1)
di

= 1
|Dt| for all di ∈ Dt

2. Learn: repeat for t = 1 to T
(a) Estimate a base classifier with respect to the weighted training documents

θ̂NB = lNB(Dt)

(b) Build a base classifier fθ̂NB
with the estimated model θ̂NB

(c) Calculate the weighted training error εt of θ̂NB

εt =
∑

di∈Dt

[
w

(t)
di

· I
(
f

(t)

θ̂NB
(di) �= fθ(di)

)]

(d) Calculate confidence αt of θ̂NB :

αt = 1
2
ln

(
1−εt

εt

)

(e) Find a document with the largest uncertainty from unlabeled documents:
dmax = argmaxd∈DuCUNB(d)

(f) Break if CU(dmax) < µ
/∗ µ is a threshold value for selective sampling /∗

(h) Augment the current training set by labeling the selected document:
Dt = Dt ∪ 〈dmax, fθ̂NB

(dmax)〉
(g) Determine the initial weight of the selected document:

wdmax =

∑
di∈Dt w

(t)
di

|Dt|
(i) Update weights:

w
(t+1)
di

=
w

(t)
di
zt

×
{

e−αt if f
(t)

θ̂NB
(di) = fθ(di)

e+αt if f
(t)

θ̂NB
(di) �= fθ(di)

3. Return the final classifier:

(a) weighted majority voting of the generated classifiers {f (t)

θ̂NB
}T

t=1:

fθ̂NB
(d) = argmaxci∈C

∑T
t=1

[
αt∑T

r=1 αr
· I

(
f

(t)

θ̂NB
(d) = fθ(d)

)]

The challenging problem is how to isolate the best candidate training exam-
ples from a set of unlabeled document set. In our work, we adopt the uncertainty-
based selective sampling [7] because it has been frequently used for learning with
text data. The sampling process is performed based on classification uncertainty
which is the degree of uncertainty in the classification of a test example with re-
spect to the currently derived model. In the following subsection, an uncertainty
measure fit for Näıve Bayes learning method is devised.

3.2 Adaptive Boosting with Uncertainty-Based Selective Sampling:
AdaBUS

Uncertainty-Based Selective Sampling. As we have already seen, Näıve
Bayes learning method develops the probability distribution over words W for
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each given class c (i.e., Pr(W |c)) that accounts for the concept of that class.
In this regard, if a document’s classification is uncertain under the current
model, we can say that the word distribution for its correct class is still not
well developed for classification. In such case, the probability distribution over
words occurring in the input document for its correct class is similar (or near)
to those of other classes. From this, we find that the classification uncertainty
can be determined by measuring the distances between the word distributions
learned. Now, we propose an uncertainty measure based on the Kullback-Leibler
(KL) divergence, which is a standard information-theoretic measure of distance
between two probability mass functions [3]. For a document d, its KL diver-
gence between the word distributions induced by the two classes ci and cj ,
KLdistd (Pr(W |ci), P r(W |cj)) is defined as

∑
wk∈d Pr(wk|ci) · log Pr(wk|ci)

Pr(wk|cj)
. Its

classification uncertainty CU(d) is defined as follows:

CU(d) = 1 −
∑

ci,cj∈C KLdistd (Pr(W |ci), P r(W |cj))

|C| · (|C| − 1)
(1)

where |C| denotes the total number of the existing classes. Note that the value of
KLdistd(·) is measured, not over all words but over only those words belonging
to a categorized document d.

Incorporating Active Learning into AdaBoost. With the proposed uncer-
tainty measure, tasks for incremental updates of the training set are performed in
the conventional boosting process. Table 2 shows modification to the AdaBoost
algorithm that includes the additional selective sampling tasks. The lines 2(e)-
(h) corresponding to the selective sampling task are added to the Table 1 of
AdaBoost algorithm.

As shown in line 2(e), the process finds a document with the largest uncer-
tainty from a given unlabeled documents Du. The selected document dmax is
then checked whether its classification uncertainty is larger than a given thresh-
old value µ (see line 2(f)). If so, its appropriate class label is assigned to the
document by the human labeler, and moreover the initial weight of dmax is set
to the average of current weights of training examples (see lines 2(g)-(h)). The
initially determined weight will be modified according to the re-weighting rule.

In our algorithm, the optimal time when to stop the process is determined
through tuning the threshold value of uncertainty. By doing so, we can adap-
tively determine the termination time according to the status of current learning
process. The reason why the termination policy is that the selected documents’
low uncertainty suggests that further iterations will not generate any more re-
fined base classifiers different from previous one. If the training set is sufficiently
augmented, the base classifier will probably become stable without further im-
provement.
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Table 3. Setup of test document sets.

Category Total number of Number of Number of Number of
documents initial training set test document set unlabeled training set

acq 264 5 30 229
crude 165 5 30 130
earn 504 5 30 469

interest 249 5 30 214
money-fx 179 5 30 144

ship 222 5 30 187
trade 150 5 30 115

4 Experimental Results

4.1 Experimental Setup

In order to evaluate our method, we used the Reuters-21578 SGML document
collection [12] which has been most commonly used in the text classification
literature. This data set consists of 21,578 articles, each one pre-labeled with one
or more of 135 topics (categories). However, the Reuters collection has a very
skewed distribution of documents over 135 categories, and thus it has often been
criticized as a poor collection for classification. For a more reliable evaluation,
we generated a subset of the Reuters collection in which documents are not
skewed over categories. First, we selected the documents belonging to the 7 most
frequent categories including ‘acq’, ‘crude’, ‘earn’, ‘interest’, ‘money-fx’, ‘ship’,
‘trade’. Among those selected documents, we again chose 1,733 documents that
had a single category in order to avoid the ambiguity of documents with multiple
topics. This controlled document sets are described in detail in Table 3. In our
experiment, the simulation results are discussed with respect to the F1-measure,
which gives equal weight to both recall and precision. This measure varies from
0 to 1, and are proportionally related to classification effectiveness. With the F1-
measure for each category, we compute the overall F1-measure for the collection
by macro-averaging.

4.2 Performance Analysis

Effect of Selective Sampling in Boosting Process. Figure 1 illustrates the
changes in F1-measure according to the number of training documents added to
the initial training set. Note that the conventional AdaBoost algorithm without
active learning does not require augmenting the initial training set, unlike the
proposed method (denoted as AdaBUS) and uncertainty-based sampling method
(denoted as US). Thus, in case of AdaBoost and NB, the total number of train-
ing documents should be equal to the sum of the number of the initial training
documents and the number of appended training documents (which is repre-
sented in horizontal axis of Figure 1). Therefore, all the methods suggested in
our experiment require the same amount of human effort.
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Fig. 1. Changes in F1-measure from varying the number of appended training doc-
uments: AdaBUS denotes the proposed method, NB Näıve Bayes without boosting,
AdaBoost the conventional AdaBoost algorithm, and US uncertainty-based selective
sampling method.

As shown in this figure, we have observed that the proposed AdaBUS method
is successful in boosting Näıve Bayes; AdaBUS could increase the quality of
Näıve Bayes classifier with an average increase of 10% in the F1-measure over
pure Näıve Bayes algorithm (NB).

As for the AdaBoost algorithm, [14] described that its boosting process can-
not increase the quality of Näıve Bayes classifier. Even, in our experiment, the
AdaBoost algorithm is worse than pure Näıve Bayes in most cases, as shown
in Figure 1. This is probably because each of base classifiers can have a lower
accuracy4 through learning with an insufficiently number of training examples.
In addition, our experiment includes a comparison with uncertainty-based sam-
pling method (denoted as US) because we cannot exclude the possibility that
only the sampling method outperforms AdaBUS method. Fortunately, we can
observe that AdaBUS method gives benefit over the sampling method. However,
note that uncertainty-based sampling improves the accuracy of Näıve Bayes clas-
sifier, as shown in Figure 1, since it can allow to compose training set with the
most informative documents from a pool of unlabeled documents. In short, the
proposed method can make it possible to increase variance and simultaneously
to increase F1-measure of base classifiers in Näıve Bayes learning, which results
in effectively boosting Näıve Bayes classifier.

5 Conclusions and Future Work

We have presented a method for boosting Näıve Bayes text classifiers by using
active learning (i.e., unceratinty-based selective sampling) approach. The basic
idea behind our approach is to increase the variance in base classifiers by in-
crementally augmenting a set of training documents with selectively sampled
4 Basically, in case of binary classifier, effective boosting requires that the accuracy of

base classifier is larger than 0.5.
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documents. To this end, we propose a special uncertainty measure fit for Näıve
Bayes learning. In the future, we plan to combine EM algorithm with AdaBUS
algorithm considering the fact that EM process can further improves the base
classifiers without additional human efforts.
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Abstract. A hard-to-catch erroneous data is one whose value looks per-
fectly legitimate. Yet, if we examine this value in conjunction with other
attribute values, the value appear questionable. Detecting such dubious
values is a major problem in data cleaning. This paper presents a frame-
work to automatically detect dubious data values in the datasets. Data
is first pre-processed by data smoothing and mapping. Next, interval as-
sociation rules are generated which involved data partitioning via clus-
tering before the rules are generated using an Apriori algorithm. Finally,
these rules are used to identify data values that fall outside the expected
intervals. Experiment results show that the proposed framework is able
to accurately and efficiently dubious values in large datasets.

1 Introduction

The globalization of many organizations has led to the generation of large
amounts of data that are obtained from different geographical locations. The
quality of these data is critical for many industrial applications [12] given that
many decisions are made based on the information derived from the data.

There are many causes of dirty data, ranging from data entry errors, variants
of abbreviations and spelling, missing values, duplicate records, to unit differ-
ences. Data cleaning deals with the detection and removal of errors and incon-
sistencies from data to improve the quality of data [6]. In general, data cleaning
processes aims to standardize format, remove anomalies, infer missing values,
rectify errors such as outlier and out-of-range values, and eliminate duplicates.

Much research efforts have been concentrated on the issue of duplicate elim-
ination [3, 2]. The detection of outliers has been studied in statistics community
[16]. However, most statistics methods require the prior knowledge of data dis-
tribution which may not be possible in real-life applications. Another approach
to solve the problem of outliers is to apply data mining techniques. However,
the techniques developed in [7, 8] are limited to date fields. [1] present a pattern
identification approach for deviation detection. [5, 9, 14, 4, 15] utilize clustering
algorithms to detect outliers. In all these techniques, correlations among a subset
of attribute values are ignored.

In this paper, we introduce the notion of dubious data. Dubious data refers
to data values that appear legitimate on their own. However, upon examina-
tion together with other corresponding attribute values, their values become

Q. Li, G. Wang, and L. Feng (Eds.): WAIM 2004, LNCS 3129, pp. 528–538, 2004.
c© Springer-Verlag Berlin Heidelberg 2004
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questionable. For example, an assessment grade of “D” is perfectly legitimate.
However, if we also know that the corresponding examination and test scores
are all in the range of “A+”, this grade of “D” becomes highly suspicious. In an-
other example, we consider the customer database of an insurance company (see
Table 1). At first glance, all the data seems correct. However, on closer examina-
tion, we note that income value for Record 2 is dubious because it does not fall
in the expected range of income [25,000, 30,000] that managers generally earn.
This could be the result of a typographical error, and the correct income should
probably be 26,000. We observe that dubious data values can be detected via
data correlation, which measures the relationship between associated variables.
Such correlations can be captured by using interval association rules.

In this paper, we propose a framework that uses interval association rules to
identify dubious data. We extend the algorithm in [14] to include both equality
predicates (Attr = val) as well as range predicates (Attr = [val1, val2]). Experi-
ment results demonstrate the accuracy and efficiency of our proposed approach.

2 Related Works

Most existing work in the detection of outliers and deviation analysis lies in
the field of statistics [16](e.g. mean and variance, upper or lower outliers in an
ordered sample). [7] also employs statistics measures such as averages, standard
deviation, and range to identify outliers. However, the main problem with these
approaches is that in a number of situations, the user simply does not have
enough knowledge about the underlying data distribution [14].

Outlier detection is also an important issue in clustering. [5, 7, 9, 14, 15] present
density-based, hierarchical and distance-based clustering methods to detect out-
liers. However, most of them are only consider the numeric data. However, they
regard the entire data record as a whole and do not consider the deviation of
one attribute value with respect to other attribute values. [4] proposes an outlier
detection algorithm to find abnormal data on subspace by using lower dimen-
sional projections. For the algorithm to work, it has to assume that the data is
uniformly distributed which, in general, is not true.

[1] puts forward a linear method that identifies deviation after observing a
series of similar data. However, the deviation to be detected largely depends
on the form of the chosen pattern and the technique in [1]. It does not handle
dubious data. [7] proposes another pattern identification method. The patterns
in [7] refer to a set of records with the same empty fields. These records are
formed by partitioning. Records that deviate from the discovered patterns are
identified as outliers. Once again, this approach does not handle dubious data.

[8] utilizes ordinal association rules such as i1,i2 ⇒i1op i2, where op ∈{≤,≥,
=} to find records that do not conform to the rules. However, ordinal association
rule in [8] is only applicable to date field data.

[13] introduces the notion of quantitative association rules. It partitions nu-
meric data into equi-depth interval and then generate rules based on these inter-
vals. Unfortunately, using equi-depth may not give us interesting or meaningful
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Table 1. Example of Dubious Data Values

Name Sex Job Income Date

Jack M Lawyer 45,000 2003-01-10
Mary M Manager 6,000 2003-01-20
Tom M Lawyer 50,000 2003-01-09
Jane F Manager 30,000 2003-01-25

Dorothy F Manager 25,000 2003-01-22

intervals. [11] employs clustering techniques to obtain better quality partitions
of numeric data.In this paper, we extend the clustering method in [11] to cate-
gorical data for dubious data detection.

3 Proposed Framework

We proposed a framework for the detection of dubious data. We first select a
subset of the dataset as our training data for learning the significant data corre-
lations that exist in the dataset. To reduce the influence of noise on this training
dataset, we apply data smoothing operations. This involves infering missing val-
ues in the dataset and standardizing attribute value format. Categorical data
and date values are also mapped to ordinal and numeric values to facilitate sub-
sequent comparisons. Next, we build interval association rules from these data.
This is carried out as follows:

1. Partition the data into meaningful segments based on clusters. A meaningful
segment implies similar data density within the segment.

2. Generate interval association rules using some Apriori [10] algorithms.

Finally, we apply the interval association rules to the dataset to be cleaned. For
each tuple in the dataset, we check if it is covered by some rules. A tuple may
be covered by multiple rules. In this case, we keep all the rules for determining
the expected value range of the tuple. On the other hand, it is also possible that
none of the rules cover the tuple. When this happens, we select the rule with
the highest confidence measures. For example:

Rule1: Sex = 2 → Income = [45,000, 50,000] (conf: 66.7% sup: 60%)
Rule2: Job = 2,Date = [20, 25] → Income = [25,000, 30,000](conf:66.7%, sup:60%)
Rule3: Job = 1, Date = [9, 10] → Income = [45,000, 50,000 (conf: 100%)
Record1: Job = Manager, Income = 45,000 Date = 2003-01-22

Record2: Job = Layer, Income = 40,000, Date = 2003-01-02

After preprocessing, we discover that Record1 matches Rule1 and Rule2.
Hence, both Rule1 and Rule2 are kept for subsequent dubious data detection.
Meanwhile, Record2 is not covered by any of the rules. In this case, we select
the highest confidence rule, Rule3, to cover Record2. At the end of this phase,
each tuple is covered by at least one rule. Next, we compare the observed value
of the tuple with that predicted by the covered rules. If the value of the tuple
deviates from the predicted value of rules, we consider the current tuple as a
dubious data that requires further checking.
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3.1 Preprocessing

A real-world dataset often contains noise such as missing data, varying data
format etc. Such noise may interfere with the capturing of the underlying data
values association. In order to build a more representative association rule model,
we first perform the following preprocessing operations.

1. Infer missing values. Multiple imputation is one of the most common
methods used to infer missing values. This techniques replaces each missing
value with a set of plausible values that represent the uncertainty about the
correct value to assign. These multiple imputed data sets are then analyzed
to complete the data. Note that there is no single “one size fits all” solution
to solve incomplete data problems. In fact, filling missing values in a dataset
remains an empirical work that is dependent on the data characteristics.

2. Standardize data format. Attributes such as date can have varying for-
mats such as “YYYY/MM/DD” or “DD-MM-YYYY”. One of the these
formats is adopted as the standard for the dataset, and the attribute values
are converted to conform to this format.

3. Mapping. Next, we transform the data values of categorical and date at-
tributes to facilitate the subsequent comparison of data values. Categorical
data is a common data type which occurs frequently as a string of charac-
ters. In order to simplify string comparison between categorical data values,
we map the values of each categorical attribute to ordinal values. To handle
date attributes efficiently, we pre-determine a start date, and transform the
date values in the dataset to a value that is equal to the number of days
between now and the start date. Table 2 shows the resulting table after a
series of mappings has been applied to Table 1.

Table 2. Result of Table 1 after Mapping Operations

Manager
map−→ 2, Lawyer

map−→ 1
Start day = 2003-01-01

Name Sex Job Income Date

1 1 1 45,000 10
2 1 2 6,000 20
3 1 1 50,000 9
4 2 2 30,000 25
5 2 2 25,000 22

3.2 Generating Interval Association Rules

Step 1. Partitioning of Data. In many real-life applications, a dubious data
value often refer to the situation when a data value falls outside of an accept-
able range. To determine what is an acceptable or expected range for each data
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value when it appears together with other attribute values, we generate interval
association rules. This is achieved by first dividing the data values into segments
based on clustering techniques which divide data into the groups of similar ob-
jects. Therefore, the segments derived from clustering are relatively meaningful
under the whole distribution. An Apriori-based association rules discovery algo-
rithm is then applied to these segments to form the interval association rules.

Let us first extend the clustering technique proposed in [11] which use the
distances between data points to cluster both numeric and categorical data val-
ues. It is worthwhile to note that [15] develops a clustering approach that enables
clustering on the whole dataset with both continuous and categorical attributes.
However, in our case, we need to cluster with respect to a particular attribute.
Thus, in our extension, we propose distance metrics that can give us an intu-
itive measurement of how close is the input data to a cluster with respect to a
particular attribute.

Definition 1. CX is the cluster projected on the attribute X (X is a particular
attribute of certain database B). CX has to satisfy the following conditions:

1. dCX ≤ threshold density dn if X is a numeric attribute;
dCX ≤ threshold density dc if X is a categorical attribute.

2. | CX |≥ frequent bound S0.

In the definition 1, dCX represents the diameter of the cluster. | CX | is the
number of points in the cluster.

Figure 2 illustrates the above definition. It shows the clusters over two nu-
meric attributes Income and Date obtained from the dataset as reported in Table
2. CIncome is the cluster projected on Income while CDate is the cluster on Date.

In general, we observe that users are interested in each category of a cate-
gorical attribute. Therefore, usually we have dc equal to zero. However, we can
enlarge dcif taxonomy of classes exists and group the data under the same class.
This process is somewhat similar to association rules generalization.

For numeric attributes, in order to partition the data into proper intervals,
each numeric attribute will have its own diameter threshold.

To clustering data, suppose xij ,the value of the attribute j of the ith tuple. It
is inserted to the closest cluster Cj , which is defined as the cluster that minimizes

a given inter-group distance metric (d = ΣN
k=1δ(xij ,xkj)

N , xkj is the point in Cj

and N is the number of points in Cj). For closest cluster entry, it means its d is
the minimum for all the clusters on attribute j. δ(xij , xkj) is the distance metrics
for two points. In our extension, the function to measure the distance between a
pair of points is different for numeric and categorical attributes. We choose two
general forms of distance metrics for these two kinds of attributes.

For numeric data, there are many functions to compute the distance between
two points like Euclidean distance, Manhattan distance and Minkowski distance
etc. In our experiments, we use the Manhattan distance function given by:

d1 = |xij − xkj | (1)

where xij and xkj represent the values of the ith and kth records on attribute j.
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Fig. 1. Clusters over Income and Date attributes

For categorical data, we use the Sigma function as defined below:

d2 =

{0 xij=xkj

1 xij �=xkj

(2)

The use of Sigma function is possible due to the mappings that have been carried
out to convert string values of categorical attributes to ordinal values.

We present a formula to combines d1 and d2 simultaneously:

δ(xij , xkj ) = wj ∗ d1 + (1 − wj ) ∗ d2 (3)

wj denotes a dummy value on the attribute j, if the data is numeric data, wj =
1, d1 is chosen; otherwise, if the data belongs to categorical attributes, wj = 0,
then d2 is selected.

If the cluster diameter is greater than the threshold, then we split the cluster
by choosing the farthest two points. Point in the current cluster will be redis-
tributed to the new clusters based on the closest distance. After all the clusters
are built, the data segments are obtained from these clusters by setting the upper
and lower bound with two points which are farthest away in the cluster.

Step 2. Rule Generation. With the formation of data segments, we now
consider these data segments to be the members of size-1 frequent itemsets. In-
terval association rules can then be generated based on these data segments. [14]
presents a distance-based association rule algorithm. However, their solution can
only work well under a high distance threshold implying a high confidence in
classical association rule. This may lead to some useful rules with lower confi-
dence being missed. Incomplete rule set may increase false alarms during dubious
data identification. Here, we adopt the use of the existing Apriori algorithm [10]
to build association rules. The reason is that Apriori algorithm is by far the
most well-known and basic association algorithm. It can find all large itemsets
to build desired rules in terms of minsup and minconf. Now, each interval can
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be viewed as a discrete value. Candidate generation and counting are obtained
based on these data intervals. Figure 4 shows the frequent items with minconf at
100%, minsup at 40% and the corresponding samples of the interval association
rules generated.

For our purpose of dubious data detection, we focus on the set of interval
association rules whose right hand side contain only one target attribute. This
allows us to focus on one target attribute at a time to identify all dubious data.

3.3 Identifying Dubious Data

Having obtained the set of single target interval association rules, we utilize these
rules to clean the dataset. For each data tuple, we compare the observed target
value with the predicted value. If the target value deviates from the predicted
value, we say that the target value is highly suspicious.

Note that we allow the use of different interestingness measures, such as con-
fidence and Piatetsky-Shapiro’s rule-interest, to resolve such cases that no rule
matches the current data tuple. It has been observed that different interesting-
ness measures affect the number of false alarms.

4 Experiments

We implemented the techniques presented in this paper in Java. Experiments to
evaluate the proposed method are carried out on a Pentium IV 1.6 GHz with
128 RAM running Windows 2000.

4.1 Synthetic Data Set

A. Experiment Setup. We generated 30,000 tuples with five attributes A,
B, C, D, E such that A, E are categorical attributes, while B, C and D are
numeric attributes. The values of these attributes are generated based on some
pre-defined pattern templates, for example, pattern “C = [0.0 2.0], A = 1 → B
= [7.0 8.0]”. Note that the unit of B, C, D are set the same. Once the dataset
has been generated, we perform 3-fold cross-validation. We split the dataset into
two parts: one is the training dataset for building the interval association rules;
the other part is reserved for testing purposes. The ratio between the training
and testing data set is 2:1. The experiments are repeated three times and the
results are averaged.

Our evaluation criterion is the accuracy of detection defined as follows:

DetectionAccuracy =
detected dubious error amount

total dubious error amount

In the experiments, we compare our approach(IAR) to other four approaches,
namely classical association rule(CAR), statistical method (SM), clustering [15]
(CL) and pattern identification [1] methods(PI). The CAR applies only to cate-
gorical attributes. For SM, values outside (mean ± 3 * standard deviation) are
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considered dubious according to the Central Limit Theorem. For CL, we use
the techniques in [15], which can cover both numeric and categorical attributes.
Finally, for PI, [1] provides a linear approach for deviation detection.

B. Accuracy. In this set of experiments, we test the effects of user-defined
parameters (diameter threshold, minimum support and confidence, the amount
of noise data in testing and training dataset) to the detection accuracy. Note that
noise data refer to those data tuple that deviates from the pattern templates. In
addition, as the unit of continuous data are the same, dn is uniformed. And dc

is equal to zero in the experiments.
Figure 5 shows that the accuracy of IAR decreases when dn (the interval

size) increases. From the figure, we note that when dn ≥ 1.5, SM outperforms
IAR. The reason is that if the interval size is enlarged, the rules generated are
too general and many noise data can match these rules. As a result, detection
accuracy is badly affected. The rest methods do not perform well.

From Figure 6 and 7, we see how the detection accuracies vary with minsup
and minconf. When minsup ≤ 0.05 or minconf ≤ 0.48, it is clear that when
minsup and minconf increase, the accuracy of IAR decreases. After that, the
accuracies of IAR begin to decrease. The reason is that too high support or
confidence makes rules related to fewer attributes. This leads to the dubious
data of some attributes which is uncovered by the rules missing.

Figure 8 shows how varying the amount of noise data in the training set
influences the detection accuracy. Interestingly, IAR accuracy is not affected by
the amount of of noise data in the training set.

Next we vary the amount of noise in the test set. Figure 9 shows the results.
IAR is the winner in all five methods. When the amount of noise increases, the
accuracy of SM decreases as there is a large variation in the distribution of the
test set. The performance of PI, once again, is not stable. CL, on the other hand,
focuses on the relationship of the whole data tuple in the cluster model. Hence,
it misses all those deviations in the lower dimensions.
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C. Scalability. In this subsection, we examine the scalability of the proposed
method. Figure 10 shows the results. We see that the increase in the number of
errors in a data tuple almost has no influence on the IAR accuracy. Note that
the noise in train set and test set are 1% and 10% respectively. On the other
hand, the accuracy of CAR improves with the increase in the number of errors
per tuple while the accuracies of the other three methods degrade as the number
of errors increases.

Then we vary the errors for both total records and a tuple. When the noise
in a dataset increases from 20% to 100%, the accuracy almost has no change
when there is one error per tuple. On the contrary, the accuracies decrease even
reaches zero when the error per tuple ≥ 2. It is attributable to the rules generated
largely influenced by such cases which deviate from pattern templates.

4.2 Real-Life Data Set

Finally, we run our algorithm on a real-life dataset. This dataset contains the
grade information on 759 students. It consists of 5 numeric attributes and 4
categorical attributes (Sex, CAP, SAP, A-Level Point, GP Grade, Subj1 Grade, Subj2

Grade, Subj3 Grade, Subj4 Grade). It is worthwhile to note that this dataset is
thought to be free of error.

3024 rules are generated after running our algorithm on the dataset. Using
these rules, 30 dubious data values are highlighted. Table 3 shows a sample of
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Table 3. Dubious Data Values in Real World Data Set

Sex=M, CAP=3.16, SAP=3.5, ALevel=61, GP=5, Subj1=6, Subj2=A, Subj3=B,
Subj4=X
Expected Value: Subj4 = {A, B, C}

Sex=M, CAP=4.25, SAP=4.33, ALevel=55, GP=3, Subj1=5, Subj2=X, Subj3=B,
Subj4=D
Expected Value: Subj2 = {A, B, C, D, E}

Sex=M, CAP=4.23, SAP=4.33, ALevel=62, GP=6, Subj1=9, Subj2=A, Subj3=B,
Subj4=A
Expected Value: Subj1 = [1.0, 8.0]

Sex=M, CAP=3.41, SAP=3.7, ALevel=52, GP=5, Subj1=1, Subj2=C, Subj3=O,
Subj4=A
Expected Value: Subj3 = {A, B, C, D, E }

the dubious data values found. We first list the actual record content, and then
show the set of expected values for an attribute. The dubious attribute value
is highlighted in bold. The first two examples indicate values for absence from
the exam. The third example turns out to be correct. This is acceptable as the
actual grade is only one away from the expected range. The fourth example,
on the other hand, warrants additional investigation. The result is certainly
encouraging as we do not expect to find any dubious data in this dataset.

5 Conclusions

In this paper, we have presented a framework to solve dubious data problem. The
main idea of the proposed method is to utilize interval association rules to detect
dubious data values for both numeric and categorical attributes. Our approach
consists of three steps: preprocessing, rule generation, and dubious data detec-
tion. In the preprocessing step, we fill in the missing values, standardize different
data format and perform data transformation. During the rule generation pro-
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cess, we build interval association rules through clustering techniques. Finally,
we perform dubious data detection by applying the interval association rules.
Experiment results indicate that our approach is both effective and efficient in
detecting dubious data.
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Abstract. Since point and click at web pages generate continuous data
stream, which flow into web log data, old patterns may be stale and
need to be updated. Algorithms for mining web sequential patterns
from scratch include WAP, PLWAP and apriori-based GSP. An incre-
mental technique for updating already mined patterns when database
changes, which is based on an efficient sequential mining technique like
the PLWAP is needed.
This paper proposes an algorithm, Re-PL4UP, which uses the PLWAP
tree structure to incrementally update web sequential patterns.
Re-PL4UP scans only the new changes to the database, revises the old
PLWAP tree to accommodate previous small items that have become
large and previous large items that have become small in the updated
database without the need to scan the old database. The approach leads
to improved performance.

Keywords: Incremental Mining, sequential mining, frequent patterns,
PLWAP tree, Scalability

1 Introduction

When data are inserted or deleted from a database (like access patterns in web
access log), previous patterns may no longer be interesting and new interesting
rules could appear in the updated database. Incremental mining of sequential
patterns is the process of generating new patterns in the updated database (old
+ new data) by using only the updated part (new data) and previously generated
old patterns.

Sequential mining, unlike general association rule mining pays attention to
the order the items occur as well [2]. For example, given a small web access log
that recorded user accesses to 8 sites represented as sites {a, b, c, d, e, f, g, h}
as shown in Table 1.

Each transaction consists of items (or attributes, e.g., web sites visited), the
association rule rule a → b asserts that if site a is visited, then, site b is visited.
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Table 1. The Example Database Transaction Table with Frequent Sequences

TID Web access Seq. Frequent subseq
with s = 50%

100 abdac abac

200 aebcace abcac

300 baba baba

400 afbacfc abacc

500 abegfh ab

Each of these 8 sites represents an item in the database. An itemset X is called an
i-itemset if it contains i items. The support of a rule is defined as the percentage
of transactions (records) that contain the sets X and Y, while its confidence is
the percentage of all database transactions containing “X”, that also contain
“Y”. All items with support higher than a specified minimum support are called
large or frequent itemsets. While minimum support is used to mine frequent
patterns, only rules with confidence higher than the minimum confidence are
retained. An example of a sequential pattern from the database of Table 1 is
“if site a is accessed in a record, it is often followed by an access to site b”.
While the order is important in sequential pattern, items in a sequence do not
necessarily need to be consecutive and an item can be repeated in one sequence.
A sequence also has subsequences, e.g., abacc, afb are some subsequences of the
sequence afbacfc. Frequent sequences are those with support equal or higher
than minimum support (minsupport).

When data are inserted or deleted from a database, previous patterns may
no longer be interesting and new interesting rules could appear in the updated
database. Incremental mining of sequential patterns is the process of generating
new patterns in the updated database (old + new data) using only the updated
part (new data) and previously generated patterns.

1.1 Related Work

Few existing algorithms [1, 4, 6] for incremental sequential patterns mining are
apriori-based rather than tree-based. They are composed of iteratively: (1) gen-
erating all large itemsets in the database and (2) generating sequential patterns
in the database according to the large itemsets generated in the first step. ISE
algorithm is proposed by [4] for incremental sequential patterns mining and
scans the database several times. ISM [6] is also an apriori-like algorithm. It still
needs to rescan the entire updated database many times if previous small items
become large after database update. When the 1-sequence becomes large, the
updated data becomes explosive. WAP tree algorithm [5] scans the database only
twice to build the WAP tree without generating candidate sets. It then, mines
the WAP tree to extract sequential patterns. PLWAP algorithm uses a preorder
linked version of WAP tree and an algorithm to eliminate the need to recur-
sively re-construct intermediate WAP trees during mining as done by WAP tree
technique. Neither WAP nor PLWAP algorithm is used for incremental mining.



Mining Web Sequential Patterns Incrementally with Revised PLWAP Tree 541

1.2 Contributions

This paper proposes an algorithm named Re-PL4UP (Revised PLWAP FOR
UPdated sequential mining). This algorithm applies the PLWAP-tree [3] to the
incremental sequential mining problem. The Re-PL4UP algorithm eliminates the
need to re-scan the old database when new changes arrive, in order to update old
patterns. The Re-PL4UP algorithm uses the information from original PLWAP
tree, without the need to re-scan the entire database (old + new data) in order
to update old patterns. The approach is to initially build a PLWAP tree that is
based on minimum support, s and which remembers the position codes of small
items. Revising the PLWAP tree will entail traversing the tree to insert new
nodes, delete nodes that are no longer frequent, changing links and re-building
the prefix linkages used during mining. A mirror copy of all modified and newly
inserted branches of the tree is mined and the patterns from this mirror copy are
used to update the previously mined patterns. This yields better performance
and allows for application scalability.

Section 2 first presents the proposed incremental sequential mining algo-
rithm, Re-PL4UP. Section 3 discusses an example mining of a database and its
update using the proposed Re-PL4UP algorithm, section 4 presents performance
analysis of the algorithm, and finally, section 5 presents conclusions and future
work.

2 The Proposed Incremental Re-PL4UP Algorithm

The algorithm, Re-PL4UP being proposed for mining frequent sequential pat-
terns incrementally uses PLWAP tree structure. Section 2.1 discusses the algo-
rithm Re-PL4UP. Let F and S represent previous large (frequent) items and
previous small items in original database respectively; F ′ and S′ represent up-
dated large (frequent) items and updated small items in the updated database U,
each event (item) in updated database U, belongs to one of these six categories
of items: (1). Frequent in old database, DB and are still frequent in updated
database (old + new data), U, (F → F ′); (2). Frequent in old DB but small
in updated database, (F → S′); (3). Small in old DB but frequent in updated
database, (S → F ′); (4). Small in old DB and still small in updated database,
(S → S′); (5). New and frequent in updated database (∅ → F ′); (6). New and
small in updated database (∅ → S′).

2.1 Mining Incremental Patterns with Re-PL4UP

This algorithm scans only the changes to the database (db). Next, it uses frequent
items in the changes to the database to update the old PLWAP tree of the original
database before mining. The most important update made to the old PLWAP
tree are for two classes of items namely: items in category 2, which are, F → S′,
that now need to be deleted from the old tree; and the items in category 3, which
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are S → F ′ that need to be inserted into the tree. The Re-PL4UP approach is
to take advantage of the position codes property of the PLWAP tree and during
initial construction of the PLWAP tree, store the list of position codes of all
small items. During update, these unique position codes are used to re-insert
the previous small items in proper positions in the tree without re-scanning the
old database. The updated patterns are now the union of the old patterns, the
patterns from modified branches of old Re-PL4UP tree and the patterns from
the new incremental database tree.

2.2 Mining Initial Frequent Patterns with PL4UP

This section presents the sequence of steps for mining initial frequent patterns
using the proposed Re-PL4UP algorithm, as well as how to mine it incrementally,
while an example application of the algorithm is given in section 3. Given a web
access sequence database (WASD) or its equivalent, a minimum support, s, the
proposed Re-PL4UP algorithm will take the following steps in mining initial
frequent patterns.+

1. Construct initial PLWAP tree using minimum support, s obtaining frequent
1-items (with support geq s), F1, the frequent 1-items, the Small 1-items
(with support < s), S1. Then, during construction of the PLWAP tree, we
shall define a small item code profile for every small 1-item in the S1 list by
including a list of position codes of the PLWAP tree indicating the position
that this small item would have been on, in the tree if it were frequent.

2. We construct a PLWAP tree [3] using the seqs from first step above and the
frequent F1 items for header link connections and define the small item code
profile for small items S − codeDB. This is called Re − PL4UPDB tree.

3. We now mine the Re−PL4UPDB tree for frequent patterns (called FPDB),
by extracting all patterns with support greater than or equal to s.

2.3 Steps in Incremental Mining of Frequent Patterns
with Re-PL4UP

When new transactions are inserted into or deleted from the database, the steps
for updating old patterns are given below. The input data for this process are:
(1) the changed database, db, (2) the old database DB tree, Re−PL4UPDB, (3)
the candidate 1-items, CDB

1 , (4) minimum supports, s, (5) the frequent 1-items,
F1, (6) the small 1-items, S1, (7) the frequent patterns, FPDB. The steps in
incrementally mining the database using mostly changed db and old available
patterns are presented in Figure 1 while and example mining with this algorithm
is presented in section 3.

3 Mining an Example Database
with Re-PL4UP Algorithm

Suppose we have a database DB with set of items, I= {a, b, c, d, e, f, g, h} and
minimum support = 50% of DB transactions. A simple database transaction
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Algorithm 21 (Re-PL4UP-Mines Web Log Sequences Incrementally)

Algorithm Re-PL4UP()
Input: original database, DB, Incremental database, db, minimum

support λ (0 < λ ≤ 1) original DB tree Re − PL4UP DB, old frequent
pattern, FP, old candidate lists (C1, F1, S1), small code profile S − codeDB.

Output: updated frequent patterns for database, U (FP’), Re − PL4UP DB tree.

updated candidate lists (C′
1, F ′

1, S′
1). updated small code profile S − codeU .

Intermediate data: incremental db candidate lists (Cdb
1 , F db

1 , Sdb
1 ))

begin
(1)Update all candidate lists as follows:

C′
1 = C1 ∪ Cdb

1 ; s’ = λ of |DB| + |db|.
F ′

1 = elements in C′
1 with support geq s’

S′
1 = elements in C′

1 with support < s’.

F db
1 = Cdb

1 ∩ F ′
1; Sdb

1 = Cdb
1 ∩ S′

1.
(2)Classify items in the updated data, U into one of 6 classes as:

F1 ∩ F ′
1 are in class F → F ′; F1 ∩ S′

1 are in class F → S′.
S1 ∩ F ′

1 are in class S → F ′; S1 ∩ S′
1 are in class S → S′.

F ′
1 − F1 are in class ∅ → F ′; S′

1 − S1 are in class ∅ → S′.
(3) Modify the old Re − P l4UP DB tree such that all F → S′ items are deleted
from the tree, and all S → F ′ are inserted into tree using the S − codeDB.
(4) Mine modified branches of Re − PL4UP DB to get frequent patterns
Re − FP DB.

(5) Construct and mine small Re − PL4UP db to get frequent patterns

Re − PL4UP db

(6) Combine the three frequent patterns to obtain FP’ as:

FP ′ = FP DB ∪ Re − FP DB ∪ FP db

(7) Insert the frequent sequence transactions from the incremental database
into the original Re − PL4UP DB tree to update it; update the links and small
code profiles.

end // of Re-PL4UP //

Fig. 1. The Re-PL4UP Algorithm

table for illustrating the idea is given in the first two columns of Table 1. The
first process is to build the initial Re − PL4UPDB tree [3] using sequences in
Table 1 with support greater than or equal to the tolerance support s of 50%
(equivalent to 3 transactions in Table 1). The Re − Pl4UPDB tree is built the
same way the PLWAP tree is built. To build, first scan the database sequence
(column 2 of the Table) once to obtain the candidate 1-items, 1-frequent and
1-small lists with their supports as: C1 = {a:5, b:5, c:3, d:1, e:2, f:2:, g:1, h:1}.
F1 = {a, b, c}. S1 = {e, f, d, g, h}. Then, scan the web access database (column 2
of Table), a second time to create a frequent sequence from each transaction, the
frequent sequence (seqs) that includes all items with support greater or equal
to support, s (seqs is shown on column 3 of Table 1). insert each of the seqs

transactions in the tree with their count and position code to obtain the PLWAP
tree in (Figure 2). Each node is described as (a:1:1) standing for (label of the
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node:count of the node:position code of the node). In defining the position code
of a node, the PLWAP algorithm applies the rule that the root of the tree has a
null position code, but every other node has a position code that is equivalent
to appending ‘1’ to the code for this node’s parent if this node is the leftmost
child of its parent, otherwise, its position code is obtained by appending ‘0’ to
the position code of its nearest left sibling. While inserting the frequent items
in the sequence, the algorithm checks the original transaction to mark location
of small items in the transaction. For example, small item d in the original first
transaction abdac would have had the position code (d:1:111) in the created
branch if this d were frequent. It will write this position code in the small item
code profile for item d as S − coded = {111}. The position code of a node does
not change unless the node moves. The complete small item code profiles for all
small items after inserting all frequent sequences in the tree are:
S − coded = {11} or {3}, S − codee = {110, 11011111, 1110} or {6, 223, 14},
S − codef = {1100, 11001111, 111011} or {12, 207, 59}, S − codeg = {11101} or
{29}, S − codeh = {1110111} or {119}. Note that these position codes can also
be recorded in their decimal number equivalents as shown above. After building
the tree, a pre-order traversal mechanism (visit root, visit left subtree, visit right
subtree) is used to add a pre-order linkage on the tree for all frequent 1-items,
F1 = {a, b, c}. The broken lines on Figure 2 starting with each frequent F1 item
is used to show the pre-order linkage between nodes of this type. In step 3, the
Re−PL4UPDB begins the mining process. It starts following the header linkage
of the first frequent item, “a”, and obtains the support of this prefix subsequence
“a” as the sum of the counts of all first “a” nodes in the current a:suffix root
set, which are the tree branches rooted at (a:4:1 and a:1:101). If the sum of
the counts of these first a nodes on different branches of the tree at the level

Root

a:4:1 b:1:10

b:4:11

a:2:111

a:1:101

b:1:1011

a

b

c

c:1:1110

a:1:10111
c:2:1111

c:1:11111

a:1:11101

c:1:111011

Fig. 2. The Re-PL4UP tree with Support s for the Example Database



Mining Web Sequential Patterns Incrementally with Revised PLWAP Tree 545

of the tree under consideration is greater or equal to support of 3, we include
this sequence in the FPDB frequent pattern list. The “a” is frequent because
this suffix root set has a total count of 5. Next, we shall continue to check down
the suffix trees under use to see if the sequences (aa, ab, ac) are also frequent.
The a-header link serves the purpose of tracking and constructing these root sets
during mining. Process continues in a similar fashion recursively checking for all
patterns beginning with “a”, “b” and “c”. After checking all patterns, the list
of FPDB mined based on the support of 3 is: FPDB = {a:5, aa:4, aac: 3, ab:4,
ac:3, aba:4, abac:3, abc:3, b:5. ba:4, bac:3, bc:3, c:3}.

3.1 Mining Updated Database with Re-PL4UP Tree Algorithm

Assume that the original database, DB of Table 1 is updated with the records
in the changes to database table shown as Table 2, the objective of the Re −
PL4UPDB algorithm is to use old rules, FPDB from the previous section, with
the new changes to database and other intermediate information from the pre-
vious section like candidate 1-items, frequent 1-items, and small 1-items, small
item code profiles S−codeDB, to compute the new frequent patterns in the entire
updated database, using the same support, s, of 50%. Thus, the Re−PL4UPDB

algorithm mines the updated database incrementally as:

Table 2. The Changes to Database Transaction Table

TID Web access Seq. Frequent subseq Frequent subseq
with s = 50% with t = 0.6s

700 bahefg bahefg bahefg

800 aegfh aegfh aegfh

1. Update all intermediate candidate lists and patterns as follows: C′
1 = C1 ∪

Cdb
1 . C1 = {a:5, b:5, c:3, d:1, e:2, f:2:, g:1, h:1}. Cdb

1 = {a:2, b:1, e:2, f:2,
g:2, h:2}, thus, C′

1 = {a : 7, b : 6, c : 3, d : 1, e : 4, f : 4, g : 3, h : 3}.
F ′

1 = {a : 7, b : 6, e : 4, f : 4} and F db
1 = Cdb

1 ∩ F ′
1, = {a:2, b:1, e:2, f:2}.

S′
1 = {c : 3, d : 1, g : 3, h : 3}. Sdb

1 = Cdb
1 ∩ S′

1 = {g:2}.
2. Classify items in the updated database U, into one of the defined six cate-

gories as:(i) F1 ∩ F ′
1 = {a, b}, (ii) F1 ∩ S′

1 = {c} (iii) S1 ∩ F ′
1 = {e, f}, (iv)

S1 ∩ S′
1 = {d, g, h}, (v) F ′

1 − F1= ∅, and (vi) S′
1 − S1 = ∅.

3. Modify the old Re−PL4UPDB tree to delete from items in category F → S′,
constituting {c}, to insert all items in the category S → F ′ = {e, f} using
their small code profile. Every small item code profile has a unique position
in the current tree, determined by any matching prefix of its binary position
code. Thus, if the position profile code is 111011 and we can find a node
position in the current tree for the prefix 1110, then, we insert the small-to-
large item there. The new code profile of the item is the physical code in the
tree. The small code profile list is updated such that the updated codes for
the small-to-large items {e, f} after tree modification are: S − codee’= {110,
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f:1:11101
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f:1:1100
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Fig. 3. The Revised PL4UP tree After Deletion and Insertion of Items with Changed
Status

1101, 1110} and S − codef ’ = {1110, 11001, 11101}. Finally, the frequent
header linkages of the frequent items in the modified tree are re-constructed.
The revised tree is shown as Figure 3.

4. Mine only the modified branches of the revised tree, Re−PL4UPDB (which
is the left branch of Root in Figure 3) to obtain the frequent sequences called
Re−FPDB as {aee:1, abef:1, aff:1, ae:2, af:2, be:1, bf:1, bef:1, ef:1, ee:1, ff:1,
e:2, f:2}.

5. Construct the small Re−PL4UP db tree using only the changes to the data-
base, db. Mine this Re − PL4UP db to obtain the FP db patterns. The tree
for small db is based on F db

1 = Cdb
1 ∩F ′

1={a, b, e, f}. Following this process,
the useful mined FP db = {b:1, a:2, h:2, e:2, f:2, g:2, ba:1, be:1, bf:1,aef:2,
bef:1, ae:2, af:2, ef:2, bf:1}.

6. Combine the frequent patterns from (1) old database, DB, and (2) modified
branches of old DB and (3) changes to the database, db, keeping only those
patterns that have support ≥ s′ (which is 4) in updated database. FP ′ are
patterns in FPDB ∪ Re − FBDB ∪ FP db with support greater or equal to
s′ (of 4 transactions). Thus, FP ′ = {a:7, aa:4, ab:5, aba:4, b:6, ba:5, ae:4,
af:4, e:4, f:4}.

7. Finally, the frequent sequences in the incremental database, db, which are
(baef, aef) are inserted into the main revised Re − PL4UPDB to keep it
up-to-date, while the small code profile of the new small items in the new
changes as well as the small code profiles of all deleted nodes from the tree
are recorded in the small code profiles.

4 Experimental and Performance Analysis

A performance comparison of Re-PL4UP, PLWAP and ISE algorithms was con-
ducted. All these three algorithms were implemented and run on the same
datasets generated using the resource code for generating synthetic datasets
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downloaded from http://www.almaden.ibm.com/cs/quest/syndata.html. The
experiments were conducted on a Pentium 4 PC machine with 256 megabytes
of main memory running Windows operating system. The programs were writ-
ten in C++ under visual C++ environment. The number of transactions (D) in
this dataset is sixty thousand records, that is |D| = 60,000 records, the average
size of transactions (length of sequences) (T) is 10, |T | = 10, average length
of maximal pattern (that is, average number of items in the longest frequent
sequence) (S) is 6, or |S| = 6, number of items or events (N) (the total number
of attributes) is one thousand, N=2000. Assume the size of updated (inserted)
dataset is 20,000 records, and the support thresholds are varied between 1% and
20%. An experimental result is shown in Table 3.

Table 3. Execution Times for Dataset at Different Supports

Algorithms CPU Time (in secs) at Supports of
1 2 3 4 5

ISE 4000 1405 515 188 101

PLWAP 212 112 80 66 60

Re-PL4UP 164 69 40 27 14

Experiment 2: Execution Time for Databases with Different Sizes
We use different database sizes that vary from 20k to 100k to compare the three
algorithms. The minimum support 20% is used for Re-PL4UP, ISE and PLWAP
and the result of the experiment is shown in Table 4. The five datasets used for
the experiment are T10.S5.N2000.D20K, T10.S5.N2000.D40K, T10.S5.N2000.
D60K, T10.S5.N2000.D80K, and T10.S5.N2000.D100K.

Table 4. Execution Times at Different Transaction Sizes on Support 16%

Algorithms Different Changed Transaction Size
(times in secs) 20K 40K 60K 80K 100K

ISE 100 189 285 378 470

PLWAP 29 51 81 98 128

Re-PL4UP 19 33 54 83 105

5 Conclusions and Future Work

Re-PL4UP algorithm proposed in this paper, modifies an existing PLWAP tree
by utilizing the metadata of old database transactions as well as old mined fre-
quent patterns in order to incrementally update web log sequential patterns.
One major contribution of work is the technique for efficiently using position
codes of small items in database sequences to restore information about previ-
ous small items that were not stored in the tree, when the database is updated
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and these items become frequent, without re-scanning old database. Experiments
show that Re-PL4UP performs better than existing incremental sequential min-
ing algorithms and no huge candidate itemsets need to be generated. like the old
patterns and tree for mining the updated database. Future work should inves-
tigate applying technique to distributed and parallel mining that may involve
continuous time series data, and to web content and text mining.
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Abstract. It is important to retrieve aggregate information in spatio-
temporal applications. Recently, some applications, such as decision sup-
port systems, also require to mine frequent items based on a dataset
within a query region during a query interval. Because of unbounded
space requirement and slow response time, executing query based on
operational databases becomes inapplicable.
In this paper, we define the problem formally and give out a novel solu-
tion to overcome the above two disadvantages. Recently, some algorithms
are proposed to mine frequent items from a summarization(sketch) of a
mass dataset. In our solution, one of latest sketches is integrated with a
spatio-temporal index to provide good performance.

1 Introduction

Spatio-temporal databases play an important role in applications that involve
space and time. Road traffic supervision and location based mobile services in
large cities are typical examples. Most reported works have been focused on the
problems of efficiently querying aggregate information about objects qualified
on spatio-temporal conditions, such as the spatio-temporal count problem and
spatio-temporal sum problem [16].

Mining frequent occurrence items from a large data set has been a popular
research issue in databases, data mining and computer networks [1][7][8]. It is
also a critical research problem in spatio-temporal applications. For example, a
retail chain company such as 7-Eleven has many shops scattered in big cities.
Individual shops at different locations result in different sales at different time
periods. Queries about the aggregate sales of different product categories at
shops in different regions at different time periods require the transactions being
qualified on both spatial and time conditions. For example, the general manager
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uses a mouse to draw a region of the downtown area on the city map and wants
to find out the 10 best sold products in the shops in this area in the morning.
If the central data warehouse for transactions is very large, the quick response
to the dynamic space and time windows is a big challenge in implementing such
queries.

To our best knowledge, there is no efficient solutions available till now. In
this paper, we propose a new method by using hCount sketch(will be introduced
in Sect 2.2) to present spatio-temporal cells and a novel structure, sRB-tree, to
index such sketches. Our experiment results have shown that this new method
could produce good approximation results of spatio-temporal queries and in the
meantime significantly reduce the size of datasets.

The rest of the paper is organized as follows. In Sect 2, we formally define
the problem and introduce related work. Our solution is proposed in Sect 3. In
Sect 4, we present extensive experimental studies and report our findings. We
conclude our work in Sect 5.

2 Preliminaries

2.1 Problem Definition

Assume that there are a set of R 2D points p1, p2, . . . , pR, and any two points
can not overlap. Every timestamp, multiple transactions are produced in points.
Without loss of generality, we assume that all items are integers in a range of
[1..M ]. Let nk,p,t denote the net occurrence of item k at point p at timestamp
t. Each transaction tran(k, p, t) increases counter nk,p,t, i.e, nk,p,t = nk,p,t + 1.
Let Np,t denote the sum of net occurrence of all items at point p at timestamp
t, i.e, Np,t = ΣM

i=1nk,p,t.
Problem Spatio-Temporal Frequent-Item query(abbr. FI-query) accepts five

parameters, a rectangle qr, a time interval qt, a support parameter s ∈ (0, 1), an
error parameter ε such that ε � s and a probability parameter ρ such that ρ is
near 1. Let nk(q) and N(q) denote the occurrence of item k and the occurrence
of all items at points in qr during qt respectively, i.e, nk(q) = Σnk,p,t, N(q) =
ΣNp,t, where p ∈ qr and t ∈ qt. The goal of the query is to output items with
frequencies fk(q) over s, where fk(q) = nk(q)/N(q). Moreover, the error must
be guaranteed within ε with probability ρ.

2.2 Related Work

Mining frequent items from a mass itemset has been widely studied and lots
of work[4][5][6][12][14] has been completed these years. Some algorithms can
solve this problem by maintaining a small sketch (in other words, a hash table),
from which frequent items can be outputted anytime, such as hCount algorithm.
Lemma 1[12] shows that the precision of hCount algorithm can be guaranteed
given a small sketch.
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Lemma 1. [12] In hCount algorithm, given e
ε ·ln(− M

ln ρ) counters, each item can
be estimated with error no more than εN with probability ρ. Notice that N is the
size of itemset and M is the distinct number of items.

Numerous indexes have been proposed for indexing spatial databases and
temporal databases[11][3][13].

Papadias et al.[15] proposed aRB-tree, which is the first access method for
efficient spatio-temporal aggregation. Authors organized spatial data by a R-
tree. For each entry of R-tree, a B-tree is associated to present temporal data in
that region. Some aggregate information is saved in each entry of B-tree.

In [16], authors proposed an approach to query distinct number of objects
in spatio-temporal applications by replacing a FM-sketch[9] in each entry of
aRB-tree instead of simple aggregation data.

3 Our Solution

We will first introduce the global system architecture of our algorithm in Sect
3.1. And then, in Sect 3.2, four strategies are proposed to organize sketches in
various ways. Some discussion is given in Sect 3.3.
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Fig. 1. An small example

3.1 System Architecture

The big idea of this paper is to present the dataset of each cell by hCount
sketch, and to build an index to facilitate query. Fig. 2 presents our algorithm
architecture. One sketch producer (denoted as spi) is dispatched for a point pi.
The main task of spi is to present all items arriving in cell (pi, t) by a hCount
sketch spi,t. All sketch producers use same hash functions and create sketches
with same size. At the end of t, spi,t is transmitted to insert processor, where
it can be reserved in database as a sRB-tree(for details, see Fig. 3), based on
which an arbitrary FI-query can be answered.
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Fig. 3. A sRB-tree example

Lemma 2. Given c sketches, each presents one of c cells (px1, t1), (px2, t2),. . .,
(pxc, tc), we can mine frequent items from all items arriving in cells listed above.

The correctness of this lemma is due to the fact that, the sketch (from the
hCount algorithm) for the union of several datasets, is identical to the sum of
the sketch for each individual dataset. �

Lemma 3. Given 2 sketches, each presents a set of cells set1, set2. If set1 ⊃
set2, we can mine frequent items from all items arriving in set1 − set2.

The correctness of this lemma is due to the fact that hCount algorithm owns
ability to mine frequent items over updatable stream. �

sRB-tree. sRB-tree(sketch RB-tree) is used to index sketches in database.
We will illustrate sRB-tree with a small example. Assume that there are four
points(p1, p2, p3 and p4) placed in the example, as shown in Fig. 1(b). And Fig.
1(a) shows items arriving at each point from timestamp 1 to 8. Remember that
in the first step, each sketch producer must create a sketch every timestamp. For
simplicity, each sketch only contains 4 counters, and a item i is mapped to ith
position of the sketch. Fig. 1(c) shows all sketches created for data in Fig. 1(a).
Fig. 3 shows an sRB-tree for this example. The core part of an sRB-tree is a
R-tree to index spatio points, just as shown in Fig. 3(a). Notice that R1 and R2

are MBR(minimum bounding rectangle) for points p1, p2 and p3,p4 respectively.
Each entry of R-tree is affiliated with a B-trees to record historical sketches. Fig.
3(b)(c)(d) shows three B-trees built for R1, p1 and p2(B-trees for R2, p3, p4 are
omitted due to lack of enough space). Sketches in leaf entry of R-tree present
items created in each point, while sketch in non-leaf entry of R-tree is the sum
of corresponding sketches in child nodes. For example, the root node of R1 is
associated with sketch (2111), which is the sum of the (1000)(at the root of p1)
and (1111)(at the root of p2).

In Sect 3.2, we provide various strategies to organize sketches in B-tree other
than Fig. 3.
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Query Framework. According to Lemma 2,3, it is easy to answer FI-query
from an sRB-tree by following steps.

1. Initialize sketch RS to 0.
2. Search points/regions to construct qr.
3. For each point/region in Step(1), find sketches to construct qt according to

special strategy. Update RS.
4. Evoke hCount algorithm to get results from RS.

For example, assume that query rectangle qr is shown as shadowed part in
Fig. 1(b) and query time qt is set to [2, 5]. In Step (2), we search from the root
of R-tree, and find that R1 ⊂ qr and R2 intersects qr; continue to search R2,
we find that p4 ∈ R2 and p3 is out of R2. Then, in Step (3), we search B-trees
affiliated to R1 and p4 to get suitable sketches to update RS.

3.2 Four Strategies to Reserve Sketches

Previously, we have introduced that sketches can be indexed by an sRB-tree.
Here, we propose four strategies to organize sketches for each spatial region/point
in Fig. 4.

Let Si denote the sketch produced by sketch producer at timestamp i. Ai,
Bi, Ci and Di are denoted as sketches used in four strategies, whose intervals
are shown in Fig. 4(e). Fig. 5 shows B-tree constructed for p1 based on Fig. 1(c).
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Fig. 4. Four Strategies

Strategy 1: The most direct solution is to reserve each sketch transmitted from
Sketch Producer in database respectively, which can be found in Figure 3 and
Figure 4(a).

Meanwhile, this method is not efficient to execute a query. Assume qt is [a, b],
b−a+1 sketches (Aa,. . ., Ab) must be chosen from the B-tree to construct result
sketch. In an utter situation where qt = [1, T ], all T sketches must be found out.
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Fig. 5. An example on Strategies

Strategy 2: Strategy 1 is not efficient in answering a query, especially when qt
is large. Fig. 4(b) shows another way to organize sketches.The sketch in each leaf
entry (denoted as Si) is just the sketch transmitted from sketch producers, while
the sketch of each non-leaf node(denoted as Bt) is the sum of sketches within
[t− 2level(Bt) +1, t+2level(Bt)], where level(Bt) = max(i|t mod 2i = 0)+1. For
any Si, level(Si) = 0. We can find from Figure 4(b) that the number of sketches
reserved in database is 2T − 1.

Property 1. For any sketch Bt presenting [a1, b1] where b1 �= T , for any l, 0 ≤
l < level(Bt), we can find a sketch s presenting [a2, b2], level(s) = l, b1 +1 = a2.

For example, B2 presents [1,4], level(B2) = 2. We can find two sketches B5,
S5, each presenting [5, 6], [5, 5] and level(B5) = 1, level(S5) = 0.

Property 2. For any sketch Bt presenting [a1, b1] where a1 �= 1, for any l, 0 ≤
l < level(Bt), we can find a sketch s presenting [a2, b2], level(s) = l, a1−1 = b2.

For example, B7 presents [7,8], level(B7) = 1. We can find that sketch S6

presents [6, 6], level(S6) = 0.
These two properties can be applied to construct result sketch for qt like [a, b].

Aware that [a, b] = [1, b] − [1, a − 1] where a > 1, the problem can be solved if
qt in format [1, t](1 ≤ t ≤ T ) can be constructed. First, present t in binary
format; second, use two properties to select sketches. For example, T = 8, t = 5.
5 can be presented as 101 in binary format. By Property 1, we first choose
B2(level(B2) = 2, its interval begins in 1), and then, choose S5(level(S5) = 0,
its interval begins in 5). The result sketch can be constructed as B2 + S5. The
number of sketches is equal to the number of ’1’ bits. By Property 2, we first
choose B4(the largest interval, presenting [1, T ]), and then, B7(level(B7) = 1,
presenting [7, T ]), and finally, S6(level(S6) = 0, presenting [6,6]). The result
sketch can be constructed by B4 - B7 - S6. The number of sketches is equal
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to the number of ’0’ bits plus 2. Alternative property is chosen to decrease the
number of sketches. Clearly, arbitrary interval [a, b] can be constructed by at
most log T + 1 sketches.

Strategy 3: Fig. 4(c) shows another strategy. Each sketch Ct in this strat-
egy (Strategy 3) presents the sum of sketches within [t − 2level(t) + 1, t], where
level(t) = max(i|t mod 2i = 0). Strategy 3 also owns Property 1 of Strategy 2,
so that an interval like [1, t] can be constructed by at most log T sketches. Sim-
ilarly, any interval [a, b] can be constructed by no more than 2 log T sketches.

Strategy 4: The last strategy (Strategy 4) is shown in Fig. 4(d). Each sketch
Dt in this strategy presents the sum of sketches within [1, t].

When sketches are organized by this strategy, queries can be executed quickly.
An arbitrary interval [a, b] can be constructed by Db −Da−1 when a > 1, or just
Db when a = 1. At most 2 sketches is enough.

3.3 Discussion

Performance Analysis. Table 1 summarizes the performance of four strate-
gies. We can observe that the space requirement in Strategy 2 is nearly 2 times
of other three. When sketches are organized in Strategy 4, an arbitrary interval
can be constructed in shortest time.

Table. 1. Performance summary of four strategies

Strategy 1 Strategy 2 Strategy 3 Strategy 4
sketches reserved T 2T − 1 T T
sketches accessed at most T log T + 1 2logT 2

Extension. Currently, various kinds of sketches are developed for aggregate
query from a mass dataset, such as FM sketch for counting distinct items,
hCount sketch and Count sketch[4] for mining frequent items, RSS(random
subet-sums)[10] sketch for quantile, and tug-of-war sketch[2] for F2 moment,
.etc. These sketches can be divided into two groups. The first group can only
support plus set operator, which means that we can create the sketch for D1+D2

based on s1 and s2 where s1, s2 are sketches created for dataset D1, D2 and
D1 ∩ D2 = �. Besides of it, the second group can also support minus set oper-
ator, which means that we can calculate a sketch for D1 − D2 when D1 ⊃ D2

based on s1 and s2. FM sketch belongs to the first group. Along with hCount
sketch, Count sketch, RSS sketch and tug-of-war sketch belong to the second
group. All of these sketches can also be integrated with sRB-tree to solve spe-
cial problem in spatio-temporal applications. The first group can only organize
sketches in Strategy 1 and 3. Meanwhile, all four strategies can be applied to
organize sketches for the second group.
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4 Experiments

In this section, we will conduct some experiments to study the performance of
our method. Sect 4.1 examines the cost in executing a query, while in Sect 4.2,
we focus on the quality of query result.

4.1 Query Performance

Our query method shows that the time to execute a query mainly consists of two
parts: constructing result sketch RS and invoking hCount algorithm on RS. The
cost in invoking hCount algorithm is acceptable when the range of the universe
M is not large, which has been well studied in [12]. Here, we focus on the cost
to build a result sketch. Because sketches are reserved in disk, the cost to build
result sketch is linear to the number of sketches fetched, which is equal to the
number of R-tree entries selected(Step 2 in Query Framework) times the number
of sketches fetched per B-tree. Due to lack of real spatio-temporal datasets, we
implement our experiments in two steps. First, we construct R-tree based on a
real spatial dataset(downloaded from http://www.rtreeportal.org/spatial.
html) containing 9,203 culture landmarks in North American. Figure 6(a) shows
that the number of R-tree entries selected increase when qr varies from 5%
to 25% of the maximal region. Second, we can build B-tree(the maximal time
is 512) according to four strategies, and test the number of sketches required
to construct any qt. Figure 6(b) illustrates the number of sketches required in
different strategies when the query time interval qt increases from 2 to 256.
Strategy 4 behaves best, only 2 sketches are wanted whenever. Strategy 1 is the
worst one, in which the number of sketches is equal to the length of qt. The
number of sketches also increases in Strategy 2,3, but the speed is quite slow.
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4.2 Compression Rate

We have claimed earlier that our algorithm can present a mass dataset by a
small space, while error of query result can also be guaranteed. In this section,
we will show it through experiments. The topic detection and tracking (TDT)
is an important issue in information retrieval and text mining (http://www.
ldc.upenn.edu/Projects/TDT3/). We obtained a news collection of the news
stories distributed through Reuters real-time datafeed, which covers 114 days
and 100,672,866 (duplicate) words. We removed all articles such as “the” and
“a” and preprocessed the data collection by term stemming. This dataset can
be simulated as items for one point in a spatio-temporal application. Words of
articles in t day can be treated as items created at timestamp t. We organize
such a dataset in four strategies.

Figure 7 compares compression rate among strategies. The x-axis is the size
of the a single sketch, ranged from 10k to 80k, and y-axis is the compression
rate. In all situations, the compression rates are no more than 5%. We can also
observe that the compression rate of Strategy 2 is nearly two times of other 3
strategies.

recall and precision are two important factors to evaluate query result. The
recall of a result is the proportion of the frequent items that are found by the
method. The precision is the proportion of items identified by the algorithm
which are frequent items. We conduct extensive testing to show the performance
with different sketch size. We separate the whole time into a serial of continuous
query time intervals, whose length is 6. For each qt, output items over threshold
0.2%. Figure 6 shows precision and recall with different sketch size. Clearly, when
sketch size is over 40k, the algorithm can obtain high precision and recall at the
same time.
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5 Conclusion

Efficient aggregation is the critical goal for most spatio-temporal applications.
Recent work mostly focuses on how to count distinct moving objects and how to
mine association rules in spatio-temporal applications. Rare work done on min-
ing frequent items, which is also an important topic in various fields, including
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spatio-temporal applications. Although this problem can be solved by executing
queries upon a database where all items are reserved one by one, it is not efficient
neither in space requirement, nor in querying response time.

In this paper, we first define the problem (FI-query) of mining frequent items
in spatio-temporal applications formally. And then, we propose a novel approach
for this problem, where hCount sketch is used to compress a mass dataset and
sRB-tree is applied to index sketches. Aware that hCount sketch can support plus
and minus set operators, B-tree of sRB-tree can be constructed by four strategies.
Experiments show that this method behaves well for FI-query problem. Other
sketches with similar characters to hCount sketch can also be integrated with
sRB-tree for spatio-temporal applications. For example, we can integrate RSS
sketch and sRB-tree to solve quantile problem in spatio-temporal applications.
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Abstract. Common query patterns of multiple XML queries can be stored and 
shared to accelerate the query execution efficiently. We present a new tech-
nique for efficiently mining frequent XML query patterns with DTD cardinality 
constraints. We  first introduce a new definition of extended subtree for XML 
query patterns (EST), which provides a model for supporting special characters 
of “common” XML query pattern. Then we “push” the DTD cardinality con-
straints deep into the mining process to prune the search space and still ensure 
the completeness of the answers. Finally, we propose an algorithm FEST for ef-
fectively mining frequent ESTs to improve the query performance for XML 
data management system.  

1   Introduction 

The problem of efficiently answering XML queries has recently received increasing 
attention by the research community. Many efforts have been devoted to define query 
optimization techniques[1,2,3,4,5]. In the multi-query optimization, the common 
query patterns of multiple XML queries can be stored and shared to accelerate the 
query execution efficiently. Such common patterns typically arise in many applica-
tions like XML materialized view selection and semantic caching system for XML 
queries [6,7,8,9]. 

But how to exploit the frequent common patterns is a difficult problem. Previous 
works devoted to merge the multiple XML queries to generate the common expres-
sions, but this needs a lot of expensive calculations of query containment and equiva-
lence for XPath fragments, which is a CONP-Complete problem[2,3,4]. 

In this paper we present a new technique for efficiently mining frequent XML 
query patterns with DTD cardinality constraints and examine how the query perform-
ance in XML data management system can be improved effectively by using these 
frequent tree patterns. More specifically, we make the following contributions: 
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National ‘863’ High-Tech Program of China under grant No. 2002AA4Z3440. 
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• We introduce a new definition of extended subtree for XML query patterns (EST), 
which provides a model for supporting special characters of “common” XML 
query pattern such as the wildcard “*”, relative path “//” and the recursion. EST 
can extract patterns “hidden” (or embedded) deep within multiple query trees 
which might be missed by the traditional definition of subtree.  

• We “push” the DTD cardinality constraints deep into the mining process to prune 
the search space and still ensure the completeness of the answers. 

• Using the anti-monotone property, we propose an algorithm FEST for effectively 
mining frequent ESTs to improve the query performance for XML data manage-
ment system.  
The theoretical analysis shows that pruning the search space using DTD con-

straints can still ensure the completeness of the answers. We conduct a set of experi-
ments in our CoXML system and the experimental results generated from the real 
data reveal that the algorithm works well in practice. 

2   Preliminary Concepts and Problem Statement 

We introduce a new definition of extended subtree[10] to describe XML query pat-
tern (EST) here, which provides a model for supporting special characters of “com-
mon” XML query pattern such as the wildcard “*”, relative path “//” and the recur-
sion and can extract patterns “hidden” (or embedded) deep within large trees which 
might be missed by the traditional definition.  

We adopt a string representation of a tree in [10] and use the notation l(T) to refer 
to the label sequence of T, which consists of the node labels of T in depth-first order-
ing. 
 

Definition 1. (EST: Extended Subtree for XML Query Pattern) We say that a tree 
S = (Ns, Bs) is an EST of T = (N,B), denoted as S ≦ T, provided i) Ns ⊆ N, ii) b = (nx, 

ny) ∈Bs if and only if nx ≤l ny, i.e., nx is an ancestor of ny in T. In other words, we 

require that a branch appears in S if and only if the two vertices are on the same path 
from the root to a leaf in T. If S ≦ T, we also say that T contains S. An EST of size k 
is also called a k-subtree or k-EST.  
 

Definition 2. (Scope for Tree) Let T(nl) refer to the tree rooted at node nl, and let nr 

be the right-most leaf node in T(nl). The scope of node nl is given as the interval [l, r], 

i.e., the lower bound is the position (l) of node nl, and the upper bound is the position 

(r) of node nr. The concept of scope will play an important part in counting subtree 

frequency. 
Let D denote a database of trees (i.e., a forest), and let subtree S ≦ T for some T 

∈ D. Each occurrence of S can be identified by its match label, which is given as the 
set of matching positions (in T) for nodes in S.  
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Let δT (S) denote the number of occurrences of the subtree S in a tree T. Let dT (S) 

= 1 if δT (S) > 0 and dT (S) = 0 if δT (S) = 0. To find the “frequent” query patterns, we 

use the weighted support as the condition of mining. The weighted support of S is 
defined as σw(S) = ΣT∈D δT (S), i.e., total number of occurrences of S over all trees in 

D. Typically, support is given as a percentage of the total number of trees in D.  
 

Definition 3. (Frequent EST Mining Problem)  Given a user specified weighted 
support value W_Sup, the frequent EST mining problem is to efficiently enumerate 
all frequent EST in D whose occurrence frequency is greater than or equal to the 
W_Sup threshold.  

XML query trees, specified over a set of XML documents, usually conform to a 
Document Type Definition (DTD) (or an equivalent, such as XML Schema). We will 
use cardinality constraints in DTD[11] to make the mining process more efficient and 
still ensure the completeness of the answers.  
 

Definition 4. (Cardinality Constraints) In a DTD declaration, there are 4 possible 
cardinality relationships between an element and its sub-elements as illustrated below:  

<!ELEMENT article (title, author+, ref*, price?)> 
1) (0,1): An element can have either zero or one sub-element. 
2) (1,1): An element must have one and only one sub-element. 
3) (0,N): An element can have zero or more sub-elements.  
4) (1,N): An element can have one or more sub-elements.  

For convenience, we call each cardinality relationship as type A, B, C, D, respec-
tively.  
 

Definition 5. (DTD Cardinality Constraints Graph (CCG)) G is a pair (V,E), 
where V is a finite set and E is a binary relation on V. The set V consists of element 

and attributes in a DTD. Each edge e∈E, is labeled with the cardinality constraints 

relationships.  

3   Mining Frequent XML Query Patterns   
     with DTD Cardinality Constraints 

We present a technique which can effectively mine frequent XML query patterns 
with DTD cardinality constraints. We “push” the DTD constraints deep into the 
whole mining process to prune the search space and still ensure the completeness of 
the answers.  

3.1   Candidate Representation 

The concept of an equivalence class has proved very useful for systematic candidate 
generation for itemsets and sequences [12]. We now extend this concept to ESTs as 
well. 
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Definition 6. (Equivalence Class for ESTs) We say that two k-ESTs X, Y are in the 
same prefix equivalence class iff they share a common prefix up to the (k - 1)th node. 
Formally, let x, y be the string encodings of two trees, and let function p(x, i) return 
the prefix up to the ith node. X, Y are in the same class iff p(x, k - 1) = p(y, k - 1). 
Thus any two members of an equivalence class differ only in the position of the last 
node.  

We use a rightmost branch expansion technique to grow a tree by attaching new 
nodes only on the rightmost branch of the tree. It is sufficient to implement incre-
mental computation. To find frequent k-itemsets, a set of candidate k-itemsets is gen-
erated by self joining of the scope-list of (k-1)-itemsets.  

We use the notation L(X) to refer to the scope-list [10] of a tree X. Each element 
of the scope-list is a triple (t, m, s), where t is a tree id (tid) in which X occurs, m is a 
match label of the (k - 1) length prefix of X, and s is the scope of the last item xk. So 

the L(X) shows the information that where EST X occurs and the frequency of X 
occurs. If a scope-list of X occurs in at least the value of the minimum weighted sup-
port, the pattern is considered frequent.  

Let l1(EST1) and l2(EST2) be the scope-list of two (k-1)-ESTs in Lk-1, li[j] be the 

jth item in li and li[j] be the triple of (ti, mi, si). The self join of Lk-1 and Lk-1 is per-

formed where member of  Lk-1 are joinable if they satisfy the following 2 conditions: 

(1) ti = tj, (2)the first (k-2) items of mi and mj are in common. If si ⊂ sj, then accord-

ing to the notion of the rightmost branch expansion, add si as the child of sj. If si < sj, 

then add sj as the sibling of si. 

3.2   Using Cardinality Constraints to Reduce Candidate Generation Space 

DTD-graph G=(V, E) is a directed graph and we use the labeled adjacent matrix rep-
resentation. Suppose the set of labels of G is L={1,2,…,n}, the adjacent matrix for G 
is an n×n matrix A, where A [i, j] is one of the cardinality constraints relationships, 
that is the label of the arc from vertex i to vertex j in G. And a blank represents the 
absence of an arc. 
 

Example 1. Now consider a simple DTD and its CCG in Fig. 1. The adjacent matrix 
shown in the right of Fig. 1 is the cardinality constraints between adjacent pairs.  

In order to get cardinality constraints relationships between all pairs in CCG, we 
define a function : F(x, y)=x ∪+y , x, y∈{A, B,C, D}. It is defined as follows: 

 A∪+A A∪+B A∪+C A∪+D B∪+B B∪+C B∪+D C∪+C C∪+D D∪+D 

F(x,y) A A C C B C D C C D 

Table 1 describes algorithm GetCardinalityConstraint for computing the cardinal-
ity constraints between all pairs in CCG. Now we can use the adjacent matrix for 
cardinality constraints between all pairs to prune the search space during the process 
of class extension, including self extension according to the anti-monotone property. 
In other words, if an EST does not satisfy this constraint, then none of its supersets 
can satisfy the constraint either.  
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Fig. 1. A simple DTD D, its CCG and the adjacent matrix for cardinality constraints between 
adjacent pairs 

Table 1. Algorithm for computing cardinality constraints between all pairs 

GetCardinalityConstraint (A: array of [1..n, 1..n] ;A’: array of [1..n, 1..n]); 
1) int  i ,j, k:  
2) For i=1 to n do 
3)  For j=1 to n do 
4)   A’[i, j]=A[i, j]; 
5)  For i=1 to n do 
6)   For j=1 to n do 
7)                     For k=1 to n do 
8)        F(x, y)= A’[i, k] ∪+ A’[k, j]   

9)                                 A’[i, j]= F(x, y); 
 

 
Using the algorithm GetCardinalityConstraint and the data in example 1, we can 

get the adjacent matrix for cardinality constraints between all pairs shown in Fig. 2.  
 

 

Fig. 2. Adjacent matrix for cardinality constraints between all pairs 

Pruning by anti-monotone property can be applied at each iteration of Apriori-style 
algorithms to help improve the efficiency of the overall mining process, while 
guaranteeing completeness of the data mining query response. 
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3.3   FEST Algorithm for Mining Frequent ESTs 

In this section, we present the whole algorithm for effectively mining frequent ESTs 
with DTD cardinality constraints. There are two main steps to enumerate all the fre-
quent ESTs that occur in D. First, we need a systematic way of generating candidate 
ESTs whose frequency is to be computed. The candidate set should be non redundant, 
i.e., each EST should be generated at most once. Second, we need efficient ways of 
counting the number of occurrences of each candidate in the database D, and to de-
termine which candidates pass the weighted support threshold. 

During the mining process, we use the adjacent matrix for cardinality constraints 
between all pairs to prune the search space and still ensure the completeness of the 
answers. Table 2 describes the whole FEST algorithm. 

Table 2. Algorithm FEST for mining frequent ESTs 

Input: D (Database of XML Query Pattern Trees),  M (Matrix for DTD Cardinality 
Constraints ) and   W_Sup (Minimum Weighted Support) 

Output: L, Frequent Subtrees in D  

1)  L1 = Get_Frequent_Node(D, W_Sup) /*get the frequent 1-node subtrees in D*/; 

2)  for (k = 2; Lk-1 ≠ ∅; k++)  

3)  { 

4)  Ck = Get_Candidate_ESTs (Lk-1, M); 

5)  for each subtree s ∈ Ck 

6) if (GetScopeListLenth(s)>W_Sup) then 

7)    Lk = Lk∪{s}; 

8)   } 

9)   return L = ∪kLk； 

procedure Get_ Candidate_ESTs (Lk-1: frequent (k-1)-itemset; M: Matrix for DTD Car-
dinality Constraints) 

1) for each subtree l1∈Lk-1 

2) for each subtree l2∈Lk-1 

3)    if (l1.Prefix = l2.Prefix) then  

4)    { 

5)       R = RightmostBranchExpansion(l1, l2); 

6)       for each subtree le∈ R 

7)       if (ValidateCardinalityConstraints(le, M) = TRUE) then  

8)       { 

9)           c= GetSelfJoin (l1, l2, le); 

10)           Ck = Ck∪{c};           

11)       }    

12) } 

13) return Ck; 
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Example 2. Fig. 3 shows a database of 3 query trees conforming to the DTD in Fig. 1, 
The user specified minimal weighted support W_Sup is 3. Fig. 4 shows the mining 
result F4  of all the frequent ESTs in the database using algorithm FEST. Table 3 and 

Table 4 show the main process of mining the frequent ESTs using algorithm FEST. 
 

 
Fig. 3. Query trees conforming to the DTD in Fig. 1 

Table 3. Computing F1 

① ② ③ ④ ⑤ ⑥ 
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Fig. 4. Result of F4 

Computing subsequent frequent patterns in the same way until no new candidate is 
generated. Here, we only show the result F4 because of the limited space. 

During the mining process, in order to count the number of occurrences of each 
generated extended subtree, we can scan the scope-list of them. If the number of the 
triples of a subtree is more than or equal to a user-specified threshold, then the sub-
tree is frequent, and otherwise, it should be eliminated from the candidate ESTs. On 
the other hand, we use the adjacent matrix for cardinality constraints between all pairs 
to prune the search space (with symbol ‘╳’).  

4   Analysis of Algorithm and Experimental Evaluation 

Lemma 1. For every EST P in equivalence class of k-ESTs, let nr is the right-most 

leaf node in P, whose scope is given as [r,r]. Then valid element may be attached to 
only those nodes that lie on the path from the root to the right-most leaf nr in P for 

generating (k+1)-ESTs. 
The key of the candidate ESTs generation in the FEST algorithm is the rightmost 

branch expansion, a technique to grow a tree by attaching new nodes only on the 
rightmost branch of the tree. 
 

Theorem 1. (Soundness of the Algorithms)  Every tree in the L = ∪kLk generated 

by FEST algorithm is a frequent EST in D with the occurrence frequency greater than 
or equal to the weighted support threshold.  
Theorem 2. (Completeness of the Algorithm)  The algorithm FEST generates all 
possible frequent ESTs. 

Recently, we are developing CoXML, an XML-based information integration sys-
tem. We have conducted a series of experiments in CoXML system to test the effi-
ciency of the algorithm and compare it with the tree mining algorithm without DTD 
constraints. We can see that the PEST algorithm achieves higher performance.  
• The First Experiment：Efficiency of FEST Algorithm Running on Different 

Data Sets 
In this experiment, we check the efficiency of FEST algorithm running on differ-

ent data sets: one for e-business DB-E and the other for news DB-N. Fig. 5(a) depicts 
the execution time of the FEST algorithm with weighted support varying from 1% to 
5%. Fig. 5(b) depicts the execution time with a number of XPath query trees varying 
from 200 to 1000.  

1
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5

T0,023,[5,5] 

T1,123,[4,4] 

T2,012,[5,5] 
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• The Second Experiment: Comparing the FEST Algorithm against the Tree 
Mining Algorithm without DTD Constraints 

Now, we compare the FEST algorithm against the Tree Mining algorithm (TM) 
without DTD constraints according to the weighted support and the numbers of 
XPath query trees. Fig. 6(a) depicts the execution time of the two algorithm with 
weighted support varying from 1% to 5%. Fig. 6(b) depicts the execution time of the 
algorithm with a number of XPath query trees varying from 200 to 1000. These two 
were conducted both on DB-N.  

The set of results conducted on the real XML data reveal that the algorithms pro-
posed in the paper work well in practice.  

Fig. 5. (a) Varying weighted support. (b) Varying the number of XPath query trees 

Fig. 6. (a) Varying weighted support. (b) Varying the number of query trees 

5   Conclusion 

We present a new technique for efficiently mining frequent XML query patterns with 
DTD cardinality constraints. First we introduce a new definition of extended subtree 
for XML query patterns (EST). Then we “push” the DTD cardinality constraints deep 
into the mining process to prune the search space and still ensure the completeness of 
the answers. At last, using the anti-monotone property, we propose an algorithm 
FEST for effectively mining frequent ESTs to improve the query performance for 
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XML data management system. We conduct a set of experiments in our CoXML 
system. The experimental results generated from the real data reveal that the algo-
rithms work well in practice. 
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Abstract. Data mining extracts implicit, previously unknown and potentially 
useful information from databases. Many approaches have been proposed to ex-
tract information, and one of the most important ones is finding association 
rules. Although a large number of researches have been devoted to this subject, 
to the best of our knowledge, no previous researches find association rules from 
genealogical data. In this paper, we use a DAG (directed acyclic graph) to rep-
resent the genealogical data of families, where a node can be viewed as a mem-
ber in the family tree, the features associated with a node as the characteristics 
of the corresponding person and the arcs as the parental relationships between 
members. In the DAG, two kinds of inheritance rules are defined, which indi-
cate how the characteristics of ancestors are passed down to descendants, and 
an algorithm containing four stages is proposed to discover the inheritance 
rules. 

1   Introduction 

The aim of data mining is to extract implicit, previously unknown and potentially 
useful information from databases [1]. Many approaches have been proposed to ex-
tract information. One of the most important ones is mining association rules, which 
is to find the relationship between items in transaction databases. 

The methodology was first introduced by Agrawal, Imielinski and Swami [2] and 
can be stated as follows. Given two non-overlapping subsets of product items, X and 
Y, an association rule in form of X → Y indicates a purchase pattern that if a customer 
purchases X then it is likely that he or she also purchases Y. Two criteria, support and 
confidence, are commonly used to select the association rules. Support is a measure 
of how often the transactional records in the database contain both X and Y, and con-
fidence is a measure of the accuracy of the rule in predicting the purchasing pattern. 
By far, the Apriori algorithm [3] is the most known algorithm for mining association 
rules.  

Since association rules are useful and easy to understand, the method has also at-
tracted increased research interest, and many extensions have been proposed in recent 
years, including (1) algorithm improvements [4]; (2) fuzzy rules [5]; (3) multi-level 
and generalized rules [6]; (4) quantitative rules [7]; (5) spatial rules [8]; (6) inter-
transaction rules [9]; (7) interesting rules [10]; (8) temporal association rules [11] and 
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(8) inheritance rules for flexible model retrieval [12]. Brief literature reviews of asso-
ciation rules are given by [1, 13].  

Although a lot of extensions have been done to the area, to the best of our knowl-
edge, no existing research has ever considered the possibility of finding association 
rules from a DAG (directed acyclic graph) database. The traditional association rule 
could only find the associations between different products, from which we could 
know which products a customer usually buys together. However, when we are given 
a database consisting of many DAG structures, the traditional method is unable to 
find the relations between them, because the data structure is no longer linear but 
becomes acyclic-graph structured. Undoubtedly, this inability means that valuable 
information is still hidden in the database, still unknown for users. Let us use the 
following example to explain the potential applications of mining rules from DAG 
data. 

We can use a DAG to represent the genealogical data of families, where a node 
can be viewed as a member in a family tree, the features associated with a node as the 
characteristics of the corresponding person and the arcs as the parental relationships 
between members. The features associated with a node correspond to any observable 
phenomenon of that person; say the biological characteristics, social status, religion 
status, health conditions, types of diseases, etc. A node will have at most two incom-
ing arcs, for a person has at most two parents. On the other hand, a node can have as 
many outgoing arcs as the number of children he bears. In this way, DAG data can be 
used to represent genealogical data consisting of many family trees. In addition, the 
discovered association rules may indicate how the characteristics of ancestors are 
passed down to descendants, and how they evolve through the inheritance process. 

In this paper, the objective is to find association rules from a DAG database. How-
ever, we bound the problem in a more specific environment so that the proposed rules 
can have more abundant and clear semantics in practice. Here, the tradeoff is that, if 
we view DAG as a very generic structure, then it is difficult to define the rules that 
are meaningful in all kinds of situations. However, if we consider the problem in a 
narrower domain, then the defined rules will become more meaningful in the corre-
sponding contexts. In view of this, we restrict our problem within the domain of min-
ing genealogical data, from which we intend to study their inheritance relationships 
between generations.  

Therefore, in the remainder of the paper we view a DAG as the genealogical data 
of families. In such a graph, two kinds of inheritance rules will be discovered, where 
the rules indicate how the characteristics of ancestors are passed down to descen-
dants. In Section 2, we will formally define the problem and the inheritance rules. 
Next, the solution framework and data preprocessing methods will be given in Sec-
tion 3. Finally, the conclusion and future perspectives are discussed in Section 4. 

2   The Problem and the Inheritance Rules 

We firstly define the DAG data structure in Section 2.1. Then, Section 2.2 defines the 
inheritance rules. 
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2.1   The DAG Data Structure 

Let G = (V, E) denote a directed acyclic graph, where V = {v1, v2, …, vn} is a set of n 
nodes and E = {e1, e2, …, em} is a set of m arcs. Let Fv={Fv1, Fv2…, FvC} denote the 

set of all the features in the node set. And, each node vx is associated with a set fvx of 

features, where fvx ⊂ Fv. Since a node v has at most two incoming arcs, we have 

m≤2×n. For ease of presentation, the following functions are defined. 

1. V(g) (E(g)) returns the set of nodes (arcs) in DAG g. 
2. F(vx) returns the features associated with node vx. 
3. F(V′) returns the set of features of nodes in V′. 
4. is-ancestor(vx, vy)=true if vx is an ancestor of vy; false otherwise. If vx=vy, the value 

is true. 
5. k-ancestor(vx, vy)=true if vx is vy′s ancestor k generations ago; false otherwise. The 

value of k must be nonnegative. When the value of k is 0, it returns true if vx=vy. 
6. ancestors(vx)={vy| is-ancestor(vy, vx)=true}. 
7. descendants(vx)={vy| is-ancestor(vx, vy)=true}-{vx}. 
8. T(g, ugap, lgap)={ vx | vx ∈V(g) ∧ (∃vy, k-ancestor(vy, vx) ∧ k≥ugap) ∧ (∃vy, k-

ancestor(vx, vy) ∧ k≥lgap) } 

In the above, is-ancestor(vx, vy) indicates whether vx is an ancestor of vy. To deter-
mine this relation, we need to check if there is a path from node vx to node vy in DAG. 
Similarly, to determine k-ancestor(vx, vy), we need to check if there is a path with k 
arcs from vx to vy. As to the function ancestors(vx), it finds all ancestors of node vx, 
including itself. On the contrary, descendants(vx) is used to find all descendants of 
node vx. Finally, T(g, ugap, lgap) denotes the set of the nodes which have ancestors at 
least ugap generations ago and descendants at least lgap generations later. When 
ugap=0 and lgap=0, it equals to the set V(g). When ugap=1 and lgap=0, it will re-
move all the nodes who have no ancestors from V(g). But, if we set ugap=2 and 
lgap=2, every node in T(g, 2, 2) will have some ancestors at least two generations ago 
and some descendants at least two generations later. Fig. 1 shows an example of ge-
nealogical data, and Fig. 2 is the corresponding DAG.  

 

Daniel  Doris Douglas  Dorothy Dick  Duke 

Carl  Cathy  Chad     Cora  Carter   Cherry 

A B                   C      AE     D    A 

  A    AB     A                 CE     B       B 

C      A 

  CE     C     C      B     B      E 

Adam   Eve

Baron   Bertha Ben     Bonnie  Brady Betty 

BC

David

 
Fig. 1. An example of genealogical data 
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A

EB B

AC

AD

B

CCE C

B

AEC

CEAA AB

B

BC

 
Fig. 2. The corresponding DAG 

2.2   The Inheritance Rules 

According to the definitions given in the previous section, we are ready to define the 
two kinds of inheritance rules. In the following, we will introduce the inheritance 
rules one by one, and for each one we first discuss its application scenario and then 
its definition. 

As to the first kind, let us consider the following scenario. Suppose we already 
know John possesses some features, say A and B. Then, we may be interested in 
finding how likely the descendants of John will have some other features, say B and 
C. In the rule form, it can be expressed as AB→BC. For reference, we call this kind 
of rule as father-descendants rule (F-D rule), because it analyzes how the features of a 
person pass down to his descendants. 

Intuitively, the rule AB→BC can be determined as follows. First, we must find 
how many fathers contain features AB in all pairs of fathers and descendants. Let this 
value be 4%. Next, we must find how many pairs of fathers and descendants contain 
features (AB, BC) in all pairs of fathers and descendants. Let this value be 2%. From 
these two values, we know that, among all these 4% pairs prefixing with AB, half of 
them are followed by BC.  

To state it formally, we call the pair (X, Y) as a featureset-pair, where X and Y are 
two sets of features (featureset). In the pair, X or Y can be replaced by a wild charac-
ter *, which denotes any possible feature including null. So, any feature set, including 
null set, contains *. The following definition shows how the transactions can be de-
rived from the DAG to find F-D rules. 
 

Definition 1. Let g denote a DAG. Then the transactions generated for finding F-D 
rules are T-1(g)={(L, R) | l in V(g) ∧ r in V(g) ∧ l≠r ∧ is-ancestor(l, r)=true ∧ L=F(l) 
∧ R=F(r) }. 

According to the above definition, a transaction is created for each pair of father 
node and descendant node, and the content is a featureset-pair, where the first comes 
from the father and the second the descendant. The support of (X,*) is defined as the 
percentage of transactions in T-1(g) where L contains X and R contains *. Similarly, 
the support of (X, Y) is the percentage of transactions in T-1(g) where L contains X 
and R contains Y. Besides, we have a minimum support threshold, and all the feature-
set-pairs with supports no less than the threshold are called frequent featureset-pairs. 
Finally, the support of frequent (X, Y) is divided by the support of frequent (X,*) and 
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the value is called the confidence of X→Y. If the confidence is greater than the mini-
mum confidence, the F-D rule X→Y holds. 

The second kind of inheritance rule is concerned with the inheritance relationships 
between ancestors and descendants. Let us consider the following scenario. Suppose 
we already know that the ancestors of John, i.e., John as well as all of his ancestors, 
possess some features, say A and B. Then, we may be interested in finding how likely 
the descendants of John, excluding John, will have some other features, say B and C. 
In the rule form, it can be expressed as AB⇒BC. For reference, we call this kind of 
rules as ancestors-descendants rule (A-D rule), because it analyzes how the features 
of ancestors affect those of the descendants. 

Intuitively, the rule AB⇒BC can be determined as follows. First, we must find the 
percentage of persons whose ancestors contain features AB. Next, we must find the 
percentage of persons whose ancestors contain AB and whose descendants contain 
BC. From them, the rule can be determined.  

To generate transactions for A-D rules, we select a set of persons as pivots, from 
each of which a transaction is generated. In other words, the number of pivots deter-
mines the number of transactions. However, it is not proper to include all persons as 
pivots, because some persons in DAG may only have few ancestors or few descen-
dants. Using them as counting pivots may distort the mining result. For this reason, 
we allow the users to filter the data by setting the parameters ugap and lgap in func-
tion T(g, ugap, lgap). The following definition states how the transactions can be 
generated from DAG to find A-D rules. 
 

Definition 2. Let g denote a DAG. Then the transactions generated for finding A-D 
rules are T-3(g)={(L, R) | p ∈ T(g, ugap, lgap) ∧ L=F(ancestors(p)∪{p}) ∧ R= 
F(descendants(p)) }. 

In the above definition, a transaction is created for every person p in T(g, ugap, 
lgap), and the content is a featureset-pair, where the first comes from the ancestors 
and the second from the descendants. After that, all the other measures can be defined 
as similar to the first inheritance rule; thus, they are omitted. 

3   The Solution Method and the Generation of Transactions 

According to the discussions in Section 2, the steps for finding inheritance rules can 
be summarized as follows.  
1. Generate transactions from DAG data. 
2. Find the supports of all frequent patterns (X,*). 
3. Find the supports of all frequent patterns (X, Y). 
4. Generate the inheritance rules from all frequent patterns (X,*) and (X, Y). 

After step 1, we will have a set of generated transactions, denoted as t1, t2, …, tz. 
Here, transaction ti is formed of a pair (s1i, s2i), where s1i and s2i are sets of items. 
For ease of reference, let us call the set containing s11, s12, …, s1z as the antecedent 
transaction set, while the set containing s21, s22, …, s2z the consequent transaction 
set. Before executing steps 2 and steps 3, let us label all the items in the two sets with 
different tags. Say, an item A appearing in the antecedent set may be relabeled as A1, 
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but the same item A in the consequent set should be relabeled as A2. By this way, no 
items will appear in both sets, or stated in another way, all the items in the antecedent 
set are different from those in the consequent set.  

After re-labeling items’ name, we can regard each transaction ti as a set of items, 
where each item in ti either comes from s1i or from s2i. When an item is labeled with 
superscript “1”, it is from s1i. Otherwise, it is from s2i. In other words, the current 
representation of transaction ti allows us to clearly indicate where an item in ti comes 
from, either from s1i or from s2i. Since the current transaction format has no differ-
ence from that of a typical transaction database, we can use the traditional association 
algorithm to mine this new database [2, 3, 4]. After mining, all the frequent itemsets 
can be represented as {(X, Y)}, where X is a set of items in s1i and Y is a set of items 
in s2i. Besides, since a subset of frequent itemset must be also frequent, if we found 
(X, Y) frequent, we will also have (X, *) frequent. Therefore, from the frequent item-
sets, we can find the supports of all frequent patterns (X,*) as well as the supports of 
all frequent patterns (X, Y). The final step is to generate all the inheritance rules from 
all frequent patterns (X,*) and (X, Y). Most papers did not discuss this issue, for it can 
be easily done. In our case, it is still simple. We first sort all the frequent patterns 
(X,*). Then we sort all frequent patterns (X, Y). Finally, merging these two sources 
along with confidence computation generate all inheritance rules. Since existing 
methods can be used to solve steps 2 and 3 and since step 4 can be easily done, we 
will devote the remainder of this section to study how to generate transactions from 
DAG data.  

3.1   Generate Transactions for F-D Rules 

Let n and m denote the number of nodes and arcs in DAG g, respectively. Since each 
person has at most two parents, we have m≤2n. According to Definition 1, transac-
tions are created for all pairs of nodes vi and vj, where vi is an ancestor of vj. Thus, we 
can do it by following algorithm GT-FD-1 in Fig. 3. In this algorithm, all the pairs of 
nodes are examined; thus, we have to examine O(n2) pairs. For each pair of nodes, 
finding a path between them can be done by depth first search, which needs time 
O(m)=O(n). Totally, we spend O(n3) time to generate the transactions.  

Although Algorithm GT-FD-1 is correct, it is inefficient because it needs n2 tra-
versals. To reduce the redundancy, Algorithm GT-FD-2 in Fig. 4 does the traversal 
beginning from every node vi. For all the nodes vj encountered, it is certain that node 
vi is an ancestor of node vj; thus, we can create a transaction for them. This way, we 
execute the traversal n times. Since each traversal can be done in time O(n), the total 
time complexity is O(n2).  

 
For i= 1 to n do 
For j= 1 to n do 

If node v
i
 has a path leading to node v

j 

then create a transaction for the pair of v
i
 and v

j
. 

Fig. 3. Algorithm GT-FD-1 
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For i= 1 to n do 
Do a traversal beginning from node v

i
 

For every node v
j
 encountered 

Create a transaction for the pair of v
i
 and v

j
. 

Fig. 4. Algorithm GT-FD-2 

n/2 nodes are at the bottom level 

level 1 

level 2 

level 3 

The complete binary tree is built from n/2 nodes. 

level 0 

 
Fig. 5. There are O(n2) pairs of ancestors and descendents 

Theorem 1. The time complexity of Algorithm GT-FD-2 is optimum, meaning that 
no algorithm can generate the transactions with a better time complexity. 
 

Proof. Let us use a DAG shown in Fig. 5 to prove. In the figure, n/2 nodes are used 
to build an upside-down binary tree, and the other n/2 nodes are put at level 0. Note 
that the nodes at the top level are not necessarily at the same height. Every node in 
the tree has only one child and at most two parents, but the nodes at level 1 will have 
all the nodes at level 0 as their children. Obviously, all n/2 nodes at level 0 have n/2 
ancestors in the tree. Thus, there are totally O(n2/4)=O(n2) pairs of ancestors and 
descendents. Since all these pairs need to be output, it is impossible to have an algo-
rithm with time complexity less than O(n2).  ! 

3.2  Generate Transactions for A-D Rules 

Without loss of generality, assume that each node vi is attached with a Boolean array 
Fvi of C elements, where Fvi(j)=1 means feature j appearing in the node and 0 other-

wise. Further, we assume that arrays S and D have the same structure as that of Fvi. 

According to Definition 2, a transaction is created for every node vi in T(g, ugap, 
lgap), and the content of a transaction is a pair of featureset, where the first is the 
features of ancestors(vi)∪{vi}and the second is the features of descendants(vi). So, 
we can generate the transactions by following Algorithm GT-AD-1 in Fig. 6. In this 
algorithm, every node will be set as pivot at most once. Let vi denote the pivot. Then, 
we will do an upward search to find the features of all the ancestors and put them into 
S. After that, we will do a downward search to find the features of all the descendants 
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and put them into D. Finally, we create a transaction by combining S and D into a 
sequence. Here, the upward search and the downward search can be done by applying 
the breadth-first search algorithm; thus, they will examine O(n) arcs and O(n) nodes. 
For each node vj that is currently visited, we need to unite the features in S or D with 
those in Fvj, and it can be done in time O(C) for they are Boolean arrays of C ele-

ments. Putting them together, the time for processing each pivot node is O(nC). Since 
we have at most n pivot nodes, the total time complexity is O(n2C).  

In the following, we will further improve the time complexity of Algorithm GT-
AD-1. To this end, we first do a topological search on DAG, and arrange all the 
nodes according to their topological order [14]. Without loss of generality, let v1, v2, 
…, vn denote all the nodes arranged according to the topological order.  

In Algorithm GT-AD-2, each node vi is attached with three Boolean arrays Fvi, Svi 

and Dvi of C elements, where Fvi is used to store F(vi), Svi to store 

F(ancestors(vi)∪{vi}) and Dvi to store F(descendants(vi)). Basically, the algorithm 

contains four loops. The first loop is to set the initial values of Svi and Dvi. Since Svi 

includes the features of node vi, the initial value of Svi is set as Fvi. On the contrary, 

since Dvi excludes the features of node vi, the initial value of Dvi is set as a zero array. 

The second loop is to pass down the features of ancestors to descendants. So, we 
iterate over the nodes v1, v2, …, vn to pass down the features and store the features 
inherited along with those originally existed in node vj into Svj. The third loop is to 

send the features of descendants up to ancestors. So, we iterate over the nodes vn, vn-1, 
…, v1 to repeatedly send the features up and store the features coming from the de-
scendants into Dvj. Finally, the fourth loop will output all feasible pairs of (Svi, Dvi) 

as transactions.  
Fig. 8 shows a DAG with 8 nodes, where the number beside each node is its topo-

logical order and the Boolean array in a node denotes Fvi. In the second loop, we 

examine the nodes in accordance with the topological order. In each examination, we 
will pass down the features to its children. After that, we will go to the third loop, 
where we examine the nodes in an order exactly contrary to the topological order. 
That is, the examination sequence is nodes 8, 7, 6, 5, 4, 3, 2 and finally 1. In each 
examination, we will send the features up to its parents. After the third loop, our re-
sult is shown in Fig. 9, where the Boolean array in each node is Dvi. Suppose only 

nodes 3, 4 and 5 are our transaction nodes, then the generated transaction would be 
((1,0,1,0,0), (0,1,0,0,0)), ((1,1,0,1,0), (1,0,1,0,1)) and ((1,1,0,1,0), (1,1,1,0,1)). 

For i= 1 to n do 
If v

i
 is not in T(g, ugap, lgap) then exit. 

S=φ, D=φ. 
For every node v

j
 in ancestors(v

i
)∪{v

i
} do S=S∪Fv

j
. 

For every node v
j
 in descendants(v

i
) do D=D∪ Fv

j
. 

Create a transaction with (S, D) 

Fig. 6. Algorithm GT-AD-1 
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Do a topological search to arrange the nodes 
For i= 1 to n do Sv

i
= Fv

i
 and Dv

i
=zero array; 

For i= 1 to n do 
For every arc (v

i
, v

j
) do Sv

j
=Sv

i
∪Sv

j
. 

For i= n to 1 do 
For every arc (v

j
, v

i
) do Dv

j
= Dv

j
∪Dv

 i
∪Fv

i
. 

For i= 1 to n do 
If v

i
 is not in T(g, ugap, lgap) then exit. 

Create a transaction with (Sv
i
, Dv

i
)  

Fig. 7. Algorithm GT-AD-2 
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Now, we will analyze the time complexity of Algorithm GT-AD-2, which contains 
a topological search and four loops. At first, the topological search can be done in 
time O(n) for the DAG with O(n) arcs and n nodes. The first loop and the fourth loop 
can both be done in time O(nC), because they examine every node once and in each 
examination they need to set an array of C elements or output a transaction of 2C 
elements. The second loop and the third loop can both be done in time O(nC), be-
cause they examine every arc once and in each examination they need one or two 
union operations between arrays of C elements. In sum, the total time required is 
O(nC). 
 

Theorem 2. The time complexity of Algorithm GT-AD-2 is optimum, meaning that 
this time complexity is impossible to be further improved. 
 

Proof. We have O(n) transaction nodes in the DAG and each transaction contains two 
feature arrays of C elements. To output all these transactions we need time at least 
Ω(nC), not to mention the time to generate the transactions. So, we conclude that 
Algorithm GT-AD-2 is the best time complexity algorithm.    

4   Conclusion 

The problem studied is to find two kinds of inheritance rules from DAG data. To 
mine these rules, an algorithm consisting of four stages is developed. This paper has 
some possible extensions. First, as mentioned in the introduction the data in many 
applications can be represented by using DAG data structure. When more applica-
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tions about DAG data are considered, we believe that many other kinds of association 
rules can be developed. Second, since DAG data is just a specialization of graph data, 
it is a reasonable extension that we may consider how to define association rules in 
graph data. Finally, we can associate a quantitative value with each arc or node in the 
DAG to denote some kind of attributes meaningful in practical situations. And the 
problem becomes how to find quantitative inheritance rules from DAG data.  
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Abstract. Data mining extracts implicit, previously unknown and potentially 
useful information from databases. Many approaches have been proposed to ex-
tract information, and one of the most important ones is finding frequent pat-
terns in databases.  Although much work has been done to this problem, to the 
best of our knowledge, no previous research studies how to find frequent DAG 
(directed acyclic graph) patterns from DAG data. Without such a mining 
method, the knowledge cannot be discovered from the databases storing DAG 
data such as family genealogy profiles, product structures, XML documents and 
course structures.  Therefore, a solution method containing four stages is pro-
posed in this paper to discover frequent DAG patterns from DAG databases.  

1   Introduction 

Data mining extracts implicit, previously unknown and potentially useful information 
or patterns from databases. Many approaches have been proposed to extract informa-
tion. One of the most important ones is finding frequently occurred sub-structures, 
called frequent patterns, from databases.  In the past, much work has been done to 
this problem. Various variants of frequent patterns have been proposed. Examples of 
these variants include finding frequent itemsets from transaction databases, finding 
frequent sequential patterns from sequence data, finding frequent traversal patterns 
from web traversal data and finding frequent sub-trees or sub-graphs from databases 
containing tree data or graph data. In the following, we give a more detailed discus-
sion about the last problem. 

The last problem aims to find tree patterns [1, 2, 3] or graph patterns [4, 5, 6, 7, 8] 
from databases containing graph data or tree data. In fact, these two approaches are 
closely related, since graphs are a generalization of trees, and trees are a specializa-
tion of graphs. Therefore, if we use the algorithms for mining graph patterns to mine 
the database of tree data, we can still find tree patterns, though we may spend a 
longer time to do so. On the other hand, the algorithms for mining tree patterns are 
not able to discover graph patterns from graph data, because of the limitation imposed 
by the algorithms. This comparison shows their relative strength and weakness is that, 
though the algorithms for mining tree patterns are more limited in their applicability, 
they are more efficient. On the contrary, though the algorithms for mining graph 
patterns may spend a much longer time, the problems they can solve are more gen-
eral. These opposite characteristics indicate how these two approaches can be in co-
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existence with each other. When the problem on hand is still under the scope of tree 
pattern mining, we prefer using the tree mining algorithms to do the job, for this 
saves run time. On the other hand, when the problem on hand goes beyond the scope 
of tree pattern mining, we may resort to the graph pattern mining algorithms, though 
they need a much longer time to run. 

Although a lot of works have been done on mining tree patterns or graph patterns, 
to the best of our knowledge, no existing research has ever considered the problem of 
mining DAG (directed acyclic graph) patterns from a DAG database. In many appli-
cations, the underlying data are of DAG structure. For example, family genealogy 
profiles, web navigation patterns, bills of materials in production control, XML 
documents, task precedence relations and course prerequisite structures can all be 
represented as DAG data. When we are given a database of DAG data, the traditional 
tree pattern mining methods would unable to find the patterns from them, because the 
data structure is no longer tree but now becomes acyclic-graph structured. On the 
other hand, though we can use the algorithms for mining graph pattern to do the job, 
the spending time would be terribly long. In view of these difficulties, a requirement 
arising immediately is to have efficient algorithms that can mine DAG patterns from 
DAG databases.  

The paper is organized as follows. In Section 2, we formally define the problem. 
Next, the solution method is given in Section 3. In Section 4, experiments are per-
formed to show the performance of the proposed algorithm. Finally, the conclusion is 
drawn in Section 5.  

2   The Problem 

Let D = (V, E) denote a directed acyclic graph, where V = {v1, v2, …, vn} is a set of n 

nodes and E = {e1, e2, …, em} is a set of m arcs. Let FV={fv1, fv2…fvp} denote the 

set of all the features in the node set. Each node vx is associated with a set Fvx of 

features, where Fvx ⊂ FV.  

For ease of presentation, the following notations and functions are defined before 
getting into the detailed discussion. 
1. V(g) is the set of nodes in DAG g. 
2. E(g) is the set of arcs in DAG g. 
3. F(vx) is the features associated with node vx. 

4. head(ey)=v1 and tail(ey)=v2 if ey=(v1, v2).  

5. |E(g)| = m, if there are m arcs in DAG g. 
6. |V(g)| = n, if there are n nodes in DAG g. 
7. A(g)={vv∈V(g)∧(∀e, e∈E(g)∧ tail(e)≠v)} 

Here, A(g) denotes the set of nodes which have no ancestors in DAG g and D(g) 
the set of nodes which have no descendants in DAG g. For specificity, we call the 
nodes in A(g) as the source nodes and the nodes in D(g) as the sink nodes.  If we 
apply the function A(g) to the DAG in Fig. 1(b), we will have two nodes, where one 
is attached with features {a, b, c} and the other {c, d}.  
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Fig. 1. (a) DAG g1. (b) DAG g2 

In the following, we give two definitions concerning DAG, which will be used to 
define what a DAG pattern is. 

Definition 1. gs is a subgraph of g if the following conditions are satisfied. (1) gs is a 

DAG, (2) V(gs) ⊂ V(g), and (3) E(gs) ⊂ E(g). Accordingly, we have the function 

subgraphof(gs, g). 

Another important relation between two DAG data is “contained-by”, which 
means the features of a graph is contained by another graph of the same size and we 
use ⊂ to denote this operation.  

Definition 2. For two graphs g1, g2 with the same number of nodes, we say g1⊂g2, 
if the following two conditions are satisfied. (1) For every node u in g1, we can map 
it to a node θ(u) in g2 in one-to-one correspondence such that F(u) ⊂ F(θ(u)). (2) For 
every arc e1=(u, v) in g1, there exists an arc e2 in g2 such that e2 = (θ(u), θ(v)).  

Next, we define the function instanceof(p, g) to determine if a DAG pattern p is an 
instance of a DAG g. It will return true if ∃i, subgraphof(i,g) ∧ p⊂i. This means that, 
p is an instance of g if we can find a subgraph of g, say i, so that i contains p. For 
example, please refer to Fig. 1. It is easy to see that instanceof(g1, g2) is true because 
we can find a subgraph i in g2 such that g1⊂i. 

Having defined the function instanceof(p, g), we now define the support of a pat-
tern p. Let DAGS be the set of DAGs that we are about to mine. Then, the support of 
pattern p in DAGS can be determined as follows. 

||
|)} ,(|{|) ,(

DAGS
ipDAGSiiDAGSp instanceof∧∈=sup  

Finally, a DAG pattern p is a frequent pattern if its support exceeds the minimum 
support threshold specified by the users.  

3   The Algorithm 

This section focuses on finding a special type of DAG patterns, called the pyramid 
pattern, which is a DAG pattern but with only one source node.  Formally speaking, a 
DAG pattern p is a pyramid pattern if |A(p)|=1. For example, Fig. 1(a) is a pyramid 
pattern. Focusing on finding pyramid patterns can simplify the design of the algo-
rithm. However, this doe not harm our ability to find DAG patterns hidden in the 
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original DAG database, because by slightly transforming the original DAG data all 
DAG patterns can still be found from the new DAG database.  The following are the 
steps to do this data transformation. First, we create a virtual source node s′ with a 
special feature f′, where f′∉FV. Then, we create arc (s′, u) for each node u in each 
DAG data. For example, the DAG data g2 in Fig. 1(b) can be transformed to the 
DAG data g2′ shown in Fig. 2(a). Let DAGS′ denote the set of DAG data obtained 
after this transformation. In DAGS′, the algorithm would find all pyramid patterns 
satisfying the properties that (1) the source node of a pyramid pattern must contain 
feature f′ and (2) the arcs leaving from the source node must enter the nodes at the 
second level. Fig 2(b) shows a pyramid pattern that we can find from the extended 
DAG data in Fig. 2(a). 

abc

ad

bc bd

cd

f'
s'

 
ad

bc bd

f'

 
 (a) (b) 

Fig. 2. (a) DAG g2′. (b) A pyramid pattern in g2′ 

The following theorem shows the transformation is correct. 

Theorem 1. There is a one-to-one correspondence between DAG patterns in DAGS 
and pyramid patterns in DAGS′.  

Our algorithm contains four phases, and we will introduce it one by one in the fol-
lowing subsections. 

3.1   Find the Set of Frequent Feature Sets 

There are two reasons for finding frequent feature sets (FFS). First, we can remove 
the features associated with a node in a DAG which are not frequent. Finding FFS 
earlier can remove the unnecessary feature data in the initial stage of the algorithm. 
Second, knowing FFS can reduce the number of candidate patterns generated in later 
stages, and this improves the efficiency of the algorithm.  

The following theorem shows why FFS can reduce the number of candidate pat-
terns.  

Theorem 2. Let u denote a node in a frequent pattern fp. Then the features associated 
with node u must be a feature set in FFS. 

According to this property, when generating candidate patterns, we only need to 
consider the feature sets in FFS, and other feature sets can be excluded from consid-
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eration. It is obvious that FFS can be found by applying the well-known methods for 
mining frequent itemsets [9, 10]; so, we omit the details. 

3.2   Remove the Unnecessary Feature Data 

Having obtained the FFS, we then remove the unnecessary feature data from the 
input. To do so, we scan the features of every node in each DAG. If we find any fea-
ture that does not appear in FFS, it can be removed. For example, assume FFS ={{a}, 
{b}, {e}, {h}, {b, e}, {a, b}}. Then, all the features not in the set {a, b, e, h} are re-
moved.  

3.3  Find Linear Patterns 

The steps in this and the next sections are based on the property that a pattern would 
not be frequent unless all of its sub-patterns are frequent, meaning that we can con-
struct candidate patterns from their frequent sub-patterns. Therefore, we first find 
linear patterns, because linear pattern is not only a special pyramid pattern but also a 
sub-pattern of general pyramid patterns. To obtain all linear patterns, we begin from 
smaller linear patterns and gradually expand them to larger linear patterns by apply-
ing this property once again, i.e., a smaller frequent linear pattern is a sub-pattern of a 
larger frequent linear pattern.  

To each node in the pattern, two data are attached, where the first is its feature set 
and the second is its depth. The algorithm iterates phase by phase. First, we construct 
a linear pattern of a single node with feature f′. Afterwards, the frequent linear pat-
terns found in the previous phase are used to construct the candidate set of linear 
patterns in the next phase. After executing the k-th phase, we will find all frequent 
linear patterns with k nodes. Finally, all frequent linear patterns are stored in the vari-
able FreqLinear.  

3.4  Find the Pyramid Patterns 

With each node on a pyramid pattern, two data are associated, where the first is its 
feature set and the second is the depth of this node in the pattern, where the depth of a 
node is defined as follows. (1) depth(root)=1, and (2) depth(v)=max{depth(u)|arc (u, 
v) exists in the pattern}+1. 

Suppose we are given frequent pyramid patterns of depth i and with j-1 nodes. 
Then, how can we generate the candidate set of pyramid patterns of depth i but with j 
nodes? To this end, we need to add one new node, say v, into an original pattern with-
out increasing its total depth. But, how can we connect the new node v to the other 
nodes without violating the pyramid property? The answer to this question depends 
on the depth of node v where we will put it. Obviously, node v cannot be at depth 1, 
for this will make the pattern contain more than one source. Suppose we want to put 
node v at depth k, where 2≤k≤i. To ensure node v staying at depth k, the following 
conditions should be satisfied. 
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1. We must create arc (u, v) for at least one node u at depth k-1. 
2. It doesn’t matter if arc (u, v) is added or not, if the depth of node u is from 2 to k-2. 
3. It is not allowed to have arc (u, v), if the depth of node u is no less than k. 

With the above rules, the constructed pattern will have at least one arc connecting 
a node at depth k-1 to node v, and all the other arcs connecting to node v are from 
those nodes whose depths are smaller than k. So, the newly constructed pattern is still 
a pyramid pattern and the newly added node stays at depth k. By iterating the value of 
k from 2 to i, we will finally generate all pyramid patterns of depth i and with j nodes. 

For example, let us consider the original pattern shown in Fig. 3(a), which has 5 
nodes and has depth 3. To expand this pattern with one more node but without in-
creasing the depth, the new node can be added either at depth 2 or at depth 3.  Sup-
pose we want to add a new node with feature {b}. When it is put at depth 2, it will be 
like the one shown in Fig. 3(b).  But, if we put the new node at depth 3, there are 
totally three possible combinations as shown in Fig. 3(c). 

 
 

f′

ab be 

abe bc 

 
f′

ab be

abe bc

b

depth=1 

depth=2

depth=3 

 
f′

ab be

abe bc b

depth=1 

depth=2 
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a1 a2

 
 (a) (b) (c) 

Fig. 3. Add a new node into a pattern with five nodes and depth 3 

Function Expand(Pyramid pp){ 
 let Ret be a null set. 
 for each fs in FFS { 
  for depth d = 2 to i { 
   create a new node v with features fs. 
   let Sd-1 be the set of nodes of depth d-1. 
   let S<d-1 be the set of nodes of depth from 2 to d-2. 
   for all nonempty subsets v1 in Sd-1{ 

for all subsets v2 in S<d-1{ 
    make a new pattern npp by adding edges 
         from all nodes in v2 and v1 to node v. 
    if npp is not a duplicate pattern then add npp to Ret. 
    } 
   } 
  } 
 } 
 return Ret. 
}  

Fig. 4. The pattern expansion algorithm 

Fig. 4 shows how the expansion can be done. For a given input pattern pp, the 
function obtains a set Ret of extended patterns, where each extended pattern has one 
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more node than pp but has the same depth as pp.  However, the generated pattern 
should not be isomorphic to another candidate pattern produced before. If so, then 
this pattern is a duplicate pattern and should be deleted before it is put into the set 
Ret. All these generated patterns are the candidates of frequent patterns. 

Let us define PPi,j as the set of frequent pyramid patterns of depth i and with j 

nodes.  For example, the pattern of Fig. 3(a) is in PP3,5, and the patterns of Fig 3(b) 

and Fig. 3(c) in PP3,6.  According to the definition of PPi,j, it is clear that they satisfy 

the following properties: (1) j≥i, and (2) Since PPk,k is the set of frequent linear pat-

terns of k nodes, all the sets like PP2,2, PP3,3, … can be obtained directly from 

FreqLinear, which was obtained in the preceding phase. 
The main program, MinePP(), is shown in Fig. 5, which contains two loops. The 

central part of the program is to find PPi,j. If it succeeds, the next cycle of the inner 

loop goes to find PPi,j+1. Otherwise, the inner loop stops and the next cycle of the 

outer loop goes to find PPi+1,i+1. This will be repeatedly executed until we cannot find 

any frequent set. In short, the algorithm finds all PPi,j in the following order: PP
2,2

→ 

PP
2,3

→ PP
2,4

→ …; PP
3,3

→ PP
3,4

→ PP
3,5

→…; PP
4,4

→ PP
4,5

→ PP
4,6

→….  
To successfully execute the above procedure, two problems should be solved: (1) 

We must know how to compute PPk,k for 2≤k, and (2) When we are given PPi,j-1, we 

must know how to compute PPi,j from PPi,j-1. The first problem is easy to answer, 

since it can be obtained from FreqLinear.  Therefore, the only problem is how to 
compute PPi,j from PPi,j-1. The following explains how it can be done. 

1. For every pattern in PPi,j-1, using the expansion program in Fig. 4 to add a new 

node into it. Let us denote the resulting set as PPi,j(1). 

2. Remove from PPi,j(1) those patterns which have infrequent sub-patterns. Let us 

denote the remaining set as PPi,j(2). 

3. Compute the supports of the patterns in PPi,j(2). Remove the infrequent patterns. 

The resulting set is PPi,j. 

Step 2 checks if a pattern has any infrequent sub-patterns. If so, then the pattern 
will be removed from PPi,j(1). However, we do not need to check all possible sub-

patterns, because except the newly added node all the other nodes are existing nodes 
and the sub-patterns formed of these existing nodes are known frequent. Thus, we 
only need to check if the sub-patterns containing the newly added node are frequent 
or not.  To do this check, a better way is to enumerate all the paths from the root node 
to the new node. Note that all these paths are linear sub-patterns. Further, they must 
be frequent; otherwise, the whole pattern is not frequent either. Therefore, we only 
check if these linear sub-patterns are in FreqLinear or not. If any of them do not, the 
whole pattern is infrequent and can be discarded. For example, all the paths from the 
root node to the new node in Fig. 3(c) are ({f′}, {be}, {b}) and ({f′}, {ab}, {b}). If 
any of these linear patterns are not frequent, then the candidate pattern of Fig. 3(c) 
can be removed. 
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Function MinePP(){ 
 let FreqPyramidPattern be a null set. 
  for(int i=2; ;i++){ 
  for(int j=i; ;j++){ 
   compute PP[i,j] from PP[i,j-1],  
   if PP[i,j] is empty{ 
    break. 
   }else{ 
    add PP[i,j] to FreqPyramidPattern. 
   } 
  } 
  if PP[i,j] is empty and PP[i+1,i+1] is empty{ 
   break; 
  } 
 } 
}  

Fig. 5. The main program 

4   Performance 

To study the performance, the algorithm is implemented in Java language and tested 
on a Pentium III-933 Windows-2000 system with 768 megabytes of main memory.  
Besides, we use JVM (J2RE 1.3.0 IBM build cn130-20010207) as the Java execution 
environment. We generate the synthetic data by modifying the well-known synthetic 
data generation program [9, 10].  

The first parameter FV is the total number of features. The second parameter 
Fvx is used to determine the number of features attached to a node. To determine 

its size, we picked up a value from a Poisson distribution with mean Fvx. The third 

parameter D helps us to determine the number of children of each node. Its value 
is determined by picking up a value from a Poisson distribution with mean D. In 
the experiment, we set these three parameters as 1000, 10 and 2, respectively. 

To model the phenomenon that a child node is often somewhat similar to its par-
ents, some fraction of features of a child node is inherited from its parents. The fourth 
parameter I is designed for this purpose, where the inheritance fraction of a node is 
determined by picking up a value from a Normal distribution with mean I and stan-
dard deviation 0.1. When the value of I is larger, a child node will be more similar to 
its parents, and this will produce more frequent patterns. Our experiment sets I as 
either 0.6 or 0.8. 

For a child node with Fvx features and inheritance fraction I, Fvx× I  fea-

tures are inherited from its parent, while the other features are selected from maximal 
potentially frequent feature sets. If the selected feature set is longer than the space left 
in the transaction, we sequentially pick up the features in the set until the predestined 
transaction size has reached. On the other hand, if the selected feature set is shorter, 
the remaining features are generated at random. The generation of maximal poten-
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tially frequent feature sets L follows the traditional way of generating maximal poten-
tially large itmsets [9, 10]. In our experiment, we set L=300 and f=2. 

In each run of simulation, we first generate a big DAG, containing more than 
10000 nodes. From every node a DAG data is created by using it as the root and de-
leting the nodes and arcs not reachable from the root. In this way, the original DAG is 
partitioned into a lot of DAG data, as many as the total number of nodes. Finally, we 
use this set of DAG data as the input database. Three experiments are performed. The 
first and the second compare the algorithm′s execution times for different numbers of 
nodes and for different support thresholds. Finally, the third compares the numbers of 
generated frequent feature sets (FFS) and frequent pyramid patterns (FPP) for differ-
ent support thresholds. 

In the first experiment, we set I=0.6, f=2 and the minimum support=2% (for 
simplicity, we abbreviate I=0.6, f=2 as I0.6f2.) To compare running time for dif-
ferent values of V, we generate the data sets for V=10000, 15000, 20000, 25000 
and 30000. Fig. 6 shows that the execution time increases in linear relation with the 
size of the network. In the second experiment, we set I0.6f2 and V=10000, and the 
minimum support value is varied from 1.75% to 2.75%. Fig. 7 shows that the execu-
tion time decreases sharply when the minimum support increases. In the third ex-
periment, to compare the numbers of FFS and FPP for different support thresholds 
we set I0.6f2 and V=10000 and vary the minimum support value from 1.75% to 
2.75%.  The results in Fig. 8 and Fig. 9 indicate that the smaller the minimum support 
is, the more frequent patterns we have. Basically, the results of all these three experi-
ments match our expectation. However, comparing the result in Fig. 6 with that in 
Fig. 7, we find that changing the minimum support value has a stronger impact on the 
performance of the algorithm than changing V. Therefore, when the efficiency of 
the algorithm is not satisfactory, it would be easier to have an acceptable performance 
by changing the minimum support value than by reducing the problem size. 
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5   Conclusions 

The problem studied in this paper is to find DAG patterns from DAG data. In this 
paper, an algorithm consisting of four stages is developed, including (1) find the set 
of frequent feature sets, (2) remove the unnecessary feature data, (3) find the linear 
patterns and (4) find the pyramid patterns.  
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Abstract. Detection of outliers is important in many applications and has at-
tracted much attention in the data mining research community recently. How-
ever, most existing methods are designed for mining outliers from a single data-
set without considering the class labels of data objects. In this paper, we con-
sider the class outlier detection problem, i.e., “given a set of observations with 
class labels, find those that arouse suspicions, taking into account the class la-
bels.” By generalizing two pioneering contributions in this field, we propose the 
notion of class outliers and practical solutions by extending existing outlier de-
tection algorithms to detect class outliers. Furthermore, its potential applications 
in CRM (customer relationship management) are discussed. The experiments 
on real datasets have shown that our method can find interesting outliers and 
can be used in practice. 

1   Introduction 

A well-quoted definition of outliers given by Hawkins[3] states that “an outlier is an 
observation that deviates so much from other observations as to arouse suspicion that 
it was generated by a different mechanism”. The majority of the past research efforts 
have been focused on the problem of detecting deviants in a single dataset without 
considering the class labels of data objects. 

Problem 1 (Traditional Outlier Detection). Given a set of objects, find those that 
deviate significantly from the rest, regardless of class labels. 

As shown in [1,2], it does not cover the important practical situations where we 
have collections of points with class labels. Consider the following illustrative exam-
ple of customer analysis in CRM:  

Example 1. Customer segmentation is to divide the entire customer population into 
smaller groups, called customer segments. As time goes on, customers shift among 
segments. One can move from the loyal segment to the vulnerable segment in terms 
of profits. Therefore, it is critical to identify these potential losers. From the viewpoint 
of outlier detection, even though everything may look “normal” when we ignore seg-
ment types in the whole customer base, they may deviate with respect to the� loyal 
segment and look “normal” with respect to the�vulnerable segment.  

Therefore, we consider the class outlier detection problem. 
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Problem 2 (Class Outlier Detection). Given a set of observations with class labels, 
find those that arouse suspicions, taking into account the class labels. 

To our knowledge, the class outlier detection problem has only been explicitly 
considered in [1,2]. Unfortunately, the two papers only consider a special case of 
class outlier. In [1], the class outlier is defined as “semantic outlier”. A semantic out-
lier is a data point, which behaves differently with other data points in the same class, 
while looks ‘normal” with respect to data points in another class. In contrast, the au-
thors of [2] proposed the cross-outlier detection problem. That is, given two sets (or 
classes) of objects, find those that deviate with respect to the other set. 

In this paper, we target at detecting outliers in the classified data. We define the 
class outliers and propose the algorithms to detect the class outliers. Furthermore, 
how to apply it in CRM is discussed and its effectiveness is evaluated on real datasets. 

2   Definitions of Class Outliers 

Definition 1. (Class Outlier Detection). Given a set of observations with class labels, 
find those that arouse suspicions, taking into account the class labels. 

Firstly, we introduce two basic types of class outliers: local class outlier and refer-
ence class outlier. And some notions to be used are listed in Table 1. 

Table 1. Notations 

Notion Meaning 
DB 

Set of objects DB={C1, C2, …, Ck}, Ci ∩ Cj=φ  and C1 ∪ C2 ∪  …, ∪ Ck = DB 

|DS| The number of elements in set DS 
Sp (DB) We let the span of a set DB, denoted by Sp (DB), be the set of all unions of subsets of DB. That is, { }DBBCDBSp

BC
⊆∪=

∈
|)(  

Ci Set of objects with class label cli 
cli The class label for Ci 
T The target set for class outlier mining, T∈DB 

 
Definition 2. (Local Class Outlier Detection). Given DB and a target set T, for an 
object p∈T, the local class outlier factor of p, denoted as LCOF (p), captures the 
degree to which we call p an outlier with respect to T. The local class outlier detection 
problem is to find those suspicious objects according to the value of LCOF (p). 

Definition 3. (Reference Class Outlier Detection). Given DB and a target set T, for 
an object p∈T, the reference class outlier factor of p, denoted as RCOF (p, Ci), cap-
tures the degree to which we call p an outlier with respect to Ci, the set of objects with 
class label cli. The reference class outlier detection problem is to find those suspicious 
objects according to the value of RCOF (p, Ci). 

In Definition 2, we consider the problem of detecting outlying observations from a 
target set of objects T, with respect to itself. It is named as “local class outlier” be-
cause even though everything may look “normal” in DB when we ignore object types, 
there is still a possibility that the objects are “suspicious” objects if we relate them 
only to objects of T. 

In Definition 3, we want to discover points in T that “arouse suspicions” with re-
spect to points in set C

i
. Note that our notion of reference class outlier is same as that 
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of cross-outlier proposed in [2]. As pointed out in [2], the local class outliers are a 
special case of reference class outlier, when C

i
.=T. However, the following observa-

tions motivate us to define them separately: 
1) Firstly, from the application viewpoint, in spite of their similarities in represen-

tation, their meanings differ significantly. Consider Example 1, a local class outlier in 
the loyal segment is a possible churn customer that needs to be retained. While a ref-
erence class outlier in the vulnerable segment may be a loyal customer because it 
shares little in common with customers in the vulnerable segment. Hence, explicitly 
distinguishing these two kinds of outliers is of great advantage for business users.  

2) Secondly, from the viewpoint of the algorithm design, some traditional ap-
proaches (or local class outlier detection methods) can be modified to deal with the 
reference class outlier detection problem, but the task is non-trivial [2].  

So far, we only provide the concepts of local class outlier and reference class out-
lier, and assume that both can be mined by extending the existing methods. Implanta-
tion details will be discussed in the next section. We further assume that the outlier 
factor values are normalized onto the interval [0,1]. For the degree of an object being 
an outlier measured by its outlier factor, without loss of generality, we assume that the 
higher the outlier factor of an object is, the higher its degree of being an outlier. In the 
sequel, we introduce set union class outlier, where the reference set is the union of 
some sets. 

Definition 4. (Set Union Class Outlier). Given DB and a target set T, for an object 
p∈T, the set union class outlier factor of p with respect to R, is denoted as SUCOF 
(p, R), where R ∈Sp (DB). Moreover, a set union class outlier can be divided into two 
kinds: local set union class outlier and reference set union class outlier. That is, p is 
called a local set union class outlier if T ⊆ R; it’s outlier factor is denoted as 
LSUCOF (p, R); Otherwise, p is called a reference set union class outlier and it’s 
outlier factor is denoted as RSUCOF (p, R). 

According to Definition 4, both local class outlier and reference class outlier are 
special cases of set union class outlier. They are distinguished by the reference set. 
More concisely, if R=T, LSUCOF (p, R)= LCOF (p); if Cij=R, RSUCOF (p, R)= 
RCOF (p, R); More importantly, when R=DB, the problem of set union class outlier 
detection is equal to the traditional single-class outlier detection problem. That is, 
given a set of objects, find those that deviate significantly from the rest regardless of 
class labels. Therefore, all aforementioned outlier detection problems can be studied 
in the framework of set union class outlier. 

We now turn to another kind of outlier-combined class outlier, which can be re-
garded as a further extension to the set union class outlier. 

Definition 5. (Combined Class Outlier). Given DB and a target set T, for an object 
p∈T, the combined class outlier factor of p is defined as:  

CCOF (p, {R1, R2, …, Rm})= ⊕ (v1, v2, …, vm)                                      
Where ⊕  is the combiner function, which computes the outlier factor value form 

v1, v2, …, vm, Ri∈Sp (DB) and vi = SUCOF (p, Ri) or vi = 1–SUCOF (p, Ri). 
If m>1, we call p a true combined class outlier. 
From Definition 5, the value of the combined class outlier factor is the result of ap-

plying the combiner function ⊕  to some set of values. Each vi∈(v1, v2, …, vm) is the 
set union class outlier factor of p or its reciprocal.  
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Compared to other types of class outlier, we refer to multiple sets instead of a sin-
gle set. Note that the set union class outlier is also a special case of the combined 
class outlier, that is, CCOF (p, {Ri})= ⊕ (vi)= vi = SUCOF (p, Ri) or 1–SUCOF (p, Ri). 

 To complete the description of the combined class outlier, we discuss the follow-
ing issues: our choice of combining operators and the usefulness of combined class 
outlier in real applications. 
 

Choosing a combining operator: Our potential choices for ⊕  are the following1. 
We offer some additional insights on these choices in Section 5. 

• The product operator ∏ : ⊕ (v1, v2, …, vm) = v1v2 … vm. 

• The addition operator +: ⊕ (v1, v2, …, vm) = v1+ v2 +…+ vm. 
• A generalization of addition operator-it is called the Sq combining rule, where q is 

an odd natural number. Sq (v1, v2, …, vm) = )/1(
21 )...( qq

m
qq vvv +++ . Note that the 

addition is simply an S1 rule. 

• A “limited” version of Sq rules, denoted as ∞S . ∞S (v1, v2, …, vm) is defined to be 
equal to vi, where vi has the largest absolute value among (v1, v2, …, vm). 

Thus, the S1 combining rule is linear to the component outlier factors. On the other 
hand, for q>1, the ∏ and Sq rules involve a non-linear term for each individual outlier 

factor. ∞S is an especially appealing rule, since it is non-linear and particularly fast to 
compute. It has certain useful “sum-like” properties. 
 
Practical use of the combined class outlier: According to Hawkins [3], an outlier is 
an observation that deviates so much from other observations as to arouse suspicion 
that it was generated by a different mechanism. We introduce a set of class outlier 
factors for each object in the dataset, indicating its degree of being an outlier. We 
have assumed that the outlier factor values are normalized onto the interval [0,1] and 
the higher the outlier factor value of an object p is, the higher the degree of being an 
outlier (For set union class outlier, its outlier factor is denoted as SUCOF (p, Ri)). 
Therefore, we give the following statement:  

“The lower the outlier factor value of an object p is, the lower the degree of being 
an outlier. More concisely, objects with lower values of outlier factor are more likely 
to be generated by the same mechanism”. 

Based on the above statement and assumption, a higher SUCOF (p, Ri) value (or a 
lower (1–SUCOF (p, Ri)) value) indicates a higher chance of being an outlier. In con-
trast, a lower SUCOF (p, Ri) value (or a higher (1–SUCOF (p, Ri)) value) indicates a 
lower chance of being an outlier. 

Furthermore, given two sets R1 and R2, SUCOF (p, R1) and SUCOF (p, R2) denote 
the outlier factor values of an object p with respect to R1 and R2, respectively. From 
the outlier detection viewpoint, all possible combinations using the combining opera-
tor ⊕ are listed in Table 2. 

As shown in Table 2, taking SUCOF (p, R1) ⊕ SUCOF (p, R2) as an example, we 
can derive the fact that: “The higher the SUCOF (p, R1) ⊕ SUCOF (p, R2) value of the 

                                                           
1  The choices for ⊕  have been widely studied in dynamic systems. In this paper, we borrow 

some interesting idea from Ref. [4].  
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object p is, the higher the chance of being an outlier with respect to R1 and R2”. Other 
combinations can be illustrated in a similar way. To complete the description of the 
usefulness of the combined class outlier, considering the following example. 

Table 2. Combinations and their meanings 

Combinations Meanings 
SUCOF (p, R1) ⊕ SUCOF (p, R2) The object p deviates from both R1 and R2. 

SUCOF (p, R1) ⊕  (1-SUCOF (p, R2)) The object p deviates from both R1 and looks normal in R2. 

(1-SUCOF (p, R1)) ⊕ SUCOF (p, R2) The object p deviates from both R1 and looks normal in R2. 

(1-SUCOF (p, R1)) ⊕  (1-SUCOF (p, R2)) The object p looks normal in both R1 and R2. 
 

Example 2. Following Example 1, a potential customer that was transferred from the 
loyal segment (denoted as L) to the vulnerable segment (denoted as V) would satisfy 
the following desired properties. 1) His (Her) behavior is very exceptional in com-
parison with the rest of customers in the loyal segment, and 2) he (she) looks very 
normal with respect to customers in the vulnerable segment. Hence, for our purpose, 
to simultaneously incorporate these two measures into an integrated measure, SUCOF 
(p, L) ⊕ (1-SUCOF (p, V)) will be a good choice.  

The “semantic outlier” proposed in [1] is defined informally as: “A semantic out-
lier is a data point, which behaves differently with other data points in the same class, 
but looks “normal” in another class”. Obviously, the “semantic outlier” is a special 
case of combined class outlier. 

3   Algorithms 

In this section, we propose our methods for mining class outliers. We begin with 
identifying the difference on the score model building between the class outlier detec-
tion and the traditional outlier detection. Consequently, we show how to modify exist-
ing outlier detection algorithms for class outlier mining. 

3.1   Difference on Score Model Building 

In Section 2, we have discussed that the outlier factor of the combined class outlier is 
result of applying the combiner function ⊕  to some set of values of set union class 
outlier factors. Therefore, the main challenge task is to compute the set union class 
outlier factor for each object in the target set. That is, we focus on the problem of 
detecting outlying observations from a target set of points T, with respect to a refer-
ence set of points R.. We want to discover points p∈T that “arouse suspicions” with 
respect to points r∈R. As discussed in Section 2, the traditional single-set outliers are 
a special case of R = T. 

Since the traditional outlier detection algorithms build a scoring model using data 
points in T and the outlier factor for each point is computed with the derived model, 
we can describe those algorithms using the following schema A1 (See Fig.1). 

The algorithmic schema A2 for the class outlier detection algorithms is shown in 
Fig.2. Compared with schema A1, the training set for building the scoring model is 
R+{p}. Thus, for each point p, the model SM has to be re-constructed. For real data 
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mining applications, the size of dataset is often very large, the frequency re-
constructing process will be time-consuming. Motivated by the above observation, as 
shown in Fig.3, we propose a new algorithmic schema A3 by modifying the algo-
rithmic schema A2. 

The algorithmic schema A3 can be regarded as a fast approximation schema for the 
class outlier detection. In Section 3.2 and Section 3.3, we modify two existing outlier 
detection algorithms according to schema A3. 

The algorithmic schema A3 can be regarded as a fast approximation schema for the 
class outlier detection. In Section 3.2, we modify two existing outlier detection algo-
rithms according to schema A3. 

 
Algorithmic Schema A1: 
Build scoring model SM using T 
foreach Point p∈T { 
Outlier factor OF (p) = ComputeScore ( p, SM);
}  
Sort points according to outlier factors 
DoSomething ( ) ; 

 

 Fig. 1. The algorithmic schema A1   Fig. 2. The algorithmic schema A2 

Algorithmic Schema A3:
Build scoring model SM using R 
foreach Point p∈T { 
Outlier factor OF (p) = ComputeScore ( p, SM);
}  
Sort points according to outlier factors 
DoSomething ( ) ; 

 

Fig. 3. The modified algorithmic schema A3 for the class outlier detection algorithms 

3.2   Two Class Outlier Detection Algorithms 

According to the algorithmic schema A3, We make modifications to two traditional 
outlier detection algorithms, i.e., the frequent pattern based outlier detection method 
[5] and the cluster-based local outlier detection approach [6]. Due to space limitation, 
a detailed description on the two modified algorithms, FindCCBLOF and 
FindCFPOF, is omitted here and can be found in [7]. 

4   Applications in CRM 

In this section, we describe two potential applications of our method in CRM: Loyalty 
and Direct marketing. 

4.1   Loyalty 

Loyalty is a key program of CRM. It is important to detect customers, which have the 
intension to leave from the loyal segment (denoted as L) to the vulnerable segment 
(denoted as V). As discussed in Section 2, these customers satisfy the following prop-
erties.  

Algorithmic Schema A2: 
foreach Point p ∈T { 
Build scoring model SM using R+{p}; 
Outlier factor OF (p) = ComputeScore ( p, SM);
}  
Sort points according to outlier factors 
DoSomething ( ) ; 
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1. Their behaviors are very exceptional when compared with the rest of customers in 
the loyal segment. 

2. These customers look similar to the customers in the vulnerable segment. 

Hence, within the framework of class outlier, we will have three alternative meas-
ures to identify those customers (a customer is denoted as p).  

1. SUCOF (p, L) –measure the likelihood of p being an outlier with respect to L.  
2. (1–SUCOF (p, V))–measure the likeness of p with respect to V. 
3. SUCOF (p, L) ⊕ (1-SUCOF (p, V)) –measure both (1) and (2) 

In summary, we apply class outlier factors as loyalty scores to detect customers 
that have the likelihood to leave the loyalty segment. For these identified customers 
(outliers), the marketer can design suitable retention program to keep them. 

4.2   Direct Marketing 

In direct marketing, models (profiles) are generated to select potential customers to 
promote a given product from similar campaigns. 

Let U be a finite set of objects. Elements of U may be customers or products we 
are interested in market oriented decision making[8]. The set U is divided into three 
pair-wise disjoint classes, i.e., U = P ∪  N ∪ T. The sets P, N and T are called posi-
tive, negative and targeting (or don’t know) instances, respectively. P is the set of 
current customers, which is often the minority class, e.g., the responding class in 
direct marketing. N is the set of people who did not responded to the previous market-
ing campaign. T is the target set of customers who have a potential to respond to the 
campaign to be launched. A direct marketing problem may be defined as finding ele-
ments from T, and possibly from N, that are similar to elements in P, and possibly 
dissimilar to elements in N. In other words, the goal is to identify elements from T and 
N that are more likely to become new members of P. We are interested in developing 
a scoring model with class outliers to rank elements of T accordingly. 

The analysis of a direct marketing campaign entails two stages. First, feature selec-
tion determines the variables that are relevant to the specific target selection problem. 
Second, the rules for selecting the customers should be determined, given the relevant 
features [9]. At present, statistical tools like CHAID [10] are often used to search for 
features that discriminate between respondents and non-respondents, and to build 
decision tree models for target selection. 

The problem of direct marketing has received a great deal of attention [e.g., 8, 9, 
11,12]. In this paper, the class outlier factor is utilized as a scoring measure to score 
the data points in T. Since potential responders in T are similar to elements in P, pos-
sibly dissimilar to elements in N, and possibly dissimilar to elements in its own set T. 
Thus, from the viewpoint of class outlier detection, there can be many alternative 
ways to design methods to score the data. For example, we can simply score each data 
case p using 1-SUCOF (p, P). This method is reasonable because the set union class 
outlier factor value can be seen as a probability estimate indicating the likelihood that 
the case belongs to the positive class. 

However, it is not straightforward to designing the best scoring method based on 
class outlier because of different alternatives. In Table 3, we list all the possible scor-
ing functions and their names. WT, WP and WN are the weights of target class, positive 
class and negative class, respectively.  



596      Zengyou He et al. 

The first difficulty is the selection of a function to be used. To answer this ques-
tion, the following factors should be considered: 
− The availability of datasets. For example, in some cases, the sets P or N are not 

available so that it appears that the TSF function will be the only choice for user. 
− The data quality of datasets  

Real life datasets contain missing values and incorrect data resulted from human, 
measurement and computation errors. Such data will affect the results of data mining 
algorithms significantly. Therefore, it will be better to select scoring functions that 
involve confident datasets only. 

In general, the scoring function PTSF always produces reliable result, which is 
verified in the experimental evaluation section. 

Table 3. Class Outlier Based Scoring Functions for Direct marketing 

Scoring Functions Using Class Outlier Names 
1-SUCOF (p, P) PSF 
SUCOF (p, N) NSF 
SUCOF (p, T) TSF 
WN*SUCOF (p, N) ⊕ WP *(1-SUCOF (p, P)) PNSF 
WN*SUCOF (p, N) ⊕ WT*SUCOF (p, T) NTSF 
WT *SUCOF (p, T) ⊕ WP*(1-SUCOF (p, P)) PTSF 

WT *SUCOF (p, T) ⊕ WP*(1-SUCOF (p, P)) ⊕ WN*SUCOF (p, N) PNTSF 

 
Now the problem is what should be the weights in those functions based on the 

truly combined class outliers. Since we have to consider the two factors that affect the 
choice of functions discussed above, the weights must reflect their needs. In general, 
the weight term of the less confident dataset should be small because we would like to 
reduce its effect on the scores. In contrast, the weight term of the more confident 
dataset should be large. 

5   Empirical Evaluations 

We applied the proposed class outlier detection method to the “Coil Challenge 2000” 
dataset [13]. The training set contains over 5000 descriptions of customers, including 
the information of whether or not they have a caravan insurance policy.  

The prediction task in Coil Challenge 2000 [14] is to the find the subset of custom-
ers with a probability of having a caravan insurance policy above some boundary 
probability. The task was formulated more precisely as the demand for 20 percent of 
the 4000 test data record indexes. These 800 customers should be likely to be inter-
ested in a caravan insurance policy such that a virtual mail campaign for these ad-
dressees would be as successful as possible. 

The Coil data set encloses 85 highly correlated input variables. Feature selection is 
the first important task. In this paper, we employ the feature selection method pro-
posed in [15]. The variables {59, 47, 25, 82, 65} are suggested as relevant variables 
for the problem in [15]. Therefore, only these five attributes are utilized in our mining 
process. As discussed in Section 4.2, the training set is divided into P and N, and the 
test dataset is taken as T. In our experiments, we let all class outlier based scoring 
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methods to produce top 800 outliers (customers), and examine the number of policy 
owners in the chosen set of 800 customers. The class outlier detection algorithms 
FindCCBLOF and FindCFPOF are tested to examine their effectiveness. For all the 
experiments, parameters needed by the FindCCBLOF algorithm are set to default as 
suggested in [5]. For the FindCFPOF algorithm, the parameter mini-support for min-
ing frequent patterns is fixed to 2%, and the maximal number of items in an itemset is 
set to 5. Table 4 shows the experimental results and some important observations are 
summarized as follows: 

(1) The scores achieved by the 43 individuals or teams that submitted entries to the 
contest are summarized as follows [16]. The winning entry identified 121 caravan 
policyholders among its 800 top predictions. The next best methods identified 115 
and 112 policyholders. The mean score was 95.4, with a standard deviation of 19.4. 
The most common score was 109, and the median score was 103 [16]. 

According to Table 4, our first claim is that the performance of class outlier based 
method is comparable to other popular techniques in the direct marketing applica-
tions. It should be noted that the results of scoring functions NSF, PSF and TSF, 
which only use one dataset, are also included. Obviously, it can be known in advance 
that these functions will not produce satisfactory results, because they utilize only one 
dataset (Furthermore, the NSF function explores the test dataset only). Thus, if we 
don’t consider these functions, a better average performance can be achieved. 

Table 4. Experimental Results on Coil Challenge 2000 Dataset 

Number of True policy Owners Scoring Function 
FindCFPOF FindCCBLOF 

[TSF] SUCOF (p, T) 62 87 
[PSF] 1-SUCOF (p, P) 80 86 
[NSF] SUCOF (p, N) 76 76 

⊕ = “+” 94 94 

⊕ = “ ∏ ” 110 99 

⊕ = “ Sq”, q=3 101 108 

[PTSF] 
WT *SUCOF (p, T) ⊕  
WP*(1-SUCOF (p, P)) 

⊕ = “ ∞S ” 86 99 

⊕ = “+” 65 92 

⊕ = “ ∏ ” 65 94 

⊕ = “ Sq”, q=3 65 91 

[NTSF] 
WT *SUCOF (p, T) ⊕  
WN*SUCOF (p, N) 

⊕ = “ ∞S ” 76 94 

⊕ = “+” 111 97 

⊕ = “ ∏ ” 111 99 

⊕ = “Sq”, q=3 102 97 

[PNSF] 
WN*SUCOF (p, N) ⊕  
WP *(1-SUCOF (p, P)) 

⊕ = “ ∞S ” 85 94 

⊕ = “+” 104 102 

⊕ = “ ∏ ” 106 95 

⊕ = “Sq”, q=3 89 101 

[PNTSF] 
WT *SUCOF (p, T) ⊕  
WP*(1-SUCOF (p, P)) ⊕  
WN*SUCOF (p, N) 

⊕ = “ ∞S ” 84 100 

 
(2) How does the choice of scoring functions affect the results? From the results 

reported in Table 7, it is very clear that the scoring functions contain the combine 
operator ( ⊕ ) outperformed those simple functions. This is because true combined 
class outlier based scoring functions utilize more available datasets. However, it 
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needs to point out that, simple scoring functions are also useful and interesting in their 
own rights in practice. For example, when the positive dataset (P) and negative data-
set (N) are not available to the analyzer, that is, the direct marketing campaign is in its 
initial stage, the TSF function will be the only applicable function. It is also one im-
portant advantage of our class outlier based method that we can still detect potential 
customers when only the test dataset is available. 

For those complicated scoring functions with combine operator ( ⊕ ) as their com-
ponent, they exhibit comparable performances. While in average, the PNSF function 
is a little better than the other functions. Hence, the PNSF function is more preferable 
than other alternatives. 

(3) How does the choice of combine operator ( ⊕ ) affect the results? From Table 
7, the “+” operator and “ ∏ ”operator are the clear winners. That is, for a specified 

scoring function, the “+” operator and “ ∏ ”operator outperformed Sq and ∞S in most 

cases. This observation suggests that the “+” operator and “ ∏ ”operator will be a 
better choices in practice for users. Moreover, further experiments show that with 
increase of q in the Sq operator, the performance of scoring functions will deteriorate. 

In summary, the experimental results show that the class outlier method is com-
petitive in the direct marketing applications. Furthermore, it is more flexible than 
other popular techniques because different kinds of scoring functions are available for 
various situations, even for the situation that other method is failed to work (It is the 
case that only test dataset is available). 

6   Conclusions 

In this paper, we formulated the problem of the class outlier detection and presented 
effective algorithms for outlier mining. Furthermore, its potential applications in 
CRM are discussed. The effectiveness of our method is also empirically studied. 
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Abstract. Outlier detection is to find objects that do not comply with the gen-
eral behavior of the data. Partition is a kind of method of dividing data space 
into a set of non-overlapping rectangular cells. There exists very large data 
skew in real-life datasets so that partition will produce many empty cells. The 
cell-based algorithms for outlier detection don’t get enough attention to the ex-
istence of many empty cells, which affects the efficiency of algorithms. In this 
paper, we propose the concept of Skew of Data (SOD) to measure the degree of 
data skew, and which approximates the percentage of empty cells under a parti-
tion of a dataset. An efficient index structure called CD-Tree and the related al-
gorithms are designed. This paper applies the CD-Tree to detect outliers. Com-
pared with cell-based algorithms on real-life datasets, the speed of CD-Tree-
based algorithm increases 4 times at least and that the number of dimensions 
processed also increases obviously.  

1   Introduction 

An outlier is an observation that deviates so much from other observations as to 
arouse suspicion that it was generated by a different mechanism [1]. Outlier detection 
aims to discover outliers. Many applications have these needs, such as intrusion de-
tection, telecom and credit card fraud detection, loan approval, weather prediction, etc. 

Konrr and Ng[2] proposed an efficient approach for outlier detection. They defined 
outlier as follows: “An object O in a dataset X is a DB(δ, d)-outlier if at least percent-
age δ of the objects in X lies greater than distance d from O.” The main benefit of the 
approach is that it does not require any apriori knowledge of data distributions. The 
cell-based algorithm is the most important contribution in the paper, which is based 
on partitioning the space into a uniform grid of cells and then using these cells to 
detect outliers. The algorithm doesn’t work effectively for high dimensions or fine 
granularity partition because the number of cells is too many. In fact, the algorithm 
doesn’t pay enough attention to the existence of empty cells, which affects the effi-
ciency of algorithms. So, we present the concept of Skew of Data (SOD). The SOD 
                                                           
*  Supported by the National Natural Science Foundation of China under Grant No.60173051, 

the Teaching and Research Award Program for Outstanding Young Teachers in Higher Edu-
cation Institutions of the Ministry of Education, China. 
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approximates the percentage of empty cells under a partition, and the value of SOD in 
most of real-life datasets is very large. We present an efficient index structure called 
CD-Tree, which only stores the non-empty cells, and apply it to detect outliers. The 
contributions of this paper are as follows:  

• We propose the concept of Skew of Data (SOD), and give the method to calculate 
SOD, and discuss the relationship between SOD and data partition.  

• We present an efficient index structure called CD-Tree(Cell Dimension Tree) and 
some efficient algorithms.  

• We apply CD-Tree to outlier detection. The experimental results show that the 
speed of CD-Tree-based algorithm increases 4 times at least than the cell-based al-
gorithms and that the maximum number of dimensions that can be processed also 
increases obviously. 

The rest of this paper is organized as follows. Section 2 discusses related work. 
Section 3 presents the theory of Skew of Data. Section 4 presents CD-Tree. Section 5 
discusses the outlier detection algorithms based on CD-Tree. In section 6 we present 
the performance of the algorithm. Finally, section 7 concludes the paper.  

2   Related Work 

Until now the algorithms of outlier detection can be classified as follows: statistics-
based algorithms[3], distance-based algorithms[2, 4, 5], density-based algorithms[6], 
and high dimension algorithms [7], and so on. 

In statistics, the data objects are modeled using a statistical distribution (such as 
Gaussian Distribution), and outliers are the points that deviate away from the model. 
The defect of this method is that the distribution of data must obey some standard 
distribution, but the real-life data often don’t fit any standard mathematic distribution. 
In order to solve this problem, Knorr and Ng[2] propose the distance-based algorithm. 
Except for cell-based algorithm, the authors also propose two simple algorithms, one 
is the Nested-Loop algorithm (NL) with complexity O(k*N2), where k is the dimen-
sion of data, and N is the size of dataset. Another one is index-based algorithm with 
complexity O(k*N2) . 

Ramaswamy et al[5] give another distance-based outlier detection algorithm. They 
also provide a partition-based algorithm. It uses a clustering algorithm to partition 
dataset, then detect outlier in partitions. This algorithm can present the level of out-
liers, but it depends on clustering algorithms, so the efficiency of this algorithm is 
influenced. Aggarwal and Yu[7] discusses a method to deal with the high-dimension 
outliers. Breunig et al[6] present local-outlier detection algorithm.  

3   Skew of Data (SOD) 

The result of data partition is a set of cells. If the granularity of partition is fine or the 
number of dimensions is high, partition will produce too many cells. In fact there 
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exist many empty cells that are useless for data analysis. We introduce the SOD con-
cept in order to analyze the relationship between partition and data skew. SOD is used 
for measuring the degree of data skew. Through calculating SOD, we can estimate 
the proportion of empty cells under a partition.  

3.1   The Concept of SOD 

Let A={A1,A2,…,Ak} be a set of bounded, totally ordered domains and 
S= kAAA ××× ...21  be a k-dimensional numerical space. We refer to A1, A2,…, Ak as 

the dimensions(attributes) of S. The dataset consists of a set of k-dimensional 
points— X={x1, x2, …, xN} where xi=< xi1, xi2,…, xik>. The jth component of xi, xij is 
drawn from domain Aj. 

Let P be a set of non-overlapping rectangular cells, which is obtained by partition-
ing every dimension into equal length. Each cell is the intersection of one interval 
from each attribute. It has the form {c1,c2,…,ck} where ci=[li, hi) is a right-open inter-
val in the partitioning of Aj. A cell can also be denoted as (cNO1, cNO2, …, cNOk), 
where cNOi is the interval number of the cell on i-th dimension from 1 to the total 
number of interval. We call P a partition of dataset X. 

Definition 1. (SOD(X, P) of dataset X under partition P) The SOD(X,P) of dataset 

X under partition P is defined as 

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cell Ci, m is the number of cells and N is the total number of data points. In addition, t 
is a constant which is the average of points number in cells calculated by formula t 
=N/m. 

The SOD(X, P) of a dataset is a value in [0,1]. If SOD(X, P)=0, then there is no 
skew under partition P . The closer to 1 SOD(X, P) is, the larger the data skew is. 

Theorem 1: The SOD of a dataset under partition P is equal to ( )
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By theorem 1, when calculating SOD of a dataset, we only need to visit the cells in 
which the number of points is larger than t. So it makes calculation of SOD simple.   

Definition 2. (Sub-partition) Let P1 and P2 be two partitions of dataset X, if 

11 Pc ∈∀ , then 22 Pc ∈∃ , such that 21 cc ⊂ , i.e. for the interval ),[ 11 ii hl of the cell c1, 

then ),[ 22 ii hl∃  of c2, such that kihlhl iiii ,...,1),,[),[ 2211 =⊂ . We call P1 a sub-

partition of P2, denoted as 21 PP ⊂ . 

Theorem 2: Given two partitions P1 and P2 of dataset X, if 21 PP ⊂ , then 

),(),( 21 PXSODPXSOD ≥ . 

Proof: Let m1 , m2 be the total number of cells of partition P1 and P2  respectively, 
and t1, t2 be the average points number of them. Because of 21 PP ⊂ , then m1=rm2, 

t2=rt1 where r is a natural number. By definition 1: 
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Theorem 2 shows that the finer the granularity of a partition is, the larger SOD is. 
We can use the SOD under coarse granularity to estimate the SOD under fine granu-
larity because a big interval partition can be performed effectively. In addition, a 
SOD can express the degree of fullness of the space filled with data, so the SOD is 
approximately equal to the percentage of empty cells. Suppose two partitions P1, P2 

of dataset X, P1⊂P2, and let n1, n2 denote the non-empty cell number of P1 and P2 
respectively. Because the percentage of empty cells approximates SOD, then 

( ) 111 ),(1 mPXSODn ×−≈  and ( ) 222 ),(1 mPXSODn ×−≈  where m1 and m2 are the 

total number of cells under two partitions. We can partition dataset under P2 firstly, 
and then by theorem 2, there exists ),(),( 21 PXSODPXSOD ≥ , thus we can estimate n1 

by ( ) 121 ),(1 mPXSODn ×−≤ . After the upper bound of n1 is estimated, we can estimate 

the space cost to choose a suitable partition. 

Fig. 1. The SOD in different partitions 

m=16,t=1/2
σ =12/16

(d) 

m=8,t=1
σ =5/8 

(c) 

m=4,t=2
σ =2/4

(b) 
m=1,t=8 
σ =0 
(a) 
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In Fig. 1, there is an example to illustrate the concept of SOD, theorem 1 and 2. 
There are four partitions that divide data space into 1, 4, 8, and 16 cells. Let m, t and 
σ denote the number of cells, the average selectivity of cells and SOD’s value of a 
dataset under a partition. In Fig. 1(a), there is only one cell, so σ is equal to 0 by SOD 
definition. In Fig. 1(b)(c)(d), σ turns larger as the partition turns finer. The value σ is 
1/2, 5/8, 6/8 respectively, and equal to the percentage of empty cells respectively. 

3.2   SOD of Typical Datasets 

In this section, we calculate the SOD of some UCI datasets [8] and the other typical 
datasets (NHL datasets in [2], NBA datasets in [5]). We divide each dimension into 
four intervals. Let σ, q denote the SOD of a dataset and the percentage of empty cells 
under a partition. As Table 1 shows, the SOD of most of these real-life datasets are 
large, and the higher dimension number is, the larger the SOD is.  

Table 1. The SOD of typical datasets 

Dataset name Dimen 
-sionality 

Size  The total num-
ber of cells 

Non-empty 
cells 

σ q  

NHL96 3 855 43 14 0.881 0.781 
NBA97-98 5 329 45 42 0.958 0.958 
Auto-mpg 6 398 46 65 0.984 0.984 
Liver-disorder 7 345 47 89 0.994 0.994 
Cpu-performance 8 209 48 22 0.999 0.999 
NBA97-98 14 184 414 176 0.999 0.999 
Image-segmentation 19 210 419 25 0.999 0.999 

4   CD-Tree 

In most of real-life datasets there exists large SOD, so it isn’t necessary to store 
empty cells. We seek an index structure to represent cell structure. Such a data struc-
ture should (a) retain the essential information of all non-empty cells; (b) enable effi-
ciently to answer a various kinds of queries including point and range queries. We 
propose a new index structure called CD-Tree that can satisfy these requirements.  

4.1   The CD-Tree structure 

Definition 3. (CD-Trees) The CD-Tree of a dataset under a partition is a balanced 
tree, and has the following properties: 

1. It has a root node and k+1 levels, where k is the dimensionality of dataset.  
2. Each dimension of dataset corresponds to a level of the tree. The (k+1)-level is a 

special one in which each node records the information of a non-empty cell. 
3. Nodes at the i-th level other than the (k+1)-th level (non-leaf nodes) contain in-

ternal-nodes of the form: (cNO, pointer), where cNO is a keyword, a distinct in-
terval number of i-th dimension corresponding to a cell. The pointer of k-th level 
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internal-nodes points a leaf node. The pointer of other level internal-node points 
to a (i+1)-th node, which contains all the distinct interval numbers of the next 
dimension corresponding to the non-empty cells based on intervals of the ante-
rior i dimensions. 

4. A path from the root node to a leaf node corresponds to a cell. 

Fig. 2(a) shows the cell structure of a 2-dimension dataset under a partition, and 
each dimension is divided into 6 intervals, so interval number of each dimension is 
from 1 to 6. The black cells denote non-empty cells. The cell (2,3) denotes one of 
which interval number is 2, 3 respectively on these two dimensions. 2 presents the 2nd 
interval on the first dimension, 3 is the 3rd interval on the second dimension. Fig. 2(b) 
is a CD-Tree structure corresponding to the cell structure, which only store non-
empty cells. The CD-Tree has 3 levels. The first two levels correspond to Y dimen-
sion and Z dimension of the dataset respectively, and the last one is cells level. The 
first dimension has 6 intervals, but only interval 2, 3, 5 and 6 contain data objects, so 
the root node has 4 internal-nodes. The first internal-node 2 of the root node points to 
the second level of the CD-Tree, there are two intervals, 2 and 3. A path from the root 
to a leaf such as (2, 3) corresponds to a cell which stores some information such as 
data points falling in this cell, the count of points, and etc.  

 
 

Z Dimension 

1 2 3 4 5 6 
1 
2 
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2  3  5  6
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Y Dimension 

Y Dimension 

Z Dimension

 
Fig. 2. An example of a CD-Tree 

4.2   CD-Tree Construction 

The algorithm of creating CD-Tree is shown in algorithm 1. Its steps are as follows: 
step 1 initializes root node of CD-Tree; step 2 reads data objects from database; step 
2(a) computes coordinates (i.e. the interval number of each dimension) of each data 
object; step 2(b) inserts data object into CD-Tree by calling procedure MapPoint.  

Procedure MapPoint starts from first dimension to search coordinate value of a 
data point in current dimension corresponding to cell in related level of CD-Tree. If 
all coordinate components of the data object have existed in the CD-Tree, then the 
information of the data object is stored into the corresponding leaf node of the CD-
Tree; if not exist, then create a new node of the next level starting from non-existent 
level, and create a new leaf node in the final level of the CD-Tree. If current node is 
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NULL, then create a new node (step 2). If a node exists, there are two cases: first, the 
value of keyword doesn’t exist in the node, then insert it by ascending order (step 3,4). 
Second, if it exists, then call procedure MapPoint to process next level (step 5-7). 

Algorithm 1. CreateCDTree 
Input: Dataset X 
Output: CD-Tree  
1. Root=NULL; 
2. for each data object of X 

a. map to CellCoo //CellCoo is the cell’s coordinate 
b. MapPoint(CellCoo, point, root, NULL,1) 

Procedure MapPoint(CellCoo, point, current, currentPre, 
level) 
1. if level=dim+1 return; //dim is the dimensionality 
2. if Current=NULL then     

a. Current=new Node; 
b. if level=1 then Root=current;  
c. else CurrentPre=current;  

3.  if DimCoo>maximal keyword of current node then 
// DimCoo is coordinate of current dimension 
a.  if level ≠ dim then create a new interval-node; 
b.  else create a new cell, insert the point into the 

cell; 
4.  else 

a. for each keyword m_Dim in the node  
 i. if DimCoo <m_Dim then 

          1. insert the keywords into current position; 
          2.  if  level ≠ dim then create a new pointer for 

next level; 
          3.  else create a new leaf node, insert point into 

it; goto 5; 
       ii. else 
          1. if level=dim then  
               insert point into the cell; goto 5; 
5. currentPre=current; 
6. current=current.NextNode; 
7. MapPoint(CellCoo,point, current, currentPre,level+1)  

4.3   Range Query on CD-Tree 

The range query on a CD-Tree has one cell as center, and the several interval lengths 
as radius. The results of query are all cells and all points in these cells within the 
interval lengths. 

If there are many keywords in a node, then query efficiency will be affected, so 
some tricks are used to locate the starting position of query rapidly. As shown in 
algorithm 2, when the number of keywords less then the upper limit of search range, 
then locate the starting position of query on the last keyword in the node(step 2), 
otherwise, locate on the upper limit of query(step 3). This range query scans node 
from back to front(step 4); in the process of scanning, step 4(a) is used to detect over-
flow of lower limit; step 4(b) is used to detect overflow of upper limit; step 4(c) calls 
RangeQuery recursively until finding leaf node; step 4(d) stores all position informa-
tion of leaf node that satisfied query conditions as the query results. 
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Algorithm 2. RangeQuery(Current, CellCoo, Radius, Level, Re-
sult) 
Input: CD-Tree  

Radius   // the radius of query 
Level    // current level number of CD-Tree 

Output: Result  
1. Size=number of keywords in current level; 

DimCoo=CellCoo.CurrentDimensionKeyword; 
2. if (DimCoo+Radius+1>Size) then  
  BeginPos=Size-1; //search from the last keyword  

3. else 
BeginPos=DimCoo+Radius;//search from DimCoo+Radius 

4. for (int i=BeginPos;i>-1;i--)//from back to front 
a. if ((DimCoo-Radius)>value of current keyword)  
 then 5; 
b. else 
   if ((DimCoo+Radius)<value of current keyword) 
 then 4; 
c. if (Level ≠ Dim-1) then  
 RangeQuery(Current.NextNode,CellCoo,Radius,Level+1, 

Result); 
d. else 
 Result.Add(Current,i); 

5. return; 

5   The Algorithms of Outlier Detection 

In [2], the author replaces δ with M where δ×= NM , so the condition that an object 
O in a dataset X is a outlier is as follows: “if no more than M objects in X are found in 
the d-neighborhood of object O”. 

In this method, the partition interval is equal to d/ k2 . Each cell has two layers 

surrounding it. The first layer is one cell thick, while the second is  12 −k  cell 
thick. For a given cell w, it accumulates three counts – the number of points in the 
cell, and the number of points in the cell and the first layer together, and the number 
of points in the cell and both layers together. Let’s refer to these counts as Countw, 
Countw2 and Countw3, respectively. The basic idea of the algorithm is as follows: An 
object O in the current cell is considered to be an outlier only if Countw2 is less than 
or equal to M. If this condition does not hold, then all of the objects in the cell can be 
removed from further investigation, as they cannot be outliers. If Countw3 is less than 
or equal to M, then all of the objects in the cell are considered outliers. Otherwise, if 
this number is more than M, then it is possible that some of the objects in the cell may 
be outliers. To detect these outliers, it is necessary to compare each object O in the 
cell with the objects in the second layer. For the objects in the cell, only those having 
no more than M points in their d-neighborhood are outliers. The d-neighborhood of 
an object O is a set of data points that are within distance d of O. 

We apply the CD-Tree structure to this algorithm. The steps are as follows: 

1. Estimate the reasonable division of dataset by pre-computing the SOD under 
coarse-granularity partitions. 
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2. Create cells dynamically, insert them into CD-Tree, and map data objects into 
the cells of CD-Tree. 

3. Carry out range searching and outlier detection.  

6   Experimental Results 

In [2], the authors conducted a number of experiments on historical NHL player data. 
We repeat their experiments on the NHL96 dataset. We also get the same results 
under the same parameter. 

The following experiments were conducted on Microsoft Windows 2000 Server 
with 512MB main memory and CPU 2.5GHz. The dataset is image Fourier coeffi-
cient dataset, which is widely used in multi-index test (e.g. X-Tree[13]). We use some 
acronyms to denote different algorithms, as follows: CS is cell-based algorithm in [2]. 
NL is nested-Loop algorithm implementation in [2]. CDT is the CD-Tree-based algo-
rithm.   

We implement these algorithms in the same environment. In [2], the author draws 
a conclusion that CS is far superior to NL when 4≤k  dimensions, NL is a wise 
choice when 5≥k  dimensions. Thus, we only compare CDT with CS and NL in two 
cases. First one is the number of dimensions fixed and dataset sizes different, the 
other one is dataset sizes fixed and the number of dimensions different. 

 

 

 

Fig.3 shows results for various algorithms and dataset sizes for 3-D, δ=0.999. Sup-
pose we change the value of d to get the same proportion of the points of dataset sizes 
as outlier. For example, CDT takes 5.624 seconds in total time in a 100000 points 
dataset. In contrast, CS takes about 30.853 seconds, about 6 times as long, and NL 
takes longer time 218.04. As Knorr analyzes, the time complexity of NL is O(kN2) 
and CS’s is O(t1k+N) where k is the number of dimensions and N is the number of 
points in the dataset. So when the number of dimensions is high, NL outperforms CS. 
The time complexity of CDT is O(t2k+N). Because both t1 and t2 are relative to the 
number of cells, and the number of CDT’s cells is 1788 which is far less than CS’s 
195112, then 21 tt > , then leads to the result that CDT outperforms CS. 

Fig. 3. Performance results for different data-
set size 

Fig. 4. Performance results for data dimen-
sionality 



CD-Trees: An Efficient Index Structure for Outlier Detection      609 

Fig. 4 gives the execution time of the three algorithms as the number of dimensions 
is increased from 2 to 8(the remaining parameters are set to the same values among 
them). We can find CDT is superior to CS and NL for 7≤k , the dimension increases 
from 4 to 7. The reason is the same as the last instance, the time complexity CS and 
CDT is O(t1k+N) and O(t2k+N)  respectively, dimensions become high, CS is slower 
than CDT because of 21 tt >  . 

7   Conclusions and Future Work 

Outlier detection is an important research issue in data mining. We find the fact that 
many empty cells exists under a partition when there are data skew in datasets. In 
order to measure the degree of data skew, we present the concept of SOD. The SOD 
approximates the percentage of empty cells under a partition, and there exists very 
large SOD in most of real-life datasets. Based on the concept of SOD, an efficient 
index structure-CD-Tree is designed, which only stores the non-empty cells. We 
make some improvements by applying CD-Tree to cell-based algorithm. The time 
complexity of the cell-based and the CD-Tree-based is O(t1k+N) and O(t2k+N) re-
spectively, but the number of cells in cell-based algorithm is far bigger than CDT’s, 
then 21 tt > . The algorithm based on CD-Tree is far superior to the cell-base algo-

rithm. 
There are two directions for our future work. The first one is on how to find local 

outlier based on CD-Tree, which can be realized by using cluster based on grid [10]. 
The second one is to further improve the performance of CD-Tree by choosing the 
suitable order of dimensions to build CD-Tree.  
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Abstract. This study introduces a sound-based mobile payment sys-
tem. Using a mobile phone for payment for mobile commerce is essential
for its success. The proposed system will use sound that is generated
from the existing mobile phone and the sound can be recognized by the
existing credit card reader of the shop with an installation of an ordinary
microphone and simple software to process sound input. This system is
a better system since it doesn’t require customers to buy a new mobile
phone and the cost for the microphone and the software is very low.

1 Introduction

This article explains a sound-based mobile payment system. Electronic com-
merce has expanded into commerce with mobile devices, which is called mobile
commerce. However in order to implement a truly mobile commerce in the physi-
cal world, i.e. purchasing products at a physical shop using a mobile phone, there
should be infrastructure elements which can facilitate mobile commerce. In this
paper, after presenting the existing mobile phone-based system, a new system
that is based on sound of a mobile phone will be discussed as the better solution
to promote mobile commerce. There are studies showing the fact that the infor-
mation technology infrastructure for electronic commerce is a key factor for the
success of electronic commerce [1][2]. For example, high-speed Internet service
available for most of the nation’s population is a critical success factor for the
rapid rise of electronic commerce in South Korea. South Korea has more than
90% of mobile phone ownership which provides fertile ground for the growth
of electronic commerce as well as mobile commerce. Korea has been recognized
worldwide as one of a few nations with highly developed information technology
and Internet infrastructure. As for the high-speed Internet usage rate, Korea is
reported as the number one country in the world. More than 10 million users
subscribe to high-speed Internet services via such means as ADSL, VDSL, com-
munity LAN, and satellite. When taking the total number of Korean population
into consideration, the high-speed Internet subscription rate in Korea is roughly
21% according to the Korean government ministry news [3]. This is a remarkably
high usage rate when compared to those of other OECD countries since the aver-
age rate of high-speed Internet subscription in OECD countries is just 1.26% [4].
For many consumers in Korea, the Internet is just a part of their normal daily
life. With the high-speed Internet available at very cheap price for almost all
households, many electronic commerce firms flourish. Nowadays companies are
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selling contents that are downloadable through a mobile phone with a fee, which
also has become a highly successful venture. But one of the essential elements of
the infrastructure for supporting e-commerce and m-commerce is the payment
system, which will be discussed in the next chapter.

2 Mobile Phone-Based Payment System for e-Commerce

Another key success factor is a viable payment system for electronic commerce.
Credit card payment system on the web is widely available and regarded critical
for electronic commerce success. However in Korea where credit card usage in
general is not as high as countries such as USA, researchers developed many
alternative ways to implement a viable payment system. The most successful
payment method for web-based electronic commerce is a mobile-phone based
one [5]. Customers can type in their mobile phone numbers in a web site which
will send the information to the mobile phone company for authorization. When
authorization is successful, the customer can purchase products on the web and
will take care of the payment through a mobile telephone company’s bill which
will include purchase records on the web of the customer. This method was very
successful in terms of facilitating more participation on web-based electronic
commerce especially for people who do not wish to use credit cards for purchase
transactions. With the advent of high mobile phone usage and penetration rate,
South Korean firms noticed that migrating from fixed location-based electronic
commerce to mobile device-based mobile commerce would happen. The mobile
phones that are common in South Korea are highly-advanced ones which have
capabilities such as web browsing, high-resolution graphics as well as top-quality
sound generation leading to high-quality music listening device. People in South
Korea can now make purchases on their mobile phone to by products on the web
and download a movie from the Internet and watch from their mobile phones
as well as downloading and listening music from mobile phones. But this in-
frastructure is not enough for facilitating truly mobile commerce. Truly mobile
commerce means that the commerce can be processed through the mobile device
including the payment in the physical world. In other words, people should be
able to make a purchase using a mobile device in a physical shop, not just in the
web space. In the web space, as mentioned before, mobile phone-based system
which only utilizes software aspect of the each web was widely used. However for
the physical world-based mobile commerce, this kind of method is useless. Thus
researchers at SK Telecom Corporation developed a new mobile phone as a pay-
ment device [6]. This product is called Moneta which refers to a mobile phone
with a chip that will generate a unique electronic signal from the mobile phone.
This signal represents the customer’s purchase identification such as a credit
card number. And the shop-keepers need to install a new device to accept the
signal from Moneta mobile phone. Although SK Telecom Corporation pushed
this method strongly and installed the reading device for many shops, the usage
of Montea mobile phone for purchase transaction has never been improved. The
biggest reason for the failure of Moneta as a payment method infrastructure for
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mobile commerce is the fact that people have to buy a new mobile phone in
order just to be able to use it for physical mobile transaction at a shop. This is
a great barrier since the average price of high-end mobile phone using Moneta
is quite high. People do not want to abandon the existing mobile phone which
was not cheap either to a more expensive Moneta phone juts for the purpose of
obtaining mobile commerce transaction capability.

3 Sound-Based Mobile Phone-Based Payment System

Here a new system for physical mobile commerce is introduced. A South Korean
firm called Telme Commerce Corporation and the Information System labora-
tory of Hanyang University developed the sound-based mobile payment system.
This system is called Mobile Bell-Card Solution. This solution uses sound-wave
for data communication, rather than electronic signal which is used by the ex-
isting mobile payment solution, Moneta. The Mobile Bell-Card Solution will use
sound that is generated from the existing mobile phone and the sound can be
recognized by the existing credit card reader of the shop with an installation
of an ordinary microphone and simple software to process sound input. This
system is made possible by utilizing the fact that each individual’s identification
information can be uniquely defined as a sound and the existing card reader
with a microphone can receive the sound signal and the signal will be processed
by the Point-of Sales computer that is used for card-reading, and processed
information will be sent to the credit card company’s main computer for au-
thorization. Figure 1 shows how a customer obtains his/her unique bell card.
Figure 2 shows how a customer uses the sound-based mobile phone to complete
a purchase transaction.

Fig. 1. Obtaining a bell card
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Fig. 2. Use of a bell card

In addition to the application of a bell card for processing at a POS counter,
there is another application which is currently used popularly. For many concert
goers it can be a hassle to purchase the ticket in advance and submit it later
to the attendant. With sound-based mobile data management system, these
tickets can be completely eliminated. In other words, one can go to a concert
web page where one can purchase the ticket with any kind of payment method
including the mobile phone, and a sound that uniquely identifies one’s ticket will
be sent to the user’s mobile phone. After receiving the bell card of the ticket
which is a sound file in one’s mobile phone, one will go to the concert and at
the entrance, activate the sound generation function of the mobile phone which
will be absorbed by a microphone at the entrance, and one will be allowed to be
inside since the sound will be recognized by a multimedia database that contains
records of sound that identifies each purchaser of the ticket. Figure 3 and 4 show
this process graphically.

4 Conclusion

This system is a better system compared to competing system such as Moneta
since it does not require customers to buy a new mobile phone and the shop-
keeper has to spend very little for the microphone and the software both of which
can be provided free of charge by the credit card company. Eventually when this
sound-based payment system is prevalent, bell-card of a mobile phone which
only exists in software form will replace physical credit cards. The bell-card will
require a PIN number to be activated so that any stolen mobile phone can not
be used for unauthorized purchase. The bell-card can also be used for driver’s
license, passport, etc. due to its ability to define a person’s unique identity.
This sound-based system is also very marketable since its can be implemented
in any mobile phone regardless of its manufacturer. In terms of security, since
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Fig. 3. Obtaining a bell card from a concert web site

Fig. 4. Use of a bell card at a concert

this system uses encryption/description method with a complex cryptography
algorithm, this system is copy-protected. At 80DB level sound, 100% of the
content of the sound is recognized, which indicates no noise interference. The
sound-based mobile payment system must encourage mobile commerce because
of its low cost, convenience as well as security.
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Abstract. The classical fuzzy classifier consists of rules each one describing one
of the classes. In this paper a new fuzzy classifier is proposed where each rule can
represent more than one classes with different probabilities. A learning algorithm
based on the gradient descent method is proposed to identify the parameters of
the fuzzy sets in the antecedent of each fuzzy rule and the class conditional proba-
bilities associated with each rule. This new approach is applied to the well-known
Wisconsin breast cancer classification problem, and a compact, interpretable and
accurate fuzzy classifier is achieved.

1 Introduction

Fuzzy production rules can deal with the imprecise knowledge and uncertainty infor-
mation and strengthen the knowledge representation power. Typical fuzzy classifiers
consist of interpretable if-then rules with fuzzy antecedents and class labels in the con-
sequent part. The antecedents (if-parts) of the rules partition the input space into a
number of fuzzy regions by fuzzy sets, while the consequents (then-parts) describe the
output of the classifier in these regions.

In this paper we propose a new fuzzy classification rule, which is different from
the classical fuzzy rule. This kind of fuzzy classification rule is similar to that in [1].
That is, the consequent of each fuzzy rule is defined as the probabilities that a given
rule represents all classes. The novelty of this new model is that one rule can represent
more than one classes with different probabilities. Hence, the same antecedent (fuzzy
subregion in the input domain) can infer different classes with different class conditional
probabilities.

The paper is organized as follows. Section 2 presents new fuzzy classification rules
and its reasoning process. Section 3 describes the identification process based on gra-
dient descent method. Section 4 is our test results in the well-known Wisconsin breast
cancer data set. The final section offers the conclusions.

2 Structure of the Fuzzy Rule-Based Classifier

The identification of a classifier system means the construction of a model that predicts
the class yk = {c1, c2, . . . , cC} to which pattern xk = [x1k, x2k, . . . , xnk] should be
assigned. The classic approach for this problem is based on Bayes’ rule,
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xk is assigned to ci ⇐⇒ p(ci | xk) ≥ p(cj | xk) ∀j �= i. (1)

2.1 Classical Fuzzy Classifier

Taking into account a classification problem which has n decision variables (attributes
or features) Xi, i = 1, 2, · · · , n and one class variable y. Assume Ui is the universe of
discourse of variable Xi, then the classical fuzzy classification system consists of C
fuzzy if-then rules of the forms:

If (X1 is Ar1) and (X2 is Ar2) . . . and (Xn is Arn) then y is cr with αr; (2)

where Aij is the fuzzy set of Uj and cr ∈ {c1, c2, · · · , cC} is the class label. The
parameter αr is the certainty factor which means how certain the relationship between
the antecedent and the consequent of this rule is. Furthermore, the certainty factor is
within the range of [0, 1].

Given a case which has n attribute values (x1, x2, · · · , xn), the reasoning method is
described as follows:

1. Calculate the degree of activation of each rule. For each rule R(r) (see (2)), Ar1(x1),
· · · , Arn(xn) are the membership degrees in the antecedent propositions. The de-
gree of activation of the ith rule is calculated as:

wr(x) = αr

n∏

k=1

Ark(xk). (3)

2. Determine the output. The output of the classical fuzzy classifier is determined by
the winner takes all strategy, i.e.,

ŷ = ci∗ , i∗ = arg max1≤i≤Cwi(x). (4)

In this paper we employ the gauss-shaped fuzzy sets Arj , with the following mem-
bership function:

Arj(xj) = exp

[
−1

2

(
xj − aj

r

σj
r

)2
]

, (5)

where aj
r represents the center and σj

r stands for the variance of the Gaussian function.
If we assume that the class conditional probability in the classical fuzzy classifier is

defined as follows,

p(cr | x) = wr(x)/
C∑

i=1

wi(x), (6)

then the classical fuzzy classifier is a special case of Bayes classifier.

2.2 Fuzzy Classifier with Conditional Probabilities

In this subsection, we propose a new fuzzy classifier. This new fuzzy classifier consists
of m fuzzy classification rule, each fuzzy rule can represents more than one class with
different probabilities. That is, the rth fuzzy classification rule has the form as follows,
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If (X1 is Ar1) and (X2 is Ar2) . . . and (Xn is Arn)
then y is c1 with p(c1 | Rr) . . . y is cC with p(cC | Rr) (7)

satisfying 0 ≤ p(ci | Rr) ≤ 1,
∑C

i=1 p(ci | Rr) = 1.
The above formulation shows that the same antecedent can infer different classes

with different probabilities. In the classical fuzzy model, the same antecedent can just
infer one definite class with some degree of certainty. This new fuzzy model is actual a
mixture of classical fuzzy classifiers since the Bayes decision rule in new fuzzy classi-
fier is defined as follows,

p(cr | x) =
m∑

i=1

p(Ri | x)p(cr | Ri), (8)

where p(Ri | x) = Ai(x)/
∑m

i=1 Ai(x).

3 Identification of Fuzzy Classifier

Assume that the training data set D consists of N training cases [xj; yj ] = [x1j , x2j ,
. . . , xnj ; yj ], where yj ∈ {c1, c2 . . . , cC}, j = 1, . . . , N . The object to identify the
parameters in the fuzzy classifier is to find the parameters to best model the data set.
Since we make the classification decision by maximizing posteriori class probability,
the notion of “best” means that maximizing the objection function

Q(D) =
N∏

j=1

p(yj | xj). (9)

We view Q(D) as the function of the parameters in the fuzzy classifier. In fact, it
turns out to be easy to maximize the log-function lnQ(D). Since two functions are
monotonically related, maximizing one is equivalent to the other. By Jensen inequality,
we have

lnQ(D) ≥
N∑

j=1

m∑

i=1

µij lnP (yj |Ri) = H(D), (10)

where

µij = Ai(xj)/
m∑

i=1

Ai(xj). (11)

Since log-function lnQ(D) is lower bounded by function H(D), we can maximize
H(D). In fact, this maximization problem is a constrained optimization problem. That
is, for every i, we must have that

∑C
h=1 p(ch|Ri) = 1. Introducing Lagrange multipliers

for these constraints, we have the following formula,

p(ck|Ri) =




∑

j:yj=ck

µij



 /

N∑

j=1

µij , (12)

for all i, k.
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In order to determine the shapes of fuzzy sets in the antecedent of each fuzzy rule,
we adopt the gradient-based method to resolve this problem.

The partial derivative with respect to the parameter ak
r can be obtained as follows,

∂H(D)
∂ak

r

=
N∑

j=1

xkj − ak
r

(σk
r )2

µrk

[
ln p(yj | Rr) −

m∑

h=1

µhj ln p(yj | Rh)

]
(13)

Similarly, we can obtain the partial derivative with respect to the parameter σk
r ,

∂H(D)
∂σk

r

=
N∑

j=1

(xkj − ak
r )2

(σk
r )3

µrk

[
ln p(yj | Rr) −

m∑

h=1

µhj ln p(yj | Rh)

]
(14)

We can now summarize the above discussion in the form of a basic algorithm for
learning the fuzzy classifier with conditional probabilities from the training data set.
For sake of clarity, we show this basic algorithm in the Fig. 1.

function F-Algorithm(F, D) returns an optimized fuzzy classifier
inputs: F, a fuzzy classifier with parameters w = (ak

r , σk
r ); D, training examples

repeat until ∆w ≈ 0
for each class ck and the rth rule

compute probability p(ck | Rr) in F according to the Eq. (12)
for each variable Xk, the ith rule

compute ∂H(D)

∂ak
r

according to the Eq. (13), compute ∂H(D)

∂σk
r

according to the Eq. (14)

ak
r ← ak

r + α∂H(D)

∂ak
r

, σk
r ← σk

r + α∂H(D)

∂σk
r

, ∆w = ( ∂H(D)

∂ak
r

, ∂H(D)

∂σk
r

), w = (ak
r , σk

r )

return F

Fig. 1. A basic algorithm.

In order to initialize the parameters of the fuzzy classifier, we generate a random
matrix U such that

0 < µrj < 1,

m∑

r=1

urj = 1, r = 1, . . . , m, j = 1, . . . , N (15)

then we use the following formulas to estimate the initial mean values and widths of
gaussian membership functions in the fuzzy classifier,

ak
r =

∑N
j=1 µrjxkj

∑N
j=1 µrj

, (σk
r )2 =

∑N
j=1 µrj(xkj − ak

r)2
∑N

j=1 µrj

. (16)

4 Performance Evaluation

Wisconsin breast cancer data is widely used to test the effectiveness of classification and
rule extraction algorithms. The aim of the classification is to distinguish between benign
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and malignant cancers based on the available nine measurements. The measurements
are assigned an integer value between 1 and 10, with 1 being the closest to benign and
10 the most anaplastic. In the original database, the class distribution is 65.5% benign
and 34.5% malignant, respectively.

Table 1. The classification results of new fuzzy classifier.

Number of rules Min Acc. Max Acc. Mean Acc.
m = 2 95.59% 100% 97.16%
m = 3 98.53% 100% 98.56%

Partial previous work on the classification problem for the Wisconsin breast cancer
is listed in the reference [1]. The advanced version of C4.5 gives misclassification of
5.26% on 10-fold cross validation with tree size 25±0.5 [2]. [3] use the decision tree
to initialize the fuzzy classifier and GAs to improve the classification accuracy. The
classification accuracy of this fuzzy system with two rules on the Wisconsin breast
cancer data is 96.87%. [4] developed a constrained-syntax genetic programming system
for discovering classification rules in the Wisconsin breast cancer data, the classification
accuracy is compatible with the advanced version of C4.5[2]. [5] combined neuro-fuzzy
techniques with interactive strategies for rule pruning to obtain a fuzzy classifier. The
final fuzzy classifier for the Wisconsin breast cancer could be reduced to two rules with
5 - 6 features only, with a misclassification of 4.94% on 10-fold validation.

The performance of the obtained classifier measured by 10–fold cross validation.
In Table 1, we list the experimental results on the Wisconsin breast cancer database by
using the fuzzy classifier with conditional probabilities. This table shows that our fuzzy
classifier can achieve very high accuracy with simple model structure. The fuzzy clas-
sifier with 2 fuzzy classification rules achieves 97.16% mean accuracy, and the fuzzy
classifier with 3 fuzzy classification rules achieves 98.56% mean accuracy. In this ex-
periment, the learning rate α = 0.001 and iteration number is 1000.

Figure 2 illustrates the corresponding final rules of the fuzzy classifier trained by
gradient-based method. From this figure, we find that the centers of the gaussian mem-
berships in the first rule are on the left of the corresponding universes, and that in the
second rule are on the right of the corresponding universes.

5 Conclusions

In this paper we provide a gradient-based method to identify a new fuzzy classification
system from observation data. This fuzzy classifier consists of rules each one repre-
sents more than one class with different conditional probabilities. This fuzzy classifier
can be represented as a mixture model of classical fuzzy classifiers. A compact and
interpretable fuzzy classifier is achieved by applying the proposed method to the well-
known Wisconsin breast cancer data. The test results show that this fuzzy classification
system has strong power of knowledge representation.
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Fig. 2. The final fuzzy rules in fuzzy classifier with conditional probabilities.
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Abstract. Ensemble methods can achieve excellent performance relying on
member classifiers’ accuracy and diversity. We conduct an empirical study of
the relationship of ensemble sizes with ensemble accuracy and diversity, respec-
tively. Experiments with benchmark data sets show that it is feasible to keep a
small ensemble while maintaining accuracy and diversity similar to those of a
full ensemble. We propose a heuristic method that can effectively select mem-
ber classifiers to form a compact ensemble. The idea of compact ensembles is
motivated to use them for effective active learning in tasks of classification of
unlabeled data.

Keywords: Image Mining, Ensemble Methods, Compact Ensemble

1 Introduction

Many Applications generate massive unlabeled data in forms of text, image, audio or
multimedia. A commonly seen task in real-world applications is classification. Using an
image classification task as an example, a user may be able to carefully study a few im-
ages at a time, but may not have the patience and consistent performance to hand-label
a hundred of training images. To make things worse, new images are being collected
and waiting to be classified. A real-world problem we face is to classify Egerai Densa in
images. Egeria is an exotic submerged aquatic weed causing navigation and reservoir-
pumping problems in the west coast of the USA. As a part of a control program to
manage Egeria, classification of Egeria regions in aerial images is required. This task
can be stated more specifically as one of classifying massive data without class labels.
Relying on human experts for labeling Egeria regions is not only time-consuming and
costly, but also inconsistent in their performance of labeling. Massive manual classifi-
cation becomes impractical when images are complex with many different objects (e.g.,
water, land, Egeria) under varying picture-taking conditions (e.g., deep water, sun glint).
In order to automate Egeria classification, we need to ask experts to label images, but
want to minimize the task.

Many data mining methods for classification are available to help massively pro-
cess image data. In order for classification methods to work, labeled data is needed for
training purpose. We face a dilemma: to classify unlabeled data, we need to rely on a
classification algorithm; in order for the classification algorithm to learn from the train-
ing data, we need to have data labeled. Since we have to have labeled data for training,

Q. Li, G. Wang, and L. Feng (Eds.): WAIM 2004, LNCS 3129, pp. 622–627, 2004.
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we ask if it is possible that the classification algorithm can learn with as few labeled
data as possible. By doing so, we can minimize the labeling efforts by experts to turn
unlabeled data to labeled one. Active learning [5] is an effective learning framework
that can be applied in the above process of working with domain experts and using
as few labeled data as possible and learn to perform classification through an iterative
(re)learning process. Active learning requires highly accurate classifiers that ideally
can generalize well with a small set of labeled data. Therefore, we examine one type of
highly accurate classifiers - ensemble methods. We analyze one ensemble method (Bag-
ging [2]) with experiments on benchmark data sets, observe interesting results from the
experiments, and evaluate its feasibility and effectiveness to use compact ensembles for
active learning.

2 Ensemble Methods

Ensemble methods are learning algorithms that construct a set of classifiers and then
classify new instances by combining the individual predictions. An ensemble often has
smaller expected loss or error rate than any of the n individual (member) classifiers [7].
A good ensemble is one whose members are both accurate and diverse [3].

An accurate classifier is one that has an error rate of better than random guessing on
new instances; more specifically, each member classifier should have its error rate below
0.5. Two classifiers are diverse if they make different (or uncorrelated) errors on new
data points. In reality, the errors made by member classifiers will never be completely
independent of each other, unless the predictions themselves are completely random
(in which case the error rate will be greater than 0.5) [3]. However, so long as each
member’s error rate is below 0.5, with a sufficient number of members in an ensemble
making somewhat uncorrelated errors, the ensemble’s error rate can be very small as
a result of voting. Out of the many proposed ensemble methods, we consider Bagging
in this work as it is the most straightforward way of manipulating the training data [3].
Bagging relies on bootstrap replicates of the original training data to generate multiple
classifiers that form an ensemble. Each bootstrap replicate contains, on the average,
63.2% of the original data, with several instances appearing multiple times.

Ensembles can be assessed by three measures: predictive accuracy, diversity, and
size. Accuracy can be estimated using cross validation. Diversity measures how differ-
ent the predictions member classifiers made in an ensemble. The first two measures are
of the goodness of an ensemble. The last one is about ensemble size - the number of
member classifiers required for ensemble learning. Ensemble size mainly hinges on the
complexity of the training data. For a fixed type of classifier (say, decision trees), the
more complex the underlying function of the data is, the more members an ensemble
needs. The complexity of the function can always be compensated by increasing the
number of members for a given type of classifier until the error rate converges.

Following [4], let Ŷ (x) = ŷ1(x), ...ŷn(x) the set of the predictions made by mem-
ber classifiers c1, ..., cn of ensemble C on instance 〈x, y〉 where x is input, and y is
prediction. The ensemble prediction of a uniform voting ensemble for input x under
loss function l is ŷ(x) = arg miny∈Y Ec∈C [l(y, ŷc(x)]. The ensemble prediction is the
one that minimizes the expected loss between the ensemble prediction and the predic-



624 Huan Liu, Amit Mandvikar, and Jigar Mody

tions made by each member classifier c for the instance 〈x, y〉. The loss of an ensemble
on instance 〈x, y〉 under loss function l is given by L(〈x, y〉) = l(ŷ(x), y). The error
rate of a data set with N instances can be calculated as e = 1

N

∑N
1 Li where Li is the

loss for instance xi. Accuracy of an ensemble is 1 − e1. The diversity of an ensemble
on input x under loss function l is given by D = Ec∈C [l(ŷc(x), ŷ(x))].

The diversity is the expected loss incurred by the predictions of the member classi-
fiers relative to the ensemble prediction. Commonly used loss functions include square
loss (l2(ŷ, y) = (ŷ − y)2), absolute loss (l||(ŷ, y) = |ŷ − y|), and zero-one loss
(l01(ŷ, y) = 0 iff ŷ = y; l01(ŷ, y) = 1 otherwise). We use zero-one loss in this work.
We conduct experiments below.
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Fig. 1. Plots for normalized diversity and error rates.

Having ensemble loss (or accuracy) and diversity defined, we investigate how en-
semble sizes influence ensemble accuracy and diversity. We use benchmark data sets [1]
in the experiments. These data sets have different numbers of classes, different types of
attributes and are from different application domains.

We use the Weka [6] implementation of Bagging [2] as the ensemble generation
method and used J4.8 (the Weka’s implementation of C4.5 without pruning as the base
learning algorithm. For each data set, we run 10-fold cross validation of Bagging and
increase ensemble sizes from 5 to 151 and record each ensemble’s error rate e and
diversity D. Their average values e and D are calculated.

We have run experiments with 18 ensemble sizes (5, 7, 9, 11, 21, 31, 41, 51, 61, 71,
81, 91, 101, 111, 121, 131, 141, and 151) with 10-fold cross validation for each data
set (29 sets in total). In Figure 1, two illustrative sets of curves are demonstrated. Both
diversity values (dashed lines) and error rates (solid lines) are normalized for plotting
purposes. The vertical axis shows percentage (p). The maximum values of diversity and
error rate are given in each figure. We can derive absolute values for diversity and error
rates following Max× p. The trends of diversity and error rates are of our interest. We

1 We use loss and error interchangeably in this paper.



An Empirical Study of Building Compact Ensembles 625

can observe a general trend that diversity values increase and approach to the maximum,
and error rates decrease and become stable as ensemble size increases.

The results of this study prompt us to think that if we can find the ensemble with
minimum size for every application while maintaining accuracy and diversity, we will
be able to make the retraining of the ensemble very fast. One way of searching for
such ensembles is what we did in our experiments: increasing ensemble sizes until
the curves of error rates and diversity stabilize. However, this is a very costly process
when ensemble sizes are large. For example, to estimate error rate and diversity of
an ensemble with 100 member classifiers using 10-fold cross validation, we need to
build 100 × 10 classifiers. The total number of classifiers required to build starting an
ensemble with 5 classifiers is (5 + 6 + ... + 100) × 10 = 50, 400 with each classifier
taking O(N log N) time to train, where N is the number of instances of a training data
set. There is a need for an alternative that can determine ensemble size without training
so many classifiers.

3 Compact Ensembles via Classifier Selection

In general, 50-100 member classifiers have been used to build ensembles. In the context
of active leaning, since the initial training of ensembles is off-line, it is feasible to have
an ensemble with 100 member classifiers. To generate a training set for the task of
selecting member classifiers, we first perform Bagging with 100 member classifiers.
We then use the learned classifiers (ck) to generate predictions for instance 〈xi, yi〉 :
ŷk

i = ck(xi). The resulting data set consists of instances of the form ((ŷ1
i , ..., ŷM

i ), yi).
After this data set is constructed, the problem of selecting member classifiers becomes
one of feature selection.

Selecting Diverse Classifiers

1. Divide data Dnew according to its last column yj

form data D1
new and D0

new for classes 1 and 0;
2. For data set D1

new

Calculate diversity Dfull for ensemble Efull;
Sbest = Sfull;
Dbest = Dfull;
Apply LV Fd with Dfull as a goodness criterion:

Etemp is generated by LV Fd;
Calculate Dtemp and Stemp for Etemp

If Dtemp ≈ Dfull ∧ Stemp < Sbest

Dbest = Dtemp;
Sbest = Stemp;

3. Repeat step 2 for data D0
new

Fig. 2. Searching for small ensembles.

As discussed before, when
member classifiers are equally
good, the key issue to find a
subset of classifiers that main-
tain diversity. When we have the
newly formed training data, select-
ing a subset of diverse classifiers is
equivalent to selecting a subset of
features using diversity of the sub-
set as the goodness criteria. In or-
der to build dual ensembles, we di-
vide data Dnew into two data sets
D1

new and D0
new according to the

class labels. For each data set, we
can calculate the full ensemble’s
diversity, then look for the smallest
subset of classifiers that can main-
tain this diversity. This will result
in two ensembles E1 for D1

new and
E0 for D0

new.



626 Huan Liu, Amit Mandvikar, and Jigar Mody

We implement a modified version of LV F - a filter model of feature selection al-
gorithm (its implementation can be found in Weka [6]) and we call it LV Fd as it uses
diversity instead of consistency as the goodness measure of feature subsets. The basic
idea is as follows: randomly generate a subset of classifiers as Etemp; calculate the di-
versity Dtemp and size Stemp of Etemp; if Dtemp is similar to the diversity Dfull of
the full ensemble C, Etemp’s diversity and size are remembered as Dbest and Sbest;
in the subsequent steps, only if a new Etemp’s diversity Dtemp is similar to Dfull and
size Stemp is smaller than Sbest, Dbest and Sbest with Ebest are updated with those of
Etemp. LV Fd stops when Sbest does not change after a given number of iterations. The
algorithm of LV Fd is given in Figure 2 in which≈ means “is similar to”. Similarity can
be defined by the measures for two comparing ensembles. In our implementation, we
define p ≥ 1 as a threshold for similarity definition: if the difference between the two
measures is less than p%, we consider they are similar. p is set as 1 in our experiments.

Table 1. Selected Compact vs. Full Ensembles for training data.

Efull EsDataset
Accuracy DivE1 DivE0 Accuracy DivE1 DivE0 SizeE1 SizeE0

Acc Diff

breast 98.43 ± 0.12 0.04 0.18 97.00 ± 0.51 0.04 0.02 8 13 -1.43
breast-c 83.21 ± 1.72 0.21 0.06 79.72 ± 1.53 0.22 0.07 17.33 7 -3.50

colic 87.64 ± 1.05 0.08 0.04 87.77 ± 1.15 0.09 0.05 26.33 11 0.13
credit-a 93.62 ± 0.24 0.07 0.08 91.74 ± 0.51 0.07 0.09 18.33 5 -1.88
credit-g 92.90 ± 0.64 0.27 0.10 88.30 ± 0.26 0.26 0.10 19 10 -4.60
diabetes 95.31 ± 0.16 0.21 0.10 90.36 ± 0.56 0.21 0.11 18.33 11 -4.95
heart-st 96.67 ± 0 0.13 0.10 92.78 ± 2.00 0.94 0.11 18.33 10 -3.89
hepatits 94.84 ± 0.52 0.06 0.26 89.36 ± 1.64 0.08 0.28 8.33 19 -5.48
ionosphr 99.72 ± 0.12 0.03 0.09 95.58 ± 1.37 0.04 0.10 3.67 13 -4.13

kr 99.56 ± 0.05 0.01 0.01 99.23 ± 0.16 0.01 0.01 6.33 4 -0.33
labor 73.68 ± 8.13 0.09 0.12 92.11 ± 0 0.11 0.14 7.67 22 18.42
vote 97.36 ± 0.25 0.02 0.02 96.78 ± 0.47 0.03 0.02 8.33 11 -0.58

4 Experiments

We now conduct some further study on the benchmark data sets and evaluate if we can
apply the algorithm in Figure 2 to find compact ensembles with comparable perfor-
mance of full ensembles.

Table 2. Selected Compact vs. Full En-
semble for testing data.

Efull EsDataset
Accuracy Accuracy

Acc Diff

breast 96.57 ± 0.73 95.85 ± 1.04 -0.72
breast-c 68.51 ± 2.70 65.71 ± 2.62 -2.80

colic 85.59 ± 1.61 85.05 ± 1.47 -0.54
credit-a 87.39 ± 0.36 83.04 ± 0.71 -4.35
credit-g 75.60 ± 0.85 69.80 ± 0.75 -5.80
diabetes 75.26 ± 1.29 69.01 ± 2.30 -6.25
heart-st 80.74 ± 1.32 74.81 ± 1.68 -5.93
hepatits 80.67 ± 1.74 76.80 ± 2.33 -3.87
ionosphr 92.02 ± 1.86 86.32 ± 1.85 -5.70

kr 99.28 ± 0.09 98.78 ± 0.16 -0.50
labor 77.19 ± 3.79 84.21 ± 0 7.02
vote 95.40 ± 0.82 94.94 ± 0.50 -0.46

Among the benchmark data sets used in
Section 2, we use those with binary classes
for further experiments using dual ensembles
- building one ensemble for each class. As we
discussed earlier, an ensemble with 100% ac-
curate member classifiers has diversity value 0.
Hence, this data set is excluded. 3-fold cross
validation is conducted in this experiment. We
record the results in the training and testing
phases. For the training data, we record diver-
sity values for E1

full and E0
full and for E1

s and
E0

s as well as their accuracy rates in Table in
Figure 3. We also record the average ensemble
sizes for E1

s and E0
s .
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We observe that (1) Diversity – Selected ensembles can maintain similar or higher
diversity than those of full ensembles (Table 1) on the training data. (2) Ensemble
size – Average sizes for E1 and E0 are 13.33 and 11.33, the size difference between
selected ensembles and full ensembles is about 75 (the reduction is significant). (3)
Accuracy – Selected ensembles have lower accuracy than that of the full ensemble on
both training and testing data (on average, 1.01% and 2.49% less, respectively). Along
with the reduction in ensemble size, it is reasonable.

5 Conclusions

Classification of unlabeled data is a common task in real-world applications. We dis-
cuss an application of classifying unlabeled images for the purpose of detecting Egeria.
Motivated by this application and aiming to alleviate the burden of experts to manu-
ally label numerous images, we propose to employ active learning. We analyze what is
required to apply active learning and conclude that highly accurate ensemble methods
can be used as base classifiers for active learning with class-specific ensembles (e.g.,
dual ensembles for a binary class problem). As active learning is an iterative process,
it requires that each base classifier is efficient to train and test. This directly translates
to the necessity of using compact ensembles. We suggest that ensemble size can be re-
duced as long as its diversity is maintained. A classifier selection algorithm is proposed
to find the smallest ensemble that maintains similar accuracy. Various experiments are
conducted using benchmark data sets for demonstration and validation purposes.

Acknowledgments

This work is in part sponsored by CEINT ASU 2004.

References

1. C. Blake and C. Merz. UCI repository of machine learning databases, 1998.
2. L. Breiman. Bagging predictors.
3. T. Dietterich. Ensemble methods in machine learning. In First International Workshop on

Multiple Classifier Systems, pages 1–15. Springer-Verlag, 2000.
4. M. Goebel, P. Riddle, and M. Barley. A unified decomposition of ensemble loss for predicting

ensemble performance. In Proceedings of the 19th ICML, pages 211–218. 2002.
5. G. Schohn and D. Cohn. Less is more: Active learning with support vector machines. In

Proceedings of the 17th ICML, pages 839–846, 2000.
6. I. Witten and E. Frank. Data Mining - Practical Machine Learning Tools and Techniques with

JAVA Implementations. Morgan Kaufmann Publishers, 2000.
7. Z.-H. Zhou, Y. Jiang, and S.-F. Chen. Extracting symbolic rules from trained neural network

ensembles. AI Commun., 16(1):3–15, 2003.



Q. Li, G. Wang, and L. Feng (Eds.): WAIM 2004, LNCS 3129, pp. 628–633, 2004. 
© Springer-Verlag Berlin Heidelberg 2004 

Merging Individually Learned Optimal Results  
to Accelerate Coordination 

Huaxiang Zhang and Shangteng Huang 

Department of Computer Science and Technology, Shanghai Jiaotong University 
200030 Shanghai, P. R. China 

Zhx@sjtu.edu.cn 

Abstract. By merging agents’ individually learned optimal value functions, 
agents can learn their optimal policies in a multiagent system. Pre-knowledge 
of the task is used to decompose it into several subtasks and this decomposition 
greatly reduces the state and action spaces. The optimal value functions of each 
subtask are learned by MAXQ-Q [1] algorithm. By defining the lower and up-
per bound on the value functions of the whole task, we propose a novel online 
multiagent learning algorithm LU-Q, and LU-Q accelerates learning of coordi-
nation between multiple agents by task decomposition and action pruning. 

1   Introduction 

Learning of coordination between multiagent is intractable. If the whole task can be 
decomposed into several subtasks and all agents have already learned subtasks indi-
vidually, this learned knowledge should be useful for all agents to find the optimal 
policies of the whole task. By adopting MAXQ task decomposition method proposed 
by ditteriech [1], we propose a theoretical–sound multiagent learning algorithm LU-Q 
which has no constraint on subtask’s value functions. 

The algorithm proposed by Singh et al [3] requires all state values of each subtask 
be positive and the model of each subtask be known. Ghavamzadeh et al’s algorithm 
[4] requires state-action values be positive too. These two algorithms didn’t take task 
decomposition into account, so the application of them is quite limited. 

We use MAXQ-Q to learn the optimal value functions of each subtask and trans-
form the learned optimal value functions of each subtask to loosen the constraints on 
the value functions. The analysis and experimental results show LU-Q learns more 
efficiently than standard Q learning [2]. 

2   Multiagent Markov Decision Processes(MMDPs) 

We use Markov decision processes (MDPs) as the problem description framework. A 
MDP is a 4-tuple , , ,S A P R< > , and each term represents the state set, the action set, 
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the transition probability and the reward function respectively. : [0,1]P S A S× × →  

and '( | , )p s s a  refers to the probability from state s  to 's  when action a  is executed. 

:R S A× → ℜ and '( | , )r s s a  is the immediate reward when a  is executed in s  and 

transits to 's . A policy π  is a function mapping from a state to an action. The value 

function ( , )Q a sπ  is obtained by executing a  in s  and then following π  afterward. 

An optimal policy *π  maximizes ( , )Q a sπ  and we denote the optimal value as 
* ( , )Q a s and call it  the optimal value function. 

A MMDP [5] can be described as a combination of multiple MDPs. We use a 5-
tuple , , , ,M S A P R< >  to represent it. M  is the set of agents, and the other 4 terms 
refer to joint state set, joint action set, joint probability and joint reward respectively. 

1 kS S S∈ × ×L  is the state set( iS  is the state set of agent i , and k  the number of 

agents), and 1 kA A A∈ × ×L  is the joint action set( iA  is the action set of i ). 
'( | , )p s a s  = '

1 ( | , )k
i i i ip s a s=∏ , '( | , )r s s a  = '

1
( | , )k
i i ii

r s s a
=∑ . By defining the value 

functions of multiple MDPs, the joint optimal policy can be learned. 

3   Learning with Upper and Lower Bound 

When the model of the task is unknown, online learning is needed. Suppose a collec-
tion of k  agents has learned their optimal policies for each subtask, we now need to 
find their joint optimal policies for the whole task. This joint optimal solution is the 
optimal policy of the MMDP. If there is no interaction between the agents, it�s clear 
the profile of optimal policies for each subtask is the solution to the whole task. In 
real problems, actions of one agent may be affected by the other agents� actions, and 
the agent�s accumulated reward is a function of  all agents� joint action. 

Let ( , )L s a  and ( , )U s a  be the lower and upper bound on the Q values of a 
MMDP, ( , )i

i iL s a  and ( , )i
i iU s a  be the lower and upper bound on the i th MDP�s Q 

values and * ( , )i i iQ s a  be the optimal value function of the i th MDP, then it is true 
that ( , )i

i iL s a , ( , )i
i iU s a  and * ( , )i i iQ s a are the same. Based on the idea, we transform 

the optimal value functions of each subtask and propose an online learning algorithm 
LU-Q similar to [4], but the optimal value functions of each subtask is learned by 
MAXQ-Q [1]. Pseudo-code of  LU-Q is shown in table 1. 

LU-Q first computes the actions that have the minimal Q values in line 3 and ini-
tializes ( , )L s a  and ( , )U s a  in step 6 and 7. When a joint state is visited, the algo-

rithm chooses a joint action a  from the action set ( )A s (action set in state s ) using 

an action selection policy derived from ( , )U s a . The backup operations in step 17 and 

18 are used to update the lower and upper bound on the chosen state-action value 
functions. 'L  is the maximal lower bound value, and a new action set in state s  is 

computed in line 20 by pruning actions whose upper bounds are less than 'L . 
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Table 1. Online multiagent learning algorithm LU-Q 

 
1 for all a A∈ , s S∈  
2     for all i M∈  

3         *
( )arg min ( , )

i i ii a A s i i ib Q s a∈=  

4        *arg max ( , )i M i i ij Q s a∈=  

5     end for 

6     * *
1 ( )

( , ) max ( , ) min ( , )
j j j

k
i i i i j j ja A S

L s a Q s a Q s a= ∈
= −  

7     * *
1 1

( , ) ( , ) ( , )k k
i i i i i ii i

U s a Q s a Q s b
= =

= −∑ ∑  

8 end for 
9 do until algorithm converges 
10            0 1,0 2,0 ,0( , , , )ks s s s= L  the starting states // ,0is is starting state of i th MDP 

11   s = 0s  

12   computing action set ( )A s  

13   while s  is not terminal state 

14       selecting an action by any given exploration policy using ( , )U s a  

15      ' '
' ' ' '

( ) ( )1
max [(1 ( )) ( , ) ( )( ( | , ) max ( , ))]k

a A s i i i a A si
L t L s a t r s s a L s aα α γ∈ ∈=

= − + +∑  

16      for all ( )a A s∈   // ( )tα  is learning rate 

17         ' '
' ' '

( )1
( , ) (1 ( )) ( , ) ( )[ ( | , ) max ( , )]k

i i i a A si
L s a t L s a t r s s a L s aα α γ

∈=
= − + +∑  

18         ' '
' ' '

( )1
( , ) (1 ( )) ( , ) ( )[ ( | , ) max ( , )]k

i i i a A si
U s a t L s a t r s s a U s aα α γ

∈=
= − + +∑  

19      end for 

20     '( ) ( , )A s a U s a L= ∪ ∧ ≥ ; 's s←  

   end while  
 end do 
 

 
In a single agent domain, it is clear *( , ) ( , ) ( , )L s a U s a Q s a= = - *

( )min ( , )b A s Q s b∈ , 

and both ( , )L s a  and ( , )U s a  are no less than 0. So, the initialization of ( , )L s a  and 

( , )U s a  in line 3,4,6,7 keeps the property that both ( , )L s a  and ( , )U s a  are no less 

than 0. Line 7 shows that ( , )U s a  is the sum of k  positive terms, and ( , )L s a  is the 

maximal value of the k  terms. We have ( , )U s a ≥ ( , )L s a . This shows upper and 

lower bound are well defined. 
LU-Q has no constraint on the individually learned optimal value functions of each 

subtask. Initialization in table 1 shows whether * ( , )iQ s a  is positive or negative, we 

always have ( , )U s a ≥ ( , )L s a . So we say, the action set will not be empty in each 

valid state. 
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One obvious advantage of LU-Q is that it prunes actions whose best lower bound 
is larger than upper bound and backup operations are applied to those left actions. If 
only one action is left, regardless of whether agent’s upper and lower bound is con-
vergent, the optimal policy for that state is obtained. 

Learning of the value functions is just an approach to finding the optimal policy, so 
if the definition of value functions is reasonable, it might be used to learn an agent’s 
optimal policies of a task. In table 1, we define ( , )U s a  the upper bound on value 

function, and exploration policy is derived from it. This definition can be explained as 
follows. If there is no interaction between agents, each agent learns individually with-
out any constraint, then the agents’ joint optimal reward can be computed as 

* *
1

( , ) ( , )k
i i ii

Q s a Q s a
=

=∑ . We have * *
( )1

( , ) ( , ) min ( , )
i i i

k
b A s i i ii

U s a Q s a Q s b∈=
= −∑ . If 

we use ( , )U s a  to derive the exploration policy, we can get the same optimal policy 

as that gotten by exploration policy derived from * ( , )Q s a . If there is interaction be-

tween agents, constraints on the agents’ actions may appear, and we have 
* *

1
( , ) ( , )k

i i ii
Q s a Q s a

=
≤∑ . We can get * *

( )1
( , ) min ( , )

i i i

k
b A s i i ii

Q s a Q s b∈=
−∑ ≤ ( , )U s a  

(from line 7), so we say definition of upper bound is reasonable. 
We define the value functions of a cooperative multiagent system as the accumu-

lated rewards of the agents’ joint actions. In the worst case, all agents except for j  

gets the lowest value functions, and j  gets the largest value functions. More formally, 

( )i j M∀ ≠ ∈ , *
( )( , ) min ( , )

i i ii i i b A s i i iQ s a Q s a∈= , * *
1( , ) max ( , )k

j j j j j j jQ s a Q s a== . Agent 

j  selects ja  in state js , and we get the following inequality 

* *
( )1

( , ) min ( , )
i i i

k
b A s i i ii

Q s a Q s a∈=
−∑ ≥ ( , )L s a  (from line 6). So we can say definition 

of lower bound is reasonable too. 
ε -greedy and Boltzmann distribution can be the candidates of action exploration 

policy which is derived from upper bound. LU-Q prunes actions for current state 
from the action set for those actions’ upper bound is worse than the best lower bound. 
Therefore, after a state is visited and backup operation is applied to state action value 
functions, some actions of that state might be eliminated. Thus greedy exploration 
policy would be greedy with respect to both ( , )L s a  and ( , )U s a . 

 

Fig. 1. Taxi problem 

P1 P2

T1

T2

D2 D1

T1: taxi 1
T2: taxi 2
P1: position of passenger 1
P2: position of passenger 2
D1: destination of passenger 1
D2: destination of passenger 2
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4   Experimental Results 

We use the well-known taxi problem [1] with a modified version. As shown in Fig. 1, 
two taxies T1, T2 and two passengers P1, P2 inhabit in the 5-by-5 grid world. The 
taxi problem is episodic, and in each episode, each taxi starts in the starting square. 
The passenger in location P1 wishes to be transported to location D1, and the passen-
ger in location P2 wishes to be transported to location D2. One episode can be de-
scribed as follows. The taxi goes to the location of one passenger, picks up the pas-
senger and goes to the location of the passenger, and then drops down the passenger 
at the destination location. Agent learns to find the closest passenger and the shortest 
path to transport it. 

Black lines in Fig.1 are walls. If an agent hits the wall, it stays at its previous loca-
tion, and gets a reward of –1. 6 actions are allowed for each agent(four navigation 
actions, pickup and dropdown passenger), and each of the four navigation actions 
gets a reward of –1. If an agent picks up a passenger at the correct location, it gets a 
reward of –1, else, it gets a reward of –10. If an agent drops down a passenger cor-
rectly, it gets a reward of +20, or else, it gets a reward of –10. 

Each agent has 75 states(25 grid location, 3 taxi status: empty, carrying passenger 
P1, carrying passenger P2). For this domain, the number of state-action pair is 
75x75x6x6. If we apply standard Q learning algorithm to this problem, convergence 
of Q values is very slow. 

We adopt Boltzmann distribution as the action exploration policy, and set tempera-
ture and temperature decaying rate to be 190 and 0.9985. Learning discount rate is set 
to be 0.99. One episode is over after both P1 and P2 are transported to D1 and D2 
respectively. In Fig. 2, the horizontal axis represents the number of episodes, and the 
vertical axis represents the average number of steps in an episode of ten trials. Both 
agents have already learned their optimal value functions individually by using 
MAXQ-Q. Results show LU-Q learns faster than standard Q learning.  

Fig. 2. Performance comparison of standard Q learning with LU-Q 

0 1 2 3 4 5 6 7 8 9 10

x 10
5

10

20

30

40

50

60

70

80

90

number of episode

av
er

ag
e 

st
ep

s 
 p

er
 e

pi
so

de
 w

ith
 t

en
 t

ria
ls

standard multiagent Q learning
multiagent Q learning based on isolated vf



Merging Individually Learned Optimal Results to Accelerate Coordination      633 

Some other experiments have been done to test the performance of LU-Q. We 
adopt MAXQ-Q [1] to learn each subtask’s optimal value functions. Before the con-
vergence of these optimal value functions, we use these non-optimal values in LU-Q. 
Experimental results show even the values of each subtask is not convergent, LU-Q 
learns the agents’ optimal policies faster than standard Q learning does too. 

5   Conclusions and Future Work 

Multiagent Q learning has aroused great interest in artificial intelligence. Algorithms 
proposed by by Littman [6], Hu et al [7] and Greenwald [8] just focus on stochastic 
Markov game problems. When the state-action space becomes larger, learning be-
comes more intractable. We propose a planning algorithm LU-Q similar to value 
iteration, and learning of multiagent’s upper and lower bound is executed by merging 
agents’ optimal value functions of each subtask through MAXQ-Q. Performance 
comparison with standard Q learning shows LU-Q learns faster. 

For a multiagent system, if all agents work together as a team, coordination is 
needed. To simplify learning of multiagent’s optimal policies, the agents’ individu-
ally learned knowledge is quite useful. In the future work, we intend to use LU-Q to 
solve complex multiagent problems.  
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The Compression of Massive Offline Relations* 
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Abstract. Compression database techniques play an important role in the man-
agement of massive data in database. Based on an important feature of offline 
relations and the features of operations on these data, we propose a compression 
method of massive offline relations to improve the processing performance of 
these relations. Experiments show that our method is efficient. 

1   Introduction 

Massive data often appears. For examples, the data generated by high-energy-density 
physics experiments in Lawrence Lab can be up to 300T bytes per year. The data of a 
large telecommunication company’s business data gets up to TeraBytes per month. In 
last three decades, the data accumulated in demography, geognosy, meteorology and 
nuclear industries is even up to 1PetaBytes. 

The efficiency is the key issue while processing massive data. Many results about 
the storage, management and query processing of massive data have been obtained. 
Many people are invoked in finding efficient algorithms or techniques to deal with 
massive data; some other people adapt the compression techniques to the storage, 
management and query processing of massive data in database, and these works lead 
to the compression database techniques [1-9]. 

In general, massive relations in database can be divided into two kinds. One con-
sists of massive online relations (MONLRs) that are being used frequently in manu-
facturing currently. So, the goal of compressing MONLRs is to reduce the costs of 
operations on these relations and guarantee the performance of the database [1-9]. 
The other consists of the massive offline relations (MOFLRs) that are not used fre-
quently now. But for some purpose, we must keep them for a long time. Because the 
storage space of online database is finite, these MOFLRs have to be stored offline. 
However, the types of operation on MOFLRs are exiguous and the frequency of those 
operations is low. Additionally, the offline data will accumulate as time goes. So we 
must consider the following two issues while compressing MOFLRs: to reduce the 
storage requirements as possible and to ensure the performance of these limited que-
ries. So far, we have not see any literature about the compression of MOFLRs. In 
industries, the usual method is to export the data of database into text files and com-
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press them with tools such as Winzip, Compress etc. The compressed files are stored 
on the tertiary storages. Before queries being executed, these files must be decom-
pressed and imported back into database. So the queries on MOFLRs are costs inten-
sive operations and their performance is unacceptable for most users. In this paper, 
we propose a compression strategy for MOFLRs to overcome the shortcomings. 

2   Compression Algorithm of MOFLR 

In contrast to MONLRs, the features of MOFLRs observed are as follows. Firstly, the 
sizes of MOFLRs are far larger and will grow rapidly. Secondly, only a few of 
MOFLRs grow rapidly as the time goes. Thirdly, the queries on MOFLRs are quite 
different, the types of queries on MOFLRs are much less and their frequencies are 
also much lower. Finally, most attributes of MOFLRs do not appear in query condi-
tions. 

To improve the performance of the queries, we classify the records of each 
MOFLR into many subsets. All records in each subset satisfy some common condi-
tions. And each subset can be compressed into files with any compression algorithm 
and stored onto the tertiary storage. When a query is executed, we first find out the 
subsets involved and decompressed them. The query can be completed in two strate-
gies. One is to import the decompressed files back into the database and to process 
the query as usual. The other is to filter the records in the decompressed files directly 
according to the conditions appearing in the query. The server of management system 
will choose a lower cost strategy to complete the query. 

Additionally, together with the small relations or the relations with stable sizes, the 
information about classification is stored in the database of sever of the system. This 
arrangement is to save I/O costs between the secondary storage and the tertiary stor-
age further. The architecture of the management system has following three advan-
tages. The access of data has randomicity in some extent. and the I/O costs for each 
query may be small. At last, the compression algorithm can be chosen flexibly. 

Now, we consider the classification of records. Since most types of queries on 
MOFLRs are known before compressing. The atomic predicates appearing in where-
clause of these queries can be extracted and so do the predicates associated with a 
specific relation R. These predicates can be divided into three kinds, i.e. the predi-
cates used as join conditions, indefinite predicates, such as “user-name = ???”, 
which are known definitely until the queries will be executed, and definite predi-
cates, such as “a phone-call last at least 5 minutes”, which known definitely accord-
ing to the applications on MOFLRs. It’s hard to classify records according to the first 
two kinds of predicates. So, we use the third kind of predicates to classify the records 
of R.  

Suppose the set of definite predicates associated with R be PREDR={pred1, 
pred2 ,…, predm}. They are not independent however. For example, if a record satis-
fies predicate “ a phone-call last at least 10 minutes”, then it also satisfies predicate 
“a phone-call last at least 5 minutes”. If every record satisfying predicate predi also 
satisfies predicate predj, then we denote this relation as predi≤predj. To reduce the 
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number of subsets, we first eliminate such relation from PREDR. If predi, 
predj∈PREDR and predi≤predj, we delete predicate predi from PREDR. Finally, we 
denote the set of left predicates with the same symbols. Usually, m is no more than 10. 

For each subset, a mask with log2m +1 bits length is needed, indicating which 
predicates in PREDR the records in the subset satisfy. For example, the ith bit of the 
mask for some subset is 1 if all records in the subset satisfy predicate predi ∈ 
{pred1, … , predm } and 0 otherwise.  

To complete the classification, we must decide in which subset each record r of R 
should be put into. We use the following formula to compute the mask M(r) of record 
r to indicate the predicates that r satisfies and r is put into the subset with mask M(r).  

 

∑
+

=

−=
1log

1

1 )(2)(
m

i
ir

i predrM χ  ,     where =)( ir predχ




                                          0
     1

otherwise
predpredicate satisfies rrecordif i  

If we compute the mask for each record r while compressing, the speed of com-
pression will be very low. So we let the data producer compute these masks and store 
them in the online database together with the data itself. These operations do not 
force a speed-decrease in the online database. 

Now, let’s consider the compression of massive relation R. Since the memory size 
M is much less than the size of R or the size of each subset, we have to compress each 
subset into many files. In order to access the data files fast in the processing of que-
ries, we record the compressed files’ addresses corresponding each subset. So we 
create a relation MAPPING<mask, adress> in the database on thesecondary storage. 
Each time when we write a compressed file onto the tertiary storage, a tuple will 
beinserted into MAPPING. Moreover, to reduce the seek time on the tertiary storagee, 
the size of each fileshould not be too small. So, we suppose the size of each data file 
before compressing be SIZE. 

Algorithm 1: compress_M_R 
Input: relation R, the set of definite predicates {pred1, pred2, …, predm }, the size 

of available memory, the size SIZE of each data file, relation MAPPING; 
Output: the compressed storage of R on the tertiary storage. 
1.  Allocate 2m memory buffers B[0:2m-1], each with size M/m; 
2.  FOR each record r of R DO 
2.1     Insert r into buffer B[ M(r) ]; 
2.2     IF B[M(r)] is full THEN 
2.2.1       Write B[M(r)] onto disk; 
2.2.2.1        Compressing the data file FB[M(r)] ; 
2.2.2.2        Write the compressed data file onto the tertiary storage and suppose 

the address of the file is address; 

We allocate a memory buffer for each subset, each with size M/m. And for each 
buffer, there is a file with size SIZE on the disk. While compressing R, we deal with 
its records one by one. According to M(r), we can put record r into a proper buffer.  
If the buffer is full, we write its data into the corresponding data file. Repeat this  
process until the size of one data file reaches SIZE. Then compressthe data file and  
write it onto the tertiary storage. Finally, insert the corresponding tuple into  
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MAPPING. Repeat these operations until all records of R are processed. The algo-
rithm scans R one pass, need one I/O between disk and the tertiary storage and two 
I/O between memory and disk, which results that the algorithm is slower than the 
traditional method. However the compression is executed only once, it is devisable if 
the performance of query processing is improved. Additionally, since m is very small, 
we need not fear the lack of memory. Moreover, the compression ratio of the algo-
rithm depends on the compression algorithm chosen in step 2.2.2.1.  

3   Query Processing in the Compressed Data 

The key issue of query processing is to find out the data files involved on the tertiary 
storage. We begin with the queries on one massive compressed relation R without 
join operations with other relations. Let Q be such a query. Suppose the set of definite 
predicates appearing in query Q is {pred_Q1,pred_Q2,…,pred_Qs}=PRED(Q). Ac-
cording to the relationships among these predicates, we can construct a binary tree T 
whose leaf nodes are these predicates and internal nodes are AND or OR. 

According to the construction of PREDR, we know that there is a definite predicate 
predj

i
∈PREDR such that pred_Qi≤predj

i
 for any predQi∈PRED(Q). To find out the 

data files we must decompress, we have to substitute predj
i
 for pred_Qi in the binary 

tree T. For simplicity, we still denote the modified binary tree as T. From T, we can 
know the subsets in which the records satisfying query Q lie. 

Let the set of masks of the subsets satisfying the definite predicates in the right 
sub-tree of root is S1 and that corresponding the left sub-tree is S2. If the operator in 
root is OR, then the set of masks of the subsets satisfying the definite predicates in T 
is S1∪S2 If the operator in root is AND, then the set of masks is {mask1∧mask2| 
mask1∈S1, mask2∈S2}. So the set of masks can be computed iteratively.  

If the output of algorithm MASK is S, then the compressed data files whose masks 
are in S are those we must decompress. For ∀mask∈S, we can find out the data files’ 
addresses with mask mask from MAPPING and then access the file and decompress it. 
The server of the management system will chose one of strategy described in section 
3 to obtain the query results.  

Algorithm 2: MASK 
Input: the root root of the modified binary tree T; 
Output: the set of masks of subsets satisfying the predicates in T; 

1. IF T is a leaf in which the definite predicate is predj  

a. THEN return {0…010…0| the jth bit is 1 and other bits are 0s.} 
2. S1= MASK(root→right child) 
3. S2= MASK( root→left child); 
4. IF the operator in root is OR THEN return S1∪S2; 

Suppose there are m definite predicates in PREDR and f compressed data files in each 
subset. Given a query Q, suppose there are d definite predicates in Q. Let TO, TC de-
note the run time of Q in original compression architecture and the runtime of Q in 
our compression architecture respectively. 
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Theorem. Tc /To≤1/2m−d 

If the definite predicates in query Q are a small part of all predicates used in compres-
sion, the performance of Q can be improved notably. However, if all definite predi-
cates in PREDR appear in Q, then we have to decompress all data files and the per-
formance is the same as the traditional method. 

If there are join operations between pairs of relations in query Q, we process Q in 
four steps. Firstly, find out all compressed massive relations in Q. Secondly, extract 
definite predicates associated with each compressed massive relation from Q. Thirdly, 
utilize the method above to obtain medial results. Finally, load these medial results 
into database on the secondary storage and execute query Q. 

4   Experiments 

We implement our system and give the experimental results here. All experiments run 
on a 2.0GHz Intel Pentium processor with 256M main memory running Linux 6.2. 
The experiments are conducted with real data sets of a telecommunication provider. 
The data set used is a 10G subset of the massive relation. According to the applica-
tion, we use six definite predicates. We look into the effects of compression algorithm 
on compression ratio, the comparison between the costs of the traditional method and 
that of our method, and the comparison of the performance of these two methods. 

In step 2.2.2.1 of compress_M_R, we use Adaptive Huffman coding, Run length 
coding, LZW, and Arithmetic coding to compress the data set respectively. The com-
pression ratios are listed in fig.1. The horizontal axis denotes the value of parameter 
SIZE in the algorithm. 
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Fig. 1. Compression ratios 

We allocate 2M buffer for each subset and run the compression algorithm. The 
costs are listed in table 1. We noted that the time of this algorithm with SIZE=1M or 
2M is very close to the time of the traditional method. This is because there are no 
additional I/O between memory and disks. On the contrary, when the additional I/O is 
necessary, the runtime of our algorithm is longer. In order to save the seek time of 
accessing data files, this value of SIZE should be as large as possible. So, we set 
SIZE=16M which is the maximum value of our system. 
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After compressing data set, we run four queries on the compressed data. The run-
time these queries is listed in table 2. The third column and last column are the run-
times of our method with different strategy mentioned in section 3. 

Table 1. The costs of compression                Table 2. The performance of query processing 

 

5   Conclusions 

We have notice that the compression of MOFLRs is quite different from the compres-
sion of massive online relations. On the basis of the characteristics of MOFLRs, we 
have proposed a management system and designed a compression algorithm of 
MOFLRs. The theoretical analysis and the experimental results indicate that our 
method can improve the performance of query processing efficiently, although the 
costs of compression may increase. 
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The costs of compression (s)  
SIZE Old method New method 
1M 41275 42943 

2M 40524 41780 

4M 39265 51325 

8M 37932 49756 

The costs of query processing (s)  
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Sql1 46353 18535 17362 
Sql2 45119 17683 16408 
Sq3 43675 9172 10803 
Sql4 46379 20294 16895 
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Abstract. It is one of key problems in Text Mining to find document features. 
The string matching model and global word frequency model are two common 
models. But the former can hardly resist rewording noise, whereas the latter 
cannot find document details. We present Common Semantic Sequence Model 
(CSSM) and apply it to Document Copy Detection. CSSM combines the ideas 
of 2 models above, and it makes a trade-off between a document global features 
and local features. CSSM calculates the common words proportion between 2 
documents semantic sequences to make a plagiarism score. A semantic se-
quence is indeed a continual word sequence after the low-density words are 
omitted. With the collection of 2 documents semantic sequences, we can detect 
plagiarism in a fine granularity. We test CSSM with several common copy 
types. The result shows that CSSM is excellent for detecting non-rewording 
plagiarism and valid even if documents are reworded to some extent. 

1   Introduction 

We can easily fetch more and more documents from the Internet or a Digital Library. 
Sometimes we may find that two document are almost the same content, though their 
file name are different. It is called plagiarism if the copy is illegal or unauthorized. 
We often need to know whether some part or the whole of the given document is the 
copy of other documents. This work is called Document Copy Detection. 

In this paper, we introduce a Common Semantic Sequence Model (CSSM) that can 
find plagiarism effectively even if the document is reworded to some degree. There 
are two basic DCD schemes, one is string matching scheme, such as [2,4,5], and the 
other is global word frequency scheme (i.e. bag of word models), such as [7,8]. The 
string matching approach can find exactly which string is copied. It is a great disad-
vantage of this detection scheme that changing some words of string can easily cheat 
it. The word frequency approach, which is derived from Vector Space Model (VSM) 
[6], can find partial sentence copy and has better performance against noise, but its 
false positive is higher than that of the above, as reported in [7]. It is because that 
some documents that have the same (or similar) topics often contain the same key 
words. It is difficult to exactly locate plagiarism positions by this method.  

The fingerprints represent the local features of a document, whereas the word fre-
quencies represent the global features. Therefore, it is better to take account of both 
global and local features in order to detect plagiarism in certain detail. In CSSM, we 
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first find out the semantic sequences based on the concept of semantic density, which 
reflects the locally frequent semantic features, and then we collect all of the semantic 
sequences to imply the global features of the document. Finally, we calculate the 
similarity of 2 documents by counting the common words between their features. 

2   Common Semantic Sequence Model 

2.1   Semantic Sequence 

We present the detail definition of semantic sequence in [1]. In fact, a semantic se-
quence in S is a continual word sequence after the low-density words in S are omitted. 
Here continual means that if two words are adjacent in S[i], then the difference be-
tween their positions in S must not be greater than a threshold (ε).  

A long S may have several semantic sequences. We denote all of the semantic se-
quences in a document S by Ω(S), which then includes the global and local semantic 
features as well as local structural information. If some sentences about question q, 
which only occur in a paragraph P, take very small proportion in the whole document, 
then words about q may seldom appear in the global features by means of global word 
frequency model. But they can be caught in the semantic sequences of P. Hence we 
believe the semantic sequence can detect plagiarism in a fine granularity so that we 
can find partial copy files well. 

2.2   Selecting Features 

There is a fact for DCD that if one section is shared between two documents, then we 
think they are a copy pair. That is to say we need not find all of the common sections 
between two documents in order to decide whether they involve plagiarism or not. It 
is enough for DCD to compare similarity in several most likely common sequences. 
We know that the larger number of common words there are between two strings, the 
more similar they are. Therefore, we select candidate semantic sequences in Ω(S) and 
Ω(T) according to the number of common words between them. 

Let [ ] [ ]S TIi j  be the set of common words between S[i] and T[j]. Let 

CL(S,T)=[(S[i1],T[j1]),...,(S[in],T[jn])] be the list of semantic sequence pairs on docu-

ment S and T, which is sorted by | [ ] [ ] |S TIk ki j ,(1≤k≤n) descendingly. We denote 

the first η semantic sequence pairs by CL (S,T). The words in CL (S,T) are not only 
common words between S and T but also locally frequent words. We believe that 
CL (S,T) reflects the local identity between 2 documents in some detail. So the next 
work is to calculate the similarity of semantic sequences. Based on that, we decide 
whether there is plagiarism or not. 

2.3   Common Semantic Sequence Model 

A semantic sequence is very like a fingerprint. If we map a semantic sequence into a 
hash value and match them between 2 documents, then we will get a string matching 
model. However, in order to avoid the disadvantages of string matching model, we 
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absorb the idea of bag of word model. That is we calculate the proportion of common 
words between two semantic sequences. We believe that this method diminish the 
noise of rewording greatly, because few part of rewording words have trivial effect on 
the word frequency distribution. 

According to the principle of bag of word model, namely, the more common words 
there are between documents, the more similar they are, we define the plagiarism 
score of document S and T as follows, which is called Common Semantic Sequence 
Model (CSSM). The CSSM plagiarism score of document S and T is PCSSM(S,T), i.e. 

1
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At last, we use the discriminant below to make decision. 

( , ) ( ( , ) / ), , , 0CSSMf S T sign P S T b a a b R a= + ∈ >  (2) 

Let τ = b/a, called discriminating threshold. When we vary the value of τ, we will get 
different detection error. 

3    Experimental Results 

In this section, we do some experiments to test our CSSM and compare it with Shin-
gle method [2] and Relative Frequency Model (RFM) [7], which was successfully 
used to track real life instances of plagiarism in several conference papers and jour-
nals [3].  

We collect 1116 literature papers from proceedings of ICMLC02/03 (International 
Conference on Machine Learning and Cybernetics), from which we make plagiarized 
documents. Because the trend of positive error and that of negative error are always 
contrary, we use F1 metric to measure the synthetic performance of models, i.e.  
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τ τ
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The definitions of positive and negative error as well as the detail copy types are in-
troduced in [1]. 

Figure 1 shows F1 trends of RFM, Shingle and CSSM on the non-rewording cor-
pus. Figure 2 shows the trends on the rewording corpus with each word rewording 
probability1 θ=0.7.  

We see that the F1 values of CSSM are always greater than that of RFM and Shin-
gle on the non-rewording corpora. CSSM is greatly better than RFM on rewording 
corpus. CSSM is very excellent on non-rewording corpus, whereas the Shingle model 
is the worst model among the 3 models no matter on which corpus. In the experi-
ments, we find that all 3 models perform better on long texts than on short texts. 

                                                           
1  Because the synonym set of a word contains the word itself, the real rewording probability is 

lower than the labeled value. 
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As we mentioned above, Shingle model [2] is a string matching approach, which 
randomly selects some word sequences as fingerprints from a text to construct the 
text’s sketch, and then it compares two texts’ sketches. The 2 randomly selected 
sketches may be some different even if from the same text. Shingle model is good at 
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Fig. 2. F1 trends of RFM, Shingle and CSSM
on the rewording corpus with rewording
probability θ=0.7 

0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9
0

0.1

0.2

0.3

0.4

0.5

0.6

0.7

0.8

0.9

1

threshold(τ)

F
1 

va
lu

e

RFM
Shingle
CSSM

 
Fig. 1. F1 trends of RFM, Shingle and CSSM
on the non-rewording corpus 
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Fig. 3. F1 trends of RFM, Shingle and CSSM on the rewording n to 1 partial copy corpus with
rewording probability θ=0.7 
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finding very frequently repeated long word sequences, which is the main cause of its 
poor performance. 

RFM is derived from VSM by Shivakumar and Garcia-Molina [7] in SCAM proto-
type. RFM exploits the similar frequency distribution words and asymmetric metric to 
get the containment of two texts. It is fit to find out subset copy, but it is not so valid 
for n to 1 partial copy. Figure 3 shows the F1 trends of 3 models on the rewording n 
to 1 partial copy corpus with the rewording probability θ=0.7.  

4   Discussions 

While the discriminating threshold (τ) is increasing, the positive error trend is declin-
ing and negative error trend is increasing. The higher value of τ means that we need 
more common words to confirm plagiarism, so that we may decrease mistakes in 
plagiarism detection. Consequently, when the value of τ is low, we will get low nega-
tive error and high positive error, and when the value of τ is high, we will get high 
negative error and low positive error. Altogether, the low τ makes system radical, 
which misses out fewer plagiarism cases but easily misjudges the similar documents 
as plagiarism. In contrast, the high τ makes system conservative, which catches seri-
ous plagiarism but may fail to detect many light or partial copy documents. Whatso-
ever, we can get the appropriate values of τ (about 0.5-0.6 for CSSM) to keep both the 
positive and negative error in a tolerable range, where is around the peak of F1 trend. 

In the short text, there is little difference among different word’s frequency so that 
we can get few features from the short text. As the text length grows, some words’ 
frequency is larger than others so that more features can be found out and texts are 
easy to be distinguished. We believe that is the reason why 3 models perform better 
on long texts than on short texts. Moreover, the randomly rewording action tends to 
decrease the frequency of high frequency words, and decrease the frequency differ-
ence among different words. Consequently, all models perform worse on rewording 
corpus than on non-rewording corpus. CSSM is sensitive to word local frequency. 
The rewording action may not only reduce the common words but also disorder the 
words' sequence so that CSSM may miss some plagiarized documents. That raises the 
negative errors of CSSM, and leads to its worst performance on the short rewording 
corpus. 

5   Conclusions 

The string matching model and global word frequency model both have some draw-
backs on DCD. In order to get the optimal result, we have to make a trade-off be-
tween the global features and the local features. A semantic sequence is indeed a 
continual word sequence after the low-density words are omitted. The collection of 
semantic sequences in a document then contains both global and local features of the 
document. Moreover, we use common word counting method to diminish rewording 
noise. So CSSM is a hybrid model, which combines the features of word frequency 
model and string matching model. CSSM can detect plagiarism in a fine granularity, 
and experimental results show that it is superior to traditional DCD models, such as 
Shingle and RFM, especially on non-rewording corpus and long texts. However, the 
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rewording action may change the possible common words between documents, which 
impair the CSSM performance greatly. Whatsoever, CSSM is valid for DCD even if 
the document is reworded to some degree. 
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Abstract. Information Extraction is an important research topic in data mining. 
In this paper we introduce a web information extraction approach based on 
similar patterns, in which the construction of pattern library is a knowledge ac-
quisition bottleneck. We use a method based on similarity computation to auto-
matically acquire patterns from large-scale corpus. According to the given seed 
patterns, relevant patterns can be learned from unlabeled training web pages. 
The generated patterns can be put to use after little manual correction. 
Compared to other algorithms, our approach requires much less human inter-
vention and avoids the necessity of hand-tagging training corpus. Experimental 
results show that the acquired patterns achieve IE precision of 79.45% and re-
call of 66.51% in open test. 

1   Introduction 

With the continuous development of the Internet, on-line resources become more and 
more rich, which makes the Internet a huge, hidden information library. It has be-
come a hot research topic to accurately mine information from the plentiful semi-
structured or non-structured webpages, and describe it in a regular structure so that it 
can be stored in relational database and made full use of. The technique of informa-
tion extraction (IE) that we study in this paper is to solve the problem. 

The so-called IE refers to the task of extracting useful information that users are 
interested in from natural language text and describing it in a structured format. Pres-
ently most IE systems perform extraction on the basis of patterns (rules). The IE 
process in this paper, which is a typical IE process, involves the following steps: 
Given an unlabeled webpage to be extracted, first remove its html labels to get plain 
text. Then break it into sentences and perform word segmentation, POS tagging and 
named entity recognition. Next filter out sentences without entities of interest. Ac-
cording to the patterns in the given pattern library, run pattern-matching program to 
verify relations among entities and finally acquire structured data and store them into 
database. 

The construction of a pattern dictionary plays a crucial role and is a bottleneck of 
knowledge acquisition. Originally people construct patterns by hand. However hand-
coding is too arduous. Many researchers made effort to seek an automated solution. 
WHISK [1], LIEP [2], and Chikashi Nobata’s system [3] are among the most famous 
systems. In the recent years some IE methods based on bootstrapping emerged with-
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out requiring hand-tagging training corpus, such as ExDisco [4] and Ellen Riloff [5]. 
These systems’ purpose of reducing manual work is also the purpose of this paper. 

2   Automatic Pattern Acquisition Method   
     Based on Similarity Computation (PASC) 

Here we give some related definitions before turning to describe the algorithm: 
Feature word: Feature words are those words that appear most frequently in domain 
instances and can best represent domain implication. For our problem we divide fea-
ture words into two classes: first-level feature words and second-level feature words. 
First-level feature words must appear in the similar patterns and are assigned greater 
weights in the computation model; in contrast, second-level feature words do not 
necessarily appear and are assigned lower weights. 
Pattern: In this paper, patterns are abstracted from named entities, feature words and 
the orders of them in sentences.  
Pattern Similarity: Two patterns can be viewed as similar if they have common entity 
types and feature words (or synonyms of feature words), besides, their similarity 
computed by the following model must be greater than a given threshold. 

 

 

Fig. 1. Overview of the algorithm 

2.1   Flowchart 

In our experiments we preprocess the unlabeled training examples by removing html 
labels from training web pages, breaking text into sentences, performing word seg-
mentation, POS tagging and named entity recognition on each sentence. Then sen-
tences without entities of interest or feature words (or their synonyms) are thrown 
away. Labeled sentence set is reached. 

Then system automatically abstracts labeled sentences into candidate patterns. On 
the basis of this the similarity between the seed pattern and candidate patterns is com-
puted using our computation model. Similar patterns are thus obtained by discarding 
those with similarity below the threshold. Next the similar patterns are evaluated and 
filtered to reach the final set. The detailed flowchart is illustrated in figure 1. 
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2.2   Expression of Patterns 

In the light of the previously mentioned definition of pattern, PASC uses a regular 
grammar to represent patterns. 

P->E@R 
E->{entity type}E | {*}E | [first-level feature word]E | <second-level feature 

word>E | NULL 
R->num1,num2>relation;R | NULL 
Each field bracketed by a pair of { }, [ ] or < > indicates a node in the pattern; {*} 

denotes wildcard whose length is limited. The content following the character �@� is 
the output of the pattern, that is, the relation between entities with serial number of 
�num1� and �num2� is �relation�. 

For example, consider the sentence �微星公司生产的 K8T Neo-FIS2R主板已经
悄然在日本秋叶原上市，售价 19500 日元(The K8T Neo-FIS2R mainboard pro-
duced by MSI has quietly come into market at the price of 19500 yen in Akihabara, 
Japan.)�. System grows a pattern �{company} [生产(produce)] {*} {trade} {*} <上
市(come into market)> {*} [售价(price)] {money} {*} @ 1,2>produce; 2,3>price�. 

2.3   Relevant Resources 

Two resources must be constructed before acquiring patterns: feature word list (and 
their synonyms) and seed pattern library. 

Because domain feature words have powerful indicating and distinguishing ability, 
they are an important component in the expression of patterns. We also made use of 
feature word synonym resource. Therefore a list of feature words and their synonyms 
must be constructed.  

A seed pattern library needs to be manually constructed as the input.  
From the similarity computation model mentioned below, we can easily come to 

the conclusion that if the seed pattern library is well constructed, any accurate new 
pattern can find its similar pattern in the library, thus being filtered out. 

2.4   Acquisition of Candidate Pattern  

A set of patterns are abstracted from the labeled sentences according to the following 
basic principles:  
1) Abstract the entities into nodes of entity type { entity type };  
2) Feature words are retained and labeled as [first-level feature word] or <second-

level feature word > nodes; 
3) Other contiguous words are merged into wildcard nodes {*}; 

If the frequency of a pattern in the set is above the threshold γ, then we add the 
pattern into candidate set. 
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2.5   Computing Pattern Similarity 

In this section we describe the model to compute the similarity between the seed pat-
tern and the candidate pattern. The detailed computation model is as follows: 

For the seed pattern �a� and candidate pattern �s�, )Len1stKW(a  and 
)Len2ndKW(a  refer to the number of first-level and second-level feature words in �a�, 

respectively; LenNE(a) and LenNE(s)refer to the number of entity types in seed pat-
tern and in candidate pattern, respectively; s)a,Same1stKW(  and s)a,Same2ndKW(  
refer to the number of common first-level and second-level feature words (or their 
synonyms) between �a� and �s�, respectively; s)SameNE(a, refer to the number of 
common entity types between �a� and �s�. 

The feature word similarity between �a� and �s� can be computed with the follow-
ing formula: 


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



⋅+
⋅+

=
=

otherwise      
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where 0<α <1, indicating the weight of second-level feature word. 
The named entity similarity between �a� and �s� can be computed with the follow-

ing formula: 

LenNE(s)LenNE(a)
) sSameNE(a,2s)NESim(a,

+
⋅=  

The pattern similarity between �a� and �s� can be computed with the following 
formula: 

s)NESim(a,s)KWSim(a,s)Sim(a, 21 ⋅+⋅= λλ  

whereλ1 and λ2 are constants. Since pattern �a� and �s� can only be similar if they 
have entity types and feature words (or their synonyms) in common, λ1 and λ2 must 
meet the following criteria: 


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We filter the patterns assigned with similarity weights to reach the final pattern set. 
Patterns with similarity above threshold  are filtered out. After comparing with seed 
pattern to decide entity relation, they are added to the final set. 

3   Experiments and Evaluation 

The experiments reported here use the pattern mentioned in section 2.2 as the seed 
pattern. Since there is no Chinese-like MUC corpus exists, we retrieved 559 web 
pages from Internet through feature words (and their synonyms) of the seed pattern. 
We use 500 web pages for training, and the rest 59 for testing. We use the toolkit 
CipSegSDK [6] for text segmentation. 

Due to the limited capability of the named entity recognizer we use, part of the en-
tities are labeled by hand. In experiments the pattern frequency threshold is set to 2. 
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3.1   Experiments  

We let the similarity threshold β equal to 0.3 and made experiments to acquire new 
patterns with 1λ  ranging from 0.2 to 0.9. Results are shown in table 1: 

Table 1. Experiment results with β=0.3 as 1λ  varies 

1λ  0.3 0.4 0.5 0.6 0.7 0.8 0.9 

acquired 22 22 22 22 28 30 30 
accurate 20 21 21 21 26 28 28 

 
We also experimented over different threshold β with 1λ  set to 0.8. Experimental 

results are shown in table 2: 

Table 2. Experiment results with 1λ =0.8 as β varies 

β 0.1 0.2 0.3 0.32 0.4 0.5 0.6 
acquired 30 30 30 27 17 10 6 
accurate  28 28 28 26 16 10 6 

 

On the basis of the results in table 1 and table 2, taking both precision and recall 
into consideration, we set 1λ  to 0.8 and β to 0.3 and acquired 28 patterns.  

We also labeled patterns from the 500 training web pages by hand and acquired 31 
patterns. 

Table 3 shows the results of closed test over the web pages in training set and open 
test over the web pages in testing set with the acquired 28 patterns and the hand-
crafted 31 patterns. 

Table 3. Results of Experiment 

Experiment Automatic Pattern Manual Pattern 
Precision 84.56% 90.33% 

Recall 89.34% 96.75% Closed test 
F-measure 86.88% 93.43% 
Precision 79.45% 91.33% 

Recall 66.51% 69.36% Open test 
F-measure 73.41% 78.84% 

 
Where 

callecision
callecisionmeasureF

RePr
RePr2

+
⋅⋅=−  

The experimental results indicate that IE precision and recall of automatically ac-
quired patterns are close to that of hand-built patterns while avoiding the huge human 
effort.  

3.2   Discussion 

The pattern recognition errors are mainly caused by the following reason: 
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If there is more than one price entity in the example, the system cannot decide 
which one should be chosen as slot of pattern, for example: 

{*} {money=1} {*} {trade=1} {*} #售价(price)# {*}@ 2,1>price 
记者昨日获悉，江南奥拓在我市的最低售价已跌破 3 万元，最低售价仅为

29800元。(The reporter leaned yesterday that the lowest price of Jiangnan Aotuo in 
our city has gone below 30,000 yuan, the lowest price is only 29,800 yuan.) 

The above errors can be easily corrected by manual inspection. 
We can imagine that with the scale of corpus increases, it will become more and 

more difficult for handwork to reach high recall, in contrast, automatically acquired 
patterns will achieve increasing amount and coverage, thus making automatic IE 
performance goes beyond that of manual IE. 

4   Conclusion 

Compared to traditional approaches, our similarity-based pattern acquisition method 
avoids the need of labeling training corpus, and takes full advantage of the feature 
words in patterns and their synonym resource. Throughout the pattern acquisition 
process, little human intervention is required and a lot of human effort is saved. 

The weak point of our method lies in the lack of restriction over the order and rela-
tive position between slots and feature words, and it depressed the precision of pat-
terns to some extent. In the future work, we will consider introducing some heuristic 
rules to aid and restrict the generation of patterns and improve pattern precision. 
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Abstract. With the development of computer networks and wireless communi-
cation technologies, more interests have been addressed on mobile wireless ad 
hoc networks (MANET) that are constructed by only wireless hosts. Previously 
proposed data management researches in traditional mobile database put em-
phasis only on the mobility and power limitation of mobile clients. In MANET 
database system, research must consider issues both on clients and servers. 
Wireless sensor networks can be seen as data source in many applications based 
on MANET. In these applications, mobile clients query the data generated by 
wireless sensor networks through mobile servers. Up to now, few papers have 
discussed the methods of data management in such complicated system which 
includes mobile clients, mobile servers and wireless sensor networks. In this 
paper, a novel and complicated system architecture is proposed. In order to deal 
with the data management problem, Ts-Cache strategy which is based on time-
series analysis theory is also proposed, which can significantly reduce the work-
load of communication and improve the performance of the system. 

1   Introduction 

With the development of computer networks and wireless communication technolo-
gies, more interests have been addressed on mobile wireless ad hoc networks 
(MANET) that are constructed by only wireless hosts. In contrast with the traditional 
mobile network, in MANET, every host plays the role of a router and communicates 
with each other without the support of base station. All nodes are wireless and battery 
powered [1]. 

Previously proposed data management researches in traditional mobile database 
put emphasis only on the mobility and power limitation of mobile clients [1-10]. In 
MANET database system, research must consider issues both on clients and servers, 
because they are all mobile and power limited.  

In this paper, a novel and complicated system architecture is proposed. In order to 
deal with the data management problem, Ts-Cache strategy which is based on time-
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series analysis theory is also put forward, which can significantly reduce the work-
load of communication and improve the performance of the system.  

The contribution of this paper lies in two aspects: the architecture to represent 
MANET based Mobile Distributed Database and some formal descriptions of the 
probability model of data and time-series based cache model; the investigations to 
find ways in which a time-series cache can be used efficiently in many MANET and 
wireless sensor networks applications. 

2   Model of Hybrid MANET-Based DMDB System 

2.1   Formal Definition of HM-DMDB 

Definition 1. The HM-DMDB is defined as a HM-DMDB::=(WS, MS, MC, H-Ad). 
Where WS is wireless sensor node, MS represents mobile servers, MC stands for 
mobile client, and H-Ad is hybrid wireless ad-hoc network which includes both mo-
bile Ad-Hoc network and static wireless sensor networks. 

Definition 2. The probability model of data in HM-DMDB is defined as PModel ::= 
(Attr, Location, TS-M, CR, Tstamp). Where Attr is the attribute of sensor, Location 
identifies the location of data sensed by a cluster of sensors, TS-M is time-series 
model of data such as AR or ARMA, etc, for the simplicity, we use AR model to 
represent the time series data generated by sensor networks; CR is confidence region 
of error bound between actual value of data and predicted value from TS-M with 
specific probability, and Tstamp is time stamp in which the TS-M is established. 

AR(n) model can be represented as follow: 

nntnttt aXXXX ++++= −−− ϕϕϕ ...2211  (1) 

where an is a White-Noise series, and ),0(~ 2
tn NIDa δ , without the loss of gen-

erality, we can assume the mean of the time series X is 0. Using AR model, the MC 
can predict the future value of time series at time t with specific probability confi-
dence. For example, suppose that time series X satisfies AR(1) model, at time t, we 
can predict the Xt+k with 95% probability limit: 

2/1)1(2
1

4
1

2
1

2 )...1(96.1)( −++++± k
tt kX ϕϕϕδ  (2) 

Xt(k) can be calculated by formula(1) in which n=1.  

Definition 3. The hierarchical TS-cache model HTS-Cache is defined as HTS-
Cache::= ( Layer, Query, PModel). Where Layer is the position in the hierarchical 
architecture mentioned in section 2.1, Query is the query which gets results from 
sensor networks. PModel has been defined above and is used to answer the Query. 
The cache is divided into two sections: one section is the data which are the results of 
previous queries, the other is the data calculated from the PModel. The MC can get 
results locally not only from the previous real data but also from the future data to 
answer the new query. 
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Definition 4. Time-Series based Cache Invalid Report Model (TS-IR) is defined as 
TS-IR::= (Attr, Location, TS-M|RawData, ∆error, Host| Broadcast, Tstamp). TS-IR is 
used to inform the MS or MC to change the parameters of PModel when the error of 
predicted value exceeds the error bound predefined. Attr , Location and TS-M are the 
same as defined in PModel. RawData is raw data generated by sensor. MS sends 
changed parameters and initial values of TS-M to MCs. ∆error shows the difference 
between the data values which are calculated by old parameters and new parameters 
separately. When TS-IR is sent by sensor node, the destination is the host which has 
queried the data from this sensor node, otherwise, the MS broadcasts this TS-IR to all 
clients who have cached this model locally. 

Definition 5. Special Query Based on Time-Series in HM-DMDB TS-QUERY has 
the following format:  
SELECT (attributes| TS-Func (attributes)) FROM (Location) WHERE (predicate,δ) 
DURATION (time interval).  
Different to previous queries of wireless sensor networks, the TS-QUERY introduces 
time-series related functions in queries. These functions return the parameters of 
PModel and many other values which can only be calculated by time-series analysis, 
e.g., trend of the data, future values of data, etc. δ is the error tolerance which the 
client can accept. For example, the client can submit a query to know the probability 
of temperature reaches the scope between temp1 and temp2 until the next 30 time 
intervals and the error bound between [-0.5,0.5]: 

select Prob(Trend(Atemperature) IN [Temp1,Temp2]) from Location2 where -
0.5<δ<0.5 DURATION(Tcurrent+30*Tinterval) 

3   Data Management Strategies in HM-DMDB Using TS-Cache 

3.1   The Cooperation Algorithm   
        of Construction of Probability-Based Dada Model 

The sensor node is responsible to answer the queries and return the results to MCs 
through MSs. Different to the previous methods in sensor networks, the sensor node 
identifies the probability model of the data with the help of MS.  

At the beginning of the algorithm, because it doesn’t know which model the data 
will be, the sensor node sends the raw data to MS using the following criteria: let Ex 
be the mean value of the data generated by sensor node, δ be error tolerance defined 
in the query, xt be the data at time t. If | xt - Ex | >δ then send xt, otherwise the node 
drops it. After having received adequate data, MS can identify the model of the data 
and send the parameters of the model to the sensor node. For example, for the AR(n) 
model, the parameters include (n, φ1…φn, δ) only. In general case, n is no more than 
5. Using these parameters, the sensor node can construct the data model and use this 
model to filter the data more precisely. The algorithm is described in detail as follows. 
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Algorithm 1: Cooperation on Construction of Dada Model 
Sensor-Side: 
Register the query Qi received from MSi; 

When generating a data xt, decide whether to send it to MS as follows: 

  If | xt - Ex | >δ then send xt, else drop it; 

When receiving parameters of model which is suitable for query Qi, change data 

filter criteria to:  
If | xt – xt’ | >δ then send xt, else drop it; (xt is the true value generated at time t and 

xt’ is predicted value by model); 

MS-Side: 
Send query Qi to corresponding sensor node; 

Let xi (i=1 to t) be the data series received from sensor node at time t. Suppose the 

interval used to establish model is d; 
For (k=1 to t) 
If timestamp (xk+1) – timestamp (xk) is greater than d, then insert (xk+1+ xk)/2 be-

tween xk and xk+1; 

When receiving enough data to calculate the parameters of model, Identifies the 
model and send these parameters to sensor node.  
Continue to receive the data from sensor for Qi and recalculate the parameters when 

too much data have been accumulated;  

3.2   TS-Cache Coherence Management Algorithm  

Different to other similar works, this method puts emphasis on the following aspects: 

1. The content in broadcast is mainly parameters which are in small size compared 
with raw data; 

2. Take full advantage of TS-Cache on the router node in ad-hoc networks to re-
duce communication cost. Because every host node in a wireless ad-hoc network 
plays the role of a router, it caches some model information locally.  

3. Support the mobility of MS which are never mentioned in previous methods; 

When the parameter of a model has been changed, the MS will construct TS-IR to 
notify the other MS to change the cached model. The MS will also choose some 
neighbor MS to receive the TS-IR using the following selection criterias:  

1. Number of received queries which are related to the changed model from the 
host; 

2. Frequency of disconnection; 
3. How much energy left 

3.3   Method to Deal with Hand-Off of MS 

Different to the servers of traditional mobile database, MS in HM-DMDB often 
moves from one area to another freely, which is called hand-off problem. Once a MS 
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roams out of the area where it currently stays, it must select a MS in this area as its 
agent to receive the data of sensor network corresponding to this area and to answer 
the queries submitted by MCs.  

Every MS maintains some information about its neighbors:  

1. Number of queries sent from them separately and denoted by Ni; 
2. Power remained in MSi and denoted by Pi; 
3. Frequency of disconnection of MSi denoted by Fi; 

Suppose MSn will move out of the area. Before its leaving, MSn selects another 
MS which satisfies the condition that the total of Ni+ Pi- Fi is the maximum. After 
choosing a MSk, MSn sends MSk all the parameters of its model.  

When MSn moves to another area, it notifies new neighbors about its model and its 
frequency of mobility. 

3.4   Query Processing Using TS-Cache 

In order to save energy efficiently, in-network processing must be taken into account 
all the time. We can imagine that after queries have run for a longtime, TS-Caches are 
distributed on every node in HM-DMDB. Some of these TS-Caches are results of 
queries; others are relayed message on mediate node. As query in MANET must be 
relayed from one hop to another, it is not necessary to relay the query further when 
the query can be calculated and the result satisfied the precision in a mediate node. 
This method runs on each layer in HM-DMDB and is described in detail in Algo-
rithm 2: 
 
Algorithm 2: Query Processing Using TS-Cache 
MC-Layer: 
    Whenever it submits a new query, MC first checks the TS-Cache locally; 
    Then the query can be divided into two parts Q1 an Q2. Q1 is satisfied locally, 
whose precision of query can be satisfied by the local TS-Cache. On the contrary, 
TS_FUNC of Q2 includes data in particular time in the future which can’t be ob-
tained from the local TS-Cache; 
  MC need to send Q2 to MS only; 
  Whenever MC receives a query to be routed, it takes action as above and return the 
results of Q1 to sender and sends Q2 to next hop; 
MS-Layer:  
  Whenever a MS receives a query, no matter whether it is the destination of the query 
or not, it checks local TS-Cache as MC does above. The main difference between MC 
and MS is that MS sends Q2 to sensor networks to get the results; 
Sensor-Layer: 

Because of the limitation of capacity of sensor node, it is difficult for it to store 
many models locally. But the sensors can form a cluster in which related models are 
distributed stored. The sensor can treat the cluster as a local cache and takes actions 
as MC does. 
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4   Conclusion 

In this paper, a novel and complicated system architecture is proposed. In order to 
deal with the data management problem, Ts-Cache strategy which is based on time-
series analysis theory is also proposed, which can significantly reduce the workload 
of communication and improve the performance of the system.  

Simulation results show that our algorithms could save considerable bandwidth 
compared with other algorithms. 

In future research, we will extend our algorithm by using TS-Cache to deal with 
the problem of query optimize. 
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Abstract.  The issue of the correctness criterion for the schedule of transactions 
in hierarchical MDBS is studied in this paper. The definition and the architec-
ture of hierarchical MDBS are firstly presented. The structure of transactions 
executed in this hierarchical MDBS is also presented. Then, a correctness crite-
rion for the execution of transactions in hierarchical MDBS is proposed. An ex-
ample of the application of the criterion is given as well. At last, the analysis 
and future development of the criterion are given, which shows the latent appli-
cation of the criterion.  

1   Introduction 

A multidatabase (MDBS) is a logically integrated collection of pre-existing databases 
such that users can execute transactions that need to access multiple databases. It 
provides a feasible approach to integrate the legacy heterogeneous databases for those 
larger organizations that have many branches using various databases to store their 
specific data. One of the most concerned problems in MDBS is the concurrency con-
trol. We believe that the main job of the concurrency control in MDBS is to ensure 
the correct schedule of the transactions on the top global level. There are some re-
searches about the criterion for transactions executed in MDBS have been presented, 
such as chain-conflict serializability [2], shared-conflict serializability [2], 
QSR(Quasi-serializability) [3], 2LSR(two level serializability) [4][5]. But most of 
these researches were carried out on the monolithic multidatabase [1]. The monolithic 
multidatabase is those traditional MDBSs that integrate all local databases to build a 
whole logical database through a single centralized software module called ‘integrity 
center’. 

Given the rapid increase of the amount of the member databases and the distance 
between member databases, people find that the single monolithic MDBS architecture 
may lower the performance of the whole integrity system. So people choose to con-
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struct the MDBS hierarchically [1]. In this paper, we dip into the concurrency control 
in hierarchical MDBS transactions management and present an extended chain-
conflicting serializability for correct schedule of global transactions. The criterion is 
derived from the mostly used correctness criterion, conflict serializability, in tradi-
tional database. We prove the sufficiency of the application of the criterion in the 
maintenance of the serializable schedule of top global transactions. And then, an ex-
ample of the usage of the criterion is also explained. Finally, we address some discus-
sion on the work we did and predict some possible future development and applica-
tion of this research. 

2   Hierarchical MDBS Architecture and Transactions in It 

Hierarchical MDBS is a MDBS that integrates local databases hierarchically accord-
ing to the characteristics of member databases and the requirement of the application. 
But the selection of hierarchical MDBS architecture is not arbitrary, for it will have 
great impact on the concurrency control for transaction process [1]. For simplification, 
our discussions are based on a specific architecture of hierarchical MDBS illustrated 
in figure 1. 

Fig. 1. The architecture of Hierarchical MDBS. 

The architecture of the transactions executed in the hierarchical MDBS is showed 
in figure 2. In this transaction hierarchical structure, top global transactions, denoted 
by G, are those transactions that should be executed in more than one sub-MDBS. A 
top global transaction is submitted to the top global transaction manager (TGTM) to 
schedule. TGTM divides the global transaction to a series of sub-transactions accord-
ing to those sub-MDBSs who have data items that the global transaction need to ac-
cess. In this paper, we constrain that every top global transaction can have at most one 
sub-transaction in each sub-MDBS to be scheduled. Local-global transactions, de-
noted by GL, are those transactions that want to access objects belonging to a single 
sub-MDBS but more than one local database. They are submitted to relative sub-
MDBS transaction manager (LGTM) to schedule and do not need to let the TGTM 
know. LGTM divides transactions submitted to it to a series of sub-transactions ac-
cording to those local databases who have data items that the transaction apply for. 
Those local transactions, denoted by TL, are submitted directly to the local transaction 
manager (LTM) to schedule and do not need to let the upper transaction manager 
know. 
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Fig. 2. The architecture of the transactions executed in hierarchical MDBS. 

3   Conflict-Serializing Criterion in Hierarchical MDBS 

3.1   Preliminary 

Note that all the discussions in the following part of this paper are based on the as-
sumption that all the sub-MDBSs can ensure the serializable schedule of transactions 
submitted to them, and all the serializability of sub-schedules can be ensured by their 
local transaction managers. Another assumption of our discussion is that the hierar-
chical MDBS is a failure-free MDBS.  

[Definition 1] Global schedule S. Global schedule S is consist of the top global trans-
action schedule Sg and all the schedule Sk of GL in all sub-MDBSk (for k=1, 2,�,m). 
Denoted by S = Sg ∪ ( k

m
k S1=∪ ). The schedule Sk in each sub-MDBSk is just the same 

as that in traditional MDBS. 

[Theorem 1] Global serialization. Let S be the schedule of top global transactions. S 
is serializable iff: all the sub-schedules Sk (for k=1,�,m. m is the amount of the sub-
MDBS just below the top) of transactions in each sub-MDBSk are serializable, and 
there is a total order O on global transactions in S such that for each sub-MDBSk 
(1 ≤ k ≤ m), the serialization order of global sub-transactions in Sk is consistent with O 
(it implies that all the schedule orders in LDBs are all consistent with O as well). 

Theorem 1 tells us that if we can define a total order relationship among top global 
transactions that all schedules of sub-MDBSk are consistent with, and find some ways 
to force the schedule of top global transactions to follow this total order, we can en-
sure the serializable schedule of top global transactions. In this paper, we extend the 
pre-version definition of the chain-conflict and make it meet the requirement of hier-
archical MDBS environment. 
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[Definition 2] Chain-conflicting transaction in hierarchical MDBS. 
!  If the local transactions in LDBi have a total order TLi1 ~c TLi2 ~c�~c TLin, these 

transactions are chain-conflicting. 
"  Suppose glk is the set of transactions that executed in sub-MDBSk (for k =1,...,m), 

and TLkj  is the set of the transactions in glk which will be executed in local site 
LDBj (1 ≤ j ≤ ki , ki is the amount of local databases that constitute sub-MDBSk). 
If the sub-transactions in TLkj  have chain-conflict relationship and satisfy a total 
order Ok (that is satisfying !) , the transactions in glk are chain-conflicting. 

#  Suppose g is the set of the top global transactions. If the sub-transactions of the 
transactions in g are chain-conflicting in each sub-MDBSk respectively and satisfy 
a total order Ok (that is satisfying "), and all the Ok are the sub-order of a total or-
der O, then the transactions in g are chain-conflicting in an order consistent with 
O. 

(Note that �T1~cT2� represents a conflict between T1 and T2) 

[Definition 3] Chain-conflicting serializability in hierarchical MDBS. 
A schedule s is chain-conflicting serializable if the set T of committed transactions in 
s is chain-conflicting in a total order O on T and s is serializable in O. 

3.2   Application of Extended Chain-Conflict in Hierarchical MDBS 

Having introduced some concepts of chain-conflict in hierarchical MDBS, we now 
show how we can use it to the determination of a serializable top global schedule. 

[Theorem 2] Chain-conflicting serializability theorem  Let S be a global schedule of 
top global transactions, and g be the set of the top global transactions in S. If Sg is 
chain-conflicting serializable, and all the sub-schedules Sk (for k =1,...,m) in sub-
MDBSk are also chain-conflicting serializable, then S is serializable. 

The proof of theorem 2 relies on one of the Lemma in reference [2]. 

[Lemma] If o1 and o2 are conflicting operations of transactions T1 and T2 (respectively) 
in a serializable schedule s, then o1 sp  o2 iff T1

s
srp  T2. (where ‘ s

srp ’ represents serial 

schedule s). 

Proof of Theorem 2: Suppose Sg is chain-conflicting serializable in a total order O 
(

1i
G p

2i
G p…p

ni
G ). Without loss of generality, we assume that, in sub-MDBSk 

(for 1≤k≤m), sub-transaction of those top global transactions kiG
1

, kiG
2

,…, kin
G  exist. 

What we need to prove is that if Sk is serializable, then kiG
1

kS
srp  kiG

2  
kS

srp  
… kS

srp  kin
G

 
holds. This proof proceeds by induction on a number n of top global transactions. 

n = 1: Straightforward. 
Suppose for n=j(>1), kiG

1

kS
srp kiG

2

kS
srp … kS

srp ki j
G holds. Consider n=j+1. Because 

ki j
G  precedes ki j

G
1+

 in O, it means ki j
G ~c ki j

G
1+

. If ki j
o  and ki j

o
1+

are conflicting ope-

rations of ki j
G and ki j

G
1+

 respectively, then 
ki j

o Sp ki j
o

1+
. By Definition 2-# and the 
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conflict operations exchangeable principle, 
ki j

o
kSp ki j

o
1+

 holds. Thus, by Lemma, 

ki j
G kS

srp ki j
G

1+
 also holds. 

Thus, our induction proof shows that kiG
1

kS
srp kiG

2

kS
srp … kS

srp ki j
G kS

srp ki j
G

1+
 holds. 

Hence, the serialization order of global sub-transactions in Sk is consistent with O. 
Consequently, by Theorem 1, S is serializable. 

Now let’s see an example of the application of the extended chain-conflicting. 

Example: Consider the hierarchical MDBS in figure 3. The following three top 
global transactions are submitted to TGTM. 

1G : )(
1

awG )(
1

crG )(
1

cwG )(
1

drG  

2G : )(
2

arG )(
2

drG  

3G : )(
3

awG )(
3

brG )(
3

drG  

 

Fig. 3. The hierarchical MDBS of the example 

We suppose that the firstly submitted transaction will be scheduled first. Obviously, 
there are chain-conflicts G11~cG21~cG31 and G11~cG31 in Sub-MDBS1, and no conflict in 
sub-MDBS2. Suppose TGTM schedule these three transactions in the order ‘G1, G2, 
G3’. If a local-global transaction GL21: )(

21
cwGL )(

21
dwGL

 exists in sub-MDBS2 at the 

same time and is scheduled before other transactions, the schedules of the two sub-
MDBSs may be: 

S1 : )(
1

awG )(
2

arG )(
3

awG )(
3

brG
 

S2 : )(
21

cwGL )(
1

crG )(
1

cwG )(
2

drG )(
21

dwGL )(
1

drG )(
3

drG  

Thus, S1 and S2 are both serializable schedule, but S is not. The conflict equivalent 
schedule of S1 is G11 1Sp G21

1Sp G31. But the conflict equivalent schedule of S2 is G22 2Sp  

GL21 2Sp  G12 2Sp  G32. The reason is that there is no chain-conflict relationship of G1, 

G2, G3 in sub-MDBS2 such that the LGTM of sub-MDBS2 cannot control the execution 
order of them by chain-conflicting operation. If G2 had been changed as 
G2: )(

2
arG )(

2
dwG

, a chain-conflict G12~cG22~cG32 would be formed in sub-MDBS2. Ac-

cording to the serializable criterion, there must exist )(
1

drG 2Sp )(
2

dwG
 in S2. Hence, the 

total order O ‘G1, G2, G3’ that both S1 and S2 are consistent with can be found in top 
global schedule S. S is chain-conflicting serializable.  

For the convenience of implementation, we can apply Transaction Execution 
Graph to judge the chain-conflicting relation between top global transactions. In the 
graph, nodes represents the committed top global transactions, an edge like Gi →  Gj 

Top-MDBS 

sub-MDBS
1
 sub-MDBS

2
 

LDB
1
 LDB

2
 LDB

3
 LDB

4
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represents: a) Gi precedes Gj in O; or b) there exists at least one (direct or indirect) 
conflict between Gik and Gjk in sub-MDBSk (for 1 < k < m), and Gik 

kSp  Gjk, or Gik 
kSp  

GLik 
kSp …GLjk 

kSp  Gjk exists. We can prove that if the graph is acyclic, the schedule 

is chain-conflicting serializable. 

4   Conclusion and Further Discussion 

The concepts of hierarchical MDBS show us a possible orientation for the integrity of 
large number of legacy database sources that locate in various distant sites and adopt 
different strategy of transaction management, such as the virtual enterprise application 
and the mobile database application. In this paper, an extended chain-conflicting seri-
alizability criterion for the correct schedule of transactions in hierarchical MDBS is 
addressed. The details of the criterion and its correctness and application are all given 
in this paper as well. The criterion can make the maintenance of the global transac-
tions schedule more convenient. We do not need to care the transactions in local site, 
and just to control the chain-conflicting relation of top global transactions in a total 
order, then the serializability of global transactions schedule can be achieved. It is 
useful for those MDBS who have special requirement in autonomy of local member 
DBs.  

Anyway, we have just studied the correctness criterion of hierarchical MDBS su-
perficially, so flaws still exist. For example, our criterion may be too rigorous for 
some application and exert strong limitation on the concurrency control. It will lower 
the concurrency and the execution efficiency of transactions. However, to find a more 
relax and application-oriented criterion for the hierarchical MDBS environment is an 
important task in our future study. By the way, the effect of the failure should be 
taken into account and the solution of the problems should be studied in future work.  
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Abstract. Failure recovery is essential for transactional workflow management 
systems. When a failure occurs, compensation is usually used to rollback corre-
sponding processes and ensures semantic atomicity. Previously, many mecha-
nisms have been proposed while performance problem is rarely considered. 
This is a limitation since compensating activities are rather expensive. In this 
paper, we propose an efficient hierarchical failure recovery algorithm, HFR. In 
stead of treating the compensation sphere as flat flow graphs, it generates com-
pensation graph in a hierarchical manner from lower layers to higher ones ac-
cording to nested structure of workflow execution history. The end compensa-
tion point is dynamically generated such that the compensation sphere is con-
fined to a layer as low as possible and the number of compensations can be re-
duced. HFR can guarantee semantic atomicity of a workflow instance in case of 
a failure. The correctness of it is proved. Theoretical performance analysis 
shows that HFR has preferable efficiency.  

1   Introduction 

WfMS are used to coordinate and streamline the flow of processes and corresponding 
resources in distributed, heterogeneous and autonomous environment. These proc-
esses are supposed to guarantee transactional properties, such as atomicity. It is 
widely accepted that “all-or-nothing” requirement is too strict for transactional work-
flows. Relaxed transaction properties are required for long running, cooperative proc-
esses like workflows to avoid complete undo of performed work. Relaxed atomicity 
satisfying semantics of applications is called semantic atomicity [1]. 

Compensation is used to eliminate effects of executed sub processes and to roll-
back the workflow to a semantically acceptable state when failures occur. The con-
cept was first introduced in Sagas [2]. It is nowadays generally considered a proper 
way to handle application rollback [3–9]. Though simple, compensation is very effec-
tive to simulate ACID properties for long-running database applications that would be 
too expensive to implement as ACID transactions. 

It is typically complex to ensure semantic atomicity of workflow applications. 
First, identifying the compensation sphere, or the scope of the activities to be com-
pensated, is a non-trivial task. A workflow process is often nested and complex struc-
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tured with complex control and data dependencies. Second, sub-processes of a work-
flow usually have different transactional behaviors. Third, a workflow application 
often performs intricate operations other than database reads and writes. So the activi-
ties are expensive to be compensated. And it is important to minimize the compensa-
tion sphere and avoid unnecessary efforts. 

This paper proposes an algorithm, HFR (Hierarchical Failure Recovery), to handle 
semantic failures [10]. The contributions of this paper are summarized as follows. 
First, based on the conceptual model of workflows for semantic atomicity, we pro-
posed notions of RM (Recovery Mode) and RP (Recovery Policy). According to their 
transactional behaviors, sub-processes and activities are specified with different 
modes and policies to improve the degree of automatic failure recovery capability. 
Second, HFR is proposed as a solution to minimize the compensation sphere. It calcu-
lates compensation graph hierarchically from lower levels to higher ones according to 
the nested structure of workflow execution history. At each level, it estimates if the 
workflow is recoverable by the predefined information and stops at the lowest recov-
erable level. Thus the compensation sphere is dynamically generated and number of 
compensation can be reduced. Theoretical performance analysis is presented. Third, 
many failure recovery mechanisms for transactional workflows have been introduced 
without correctness verified. We give the proof that HFR is correct for ensuring se-
mantic atomicity of a workflow instance in case of a failure.  

2   Related Work 

Failure recovery of transactional workflows derives from the research of advanced 
transaction model (ATM) [2, 3, 11]. However, ATMs are typically database-centered 
and rigidly structured. Failure recovery of workflows is more complex for ATMs. 
Many process models have been described in [4–9, 12]. All assume the compensation 
sphere is somehow predefined and all the completed activities in the sphere are com-
pensated. Even with partial compensation [5], the end compensation point (or the 
point where forward recovery starts) is pre-specified. This is often wasteful. In [8], a 
flexible mechanism for specifying the compensation sphere is proposed. It tries to 
reduce the number of activities that have to be compensated, but how to achieve se-
mantic atomicity by compensation according to its proposed correct criteria is not 
mentioned. And the point where the compensation terminates is fixed. This may result 
in either unnecessary compensation or incorrect compensation. Our Work contrasts to 
previous work in that we aim at achieving lower costs by reducing the compensation 
sphere. And the end compensation point is determined dynamically. 

3   Conceptual Workflow Model for Semantic Atomicity 

A workflow is described as W = (G, O), where G = (A, L) is a directed graph compris-
ing a set of nodes A = {a1, a2, … } and the set of arcs L = {l1, l 2, … } between nodes 

in A. αi refers to a non-dividable sub step of a workflow. λi =<aj, ak>is the arc con-
necting aj and ak, which indicates the flow of control between them. O = {o1, o2, … } 
is a set of abstract data objects accessed and processed by nodes in set A. Start points 
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of W (denoted as SW) are nodes without incoming arcs, and end points of W (denoted 
as EW) are nodes without outgoing arcs. A workflow is required to have exactly one 
start point and at least one end point. 

A sub-process of workflow W is described as P = (G′, O′), where G′= (A′,  L′) is a 
sub graph of G with one start node, A′⊆ A, L′⊆ L, O′⊆ O. In the following sections, 
we denote start point of sub-process p as Sp. The adjacent higher process of a sub-

process is called its parent process. An activity α is a logical unit of work of workflow 
applications. It is actually a node in the workflow specification graph. A block is a 
sub-process with semantic atomicity requirement1. If the parent process p of block b 
is a block, then it is said that p is the parent block of b. 

4   Hierarchical Failure Recovery 

4.1   Recovery Mode and Recovery Policy 

As mentioned in section 1, sub-processes of practical workflow applications typically 
have different transactional behaviors. So we introduce the concept Recovery Mode. 
Sub-processes with dissimilar RM are handled differently in case of failures. 

Definition 1 Recovery Mode (RM). RM is the property which specifies atomicity 
feature of a sub-process p. RM(p) = {atomic, non-atomic}, where atomic means that p 
must execute as a semantic atom. 

Sub-process p with RM(p) = atomic is actually a block. RM of an activity is always 
atomic. Similar to sub-processes, activities behave differently due to their dissimilar 
recovery feature in case of failures. Thus we introduce Recovery Policy of activities.  

Definition 2 Recovery Policy (RP). RP is the property used to define recovery fea-
ture of activities in a block. RP (α) = {non-vital, compensable, critical}, where policy 
compensable has its sub policies {retriable, replaceable}. 

An activity is non-vital if it is effect-free, i.e., its execution will not influence the 
results of all the other execution sequences of activities. An activity αi∈A is com-

pensable if there is an activity ai
-1∈A where the sequence <ai, ai

-1>is effect-free. 
Activity ai

-1 is called the compensating activity of ai. Compensating activity semanti-
cally undoes the effects of the original activity. An activity a∈A is critical if it is 
neither compensable nor non-vital. It is not effect-free and its results cannot be elimi-
nated. Obviously, failures in the same block after a completed critical activity cannot 
be handled automatically. Human intervention is needed. 

For a compensable activity, its sub policy must be specified. A compensable activ-
ity is retriable if it can finally execute successfully after being retried for finite times. 
And activity a∈A is replaceable if there is an activity a′≠ aand a′ is functionally 
equivalent with a. Activity a′ is called the replacement of a.  

                                                           
1  All the activities are supposed to succeed or fail altogether. However, when a failure occurs, 

the sub-process is not assumed to rollback entirely. The sub-process may be compensated 
partially and continue by retrying or alternative methods. And it is acceptable as long as ter-
mination guarantees of the workflow application are satisfied. 
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Further, a sub-process p is said having an alternative-path if there is a sub-process 
p′ where 1) p′≠ p, and 2) Sp = Sp′ , and 3) p′ and p is functionally equivalent, and 4) p 

has more than one node. Then p′ is called an alternative-path of p. A sub-process p is 
called non-recoverable if it cannot recover automatically because of containing criti-
cal activities and it has no alternative-path. 

It needs business level support to automate the failure recovery. Therefore, RM and 
RP must be pre-specified. And it is required to specify corresponding compensable 
activities and replacements. Sub-processes with alternative-paths should provide the 
definitions of their alternatives.  

4.2   Algorithm Description 

A failure occurs when there is an unexpected exception in an activity. For complex 
workflow with nested structures, a failure occurring in one layer needs to be propa-
gated to a higher one until the workflow finally gets recovered or the administrator is 
notified. In this section, HFR is illustrated as four sub algorithms: FailureForward-
ing, FlowRecovery, FAPreHandling and BCGGenerating. 

(1) Failure forwarding. FailureForwarding serves as the main algorithm of the four 
sub-algorithms. It takes the type of the exception and state parameters list as input, 
activates corresponding registered ExceptionHandler to handle the exception. If it is 
an unexpected type, forward it to FlowRecovery. 
(2) Flow recovery. FlowRecovery is invoked by FailureForwarding to handle fail-
ures. It aborts executing activities and determines if the failure activity is recoverable 
by calling FAPreHandling. If recoverable, then reinitialize it based on the substituted 
definition generated by FAPreHandling, else goes to higher block (if there is) and 
calculates compensating graph of parent block by calling BCGGenerating. If the par-
ent block is recoverable, the workflow is rolled back to start point and is restarted 
forward by executing alternative-path; else higher level is arranged and the sub-
algorithm repeats until the workflow is recoverable or reaches the top block. If the top 
block is non-recoverable, rollbacks to its start point by corresponding compensating 
graph, else notifies the administrator for human intervention. 

Algorithm FlowRecovery (Input: ID of the failure activity) 
1) NonRecoverable := FALSE;  Abort all the executing activities. 
2) Initialize current compensating graph as NULL. 
3) Invoke FAPreHandling, check return value of the NonRecoverable mark. 
4) If it is FALSE, then initialize substituted definition of the activity and execute 

it. Return. Else set the failure activity as current failure block. 
5) If current failure block has parent process p and RM(p) is atomic 

5.1) then call BCGGenerating, current compensating graph as input, get com-
pensating graph of p. If p has alternative-path, 
5.1.1) then NonRecoverable := FALSE, rollback to Sp according to the com-

pensating graph, reinitialize and execute the alternative path. Return. 
5.1.2) else set p as the current failure block, go to5. 

5.2) Else rollback to the start point of the block, and notify the administrator. 
Wait for handling or return. 
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FlowRecovery provides backward recovery by compensation and supports forward 
recovery. It calculates the compensating graphs in a nested manner and merges the 
lower level graph to the higher ones. FlowRecovery doe not terminate until the block 
can be recovered or it reaches the top block for manual recovery. Once a block is 
recoverable, it will not go to higher ones. Thus the start point of forward recovery or 
the end compensation point is determined dynamically during the bottom-up process. 
And the compensation sphere is restrains at a level as low as possible. 
(3) Pre-handling of failure activity. FAPreHandling pre-handles failure activity for 
further processing. If it is non-vital, then redefine the activity as a null activity. If 
compensable, then rollback it. And the definition of failed replaceable activity will be 
substituted by its replacement for forward recovery. If critical, then set NonRecover-
able as TRUE and return it. 
(4) Generation of compensating graph. Compensating graph is useful in backward 
recovery. The goal of BCGGenerating is to generate compensating graph of current 
failure block’s parent block according to workflow execution history (the trace of a 
workflow instance from the start point to the point where it terminates). Compensat-
ing graph of parent block is calculated based on that of current block. 

Algorithm BCGGenerating (Input: current compensating graph; ID of current fail-
ure block; ID of current failure block’s parent block; Output: compensating graph of 
the parent block) 

1)  Get workflow execution history graph GH(A′, E). 
2)  Consider current failure block b as a node (called failure node). 
3)  Trace inversely from failure node to SB in parent block B. Let N be the set of 

nodes passed by (including failure node). 
4)  Expand set N, such that N=N ∪  {a| (a∈A′) ∧  (a∈reachable(N))}.  
5)  Construct GH′ (A′′, E′), maximal sub graph of GH, where A′′=N, with connect-

ing edges unchanged. 
6)  If compensating graph of b, i.e., Gb is not NULL, then replace failure node in 

the GH′ with Gb, and edges keep unchanged.  

7)  Else if Gb is NULL, then delete the failure point in GH′ and related edges. 

8)  Reverse all the edges in GH′.  
9)  If GH′ has multiple start points, then introduce a START node; add directed 

edge from START to the original start points. 
10) Return GH′, the compensating graph of B. 

4.3   Discussion 

HFR is based on the following assumptions:  
1. Compensating activity is retriable and alternative path can finally succeed. 
2. Sub-processes of a block cannot be non-atomic. 
3. If activity a is failure point in block b and there exists critical activity acr in the 

highest block btop containing b, then: 1) a is the critical activity, or 2) From activ-
ity a to the upper layer, if there is a block b′ with alternative path, then acrp Sb′, 

else acr=
topbS . 
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According to assumption 2, RM of sub-processes of a block must be atomic. Actu-
ally the top block defines an atomic sphere. Note that critical activity is not com-
pensable. If acr is between the start point of forward recovery (or end compensation 
point) and the failure point, then the effects of acr and that of the activities between acr 
and start point of forward recovery should be eliminated. This is impossible since acr 
is not compensable and not effect-free. Assumption 3 is to avoid this situation. It 
guarantees that failure recovery with the proposed algorithm will always finish with 
termination guarantees of workflows satisfied. 
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Fig. 1. Hierarchical structure of a block in a workflow specification 

5   Correctness 

According to the assumption 2, any sub-process p of a workflow instance w with 
RM(p)=atomic is structured as n layers of blocks. Let BH0, BH1,…, BHn-1 denote the 
sets of blocks (including activities) corresponding to layers from lowest to the top one 
in the hierarchical structure shown in Fig.1, dark nodes are blocks, other nodes are 
activities. Elements of BHi (i=0, …, n-1) are blocks and activities. Elements in BHi+1 
are often built up with those in BHi. For any activity defined in an atomic sphere of 
workflow instance w, it is in and only in one layer, says BHi. Theorem 1 and 2 are 
proved to illustrate correctness of HFR. 

Theorem 1 HFR can guarantee semantic atomicity of a workflow instance in case of 
a failure. 

Proof: The failure of a block is caused by that of an activity. Therefore, we only need 
to analyze the correctness of failure handling caused by activities. For any failure 
activity a∈BHi:  

1) If a is non-vital, then failure of a can be ignored If a is compensable, then it is 
evident that the workflow is recoverable (see FAPreHandling and FlowRecov-
ery). 

2) If a is critical, then from FlowRecovery: 
2.1) If there is a recoverable parent block of a, then the workflow will be rolled 

back to start point of the parent block and execute forward. 
2.2) If a has parent block and it is non-recoverable, then if there is a block 

b∈BHj, i<j ≤ n-1, and b is recoverable, then it is same with the case 2.1, else if 
there is not a recoverable block until the top block is reached, then the sub-
process will be rolled back to the point before execution of the atomic sphere, 
and human intervention is arranged. 
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Thereby, HFR makes a workflow rollback to start point of an atomic sphere when 
it is non-recoverable or recovers it in the scope of a sub atomic sphere, provided that 
the assumptions are satisfied. 

Theorem 2 HFR is capable of handling the failure of non-atomic sub-process prop-
erly. 

Proof: It can be proved by using theorem 1. Omitted due to space constraints. 

6   Performance Analysis 

Theorem 3 In a failure block with hierarchical structure, HFR confines the compen-
sation sphere to a layer as low as possible. 

This can be proved according to step 5 of FlowRecovery. Theorem 3 shows one of 
the advantages of HFR. When a failure occurs, the algorithm tries to prevent unneces-
sary compensations and reduce the compensation sphere. However, hierarchical man-
ner of compensating graphs generation may spend more time than that of flat meth-
ods. So we compare costs of HFR with that of flat methods. 

Assume that failure activity a is in an atomic sphere S with n layers (denoted as 
layer 0,…, n-1) and the block in layer i is recoverable. While corresponding blocks in 
lower layers are non-recoverable. Let the number of compensable activities in S be nc, 
and total number of that from layer 0 to layer i is mc. Mean time to compensate an 
activity is assumed as tc, to access persistent compensating graph and execution his-
tory graph is trwGH, to generate compensating graph is tgenGH. And assume mean time 
for decision making at each layer be td. 

(1) If the atomic sphere is non-recoverable, the number of compensating activities 
of HFR is equal to that of flat methods. But HFR accesses compensating graphs more 
often than the latter. The time difference of two methods for backward failure recov-
ery is (n-2)*(trwGH+tgenGH+td). As activities of complex workflow are often long run-
ning and compensating activities are expensive to compensate, the difference can be 
ignored as it is incomparable to executing time of compensating activities. 

(2) If the atomic sphere is recoverable, then the time for HFR to execute backward 
recovery, tHFR, is: 

tc*mc+ (i+1)*(trwGH+tgenGH+td) 
And the time for flat methods, tcc, is: 

tc*nc+ trwGH+tgenGH+td 
So the difference is: 

tc*(nc-mc) + i*(trwGH+tgenGH+td) 
Here, trwGH is actually the time accessing databases; it is much shorter compared 

to the time for compensating activities (tc). The time tgenGH and td are the same. 
Compared with trwGH, tgenGH and tp, tc is much longer. Thus the formula 
tc>>trwGH+tgenGH+td generally holds. So if failure block in the atomic sphere is 
recoverable, HFR is more efficient. 

Above analysis shows that HFR is more efficient than flat failure recovery methods 
if it is recoverable in the scope of the atomic sphere. When the atomic sphere is non-
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recoverable, the performance difference can be ignored. Since semantic failures of 
workflow applications are more often recoverable in the atomic sphere, HFR is pref-
erable with regard to performance. 

7   Conclusions 

In this paper, we present HFR as a hierarchical failure recovery algorithm ensuring 
semantic atomicity for complex workflow applications. HFR can be used to avoid 
unnecessary compensation and to enhance the efficiency of failure recovery for com-
plex transactional workflows. HFR has been applied to InforFlow system prototype 
developed at CIVC SE to enhance automatic capability of failure recovery. 
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Abstract. To resolve the problem of ontology heterogeneity, we apply multiple 
classification methods to learn the matching between ontologies. We use the 
general statistic classification method to discover category features in data in-
stances and use the first-order learning algorithm FOIL to exploit the semantic 
relations among data instances. When using multistrategy learning approach, a 
central problem is the combination of multiple match results. We find that the 
goal and the conditions of using multistrategy classifiers within ontology 
matching are different from the ones for general text classification. We propose 
a macrocommittees combination method that uses multistrategy in matching 
phase but not classification phase. In this paper we describe the combination 
rule called Best Outstanding Champion, which is suitable for heterogeneous on-
tology mapping. On the prediction results of individual methods, our method 
can well accumulate the correct matching of alone classifier.  

1   Introduction 

Bringing the meaning to the web data, in theory, ontology is a good solution for data 
interoperation. However, semantic heterogeneity or ontology heterogeneity is still a 
problem in real web environment. Because of the semantic web's distributed nature, 
ontologies from different communities will inevitably be different. The problem of 
improving system interoperability will rely on the reconciliation of different ontolo-
gies. 

We can consider the process of addressing the semantic heterogeneity as the proc-
ess of ontology matching (ontology mapping) [1]. Mapping processes typically in-
volve analyzing the ontologies and comparing them to determine the correspondence 
among concepts. Given two ontologies in the same domain, we can find the most 
similar concept node in one ontology for each concept node in another ontology. 

In our early work [2], we discussed the use of data instances associated with the on-
tology for addressing semantic heterogeneity. Our ontology matching system applies 
classification methods to learn the matching between the pair of ontologies. Given the 
source ontology B and the target ontology A, for each concept node in target ontol-
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ogy A, we can find the most similar concept node from source ontology B. The sys-
tem considers the ontology A and its data instances as the learning resource. All con-
cept nodes in ontology A are the classification categories and relevant data instances 
of each concept are labeled learning samples in a classification process. The data 
instances of concept nodes in ontology B are unseen samples. The system classifies 
data instances of each node in ontology B into the categories of ontology A according 
the classifiers for A. On the base of classification results, the system computes the 
similarity degree of each pair of concept nodes using some similarity measure to find 
the matching relations between two ontologies.  

Our system uses multistrategy, where each of classifier exploits different type of in-
formation either in data instances or in the semantic relations among these data in-
stances. We propose a macrocommittees combination method that uses multistrategy 
in matching phase but not classification phase. Using appropriate matching committee 
method, we can get better result than simple classifier.  

This paper is organized as follows. In the next section, we will discuss the multiple 
classifiers for ontology matching. In section 3, we will discuss the different goal and 
the conditions of using multistrategy classifiers for ontology matching and propose 
the macrocommittees of matching and the evaluation method of classifiers for match-
ing. Section 4 reviews related work. We give the conclusion in section 5.  

2   Multiple Classifiers for Ontology Matching 

The ontology matching system is trained to compare two ontologies and to find the 
correspondence among concept nodes. Our system uses multistrategy learning meth-
ods including both statistical and first-order learning techniques. Each base learner 
exploits well a certain type of information from the training instances to build match-
ing hypotheses.  

We use a statistical bag-of-words approach to classifying the pure text instances. 
The approach is the Naive Bayes learning technique, one of the most popular and 
effective text classification methods. It treats the textual content of each input instance 
as a bag of tokens, which is generated by parsing and stemming the words and sym-
bols in the content. It is a kind of probabilistic models that ignore the words sequence 
and naively assumes that the presence of each word in a document is conditionally 
independent of all other words in the document.  

Furthermore, the relations among concepts can help to learn the classifier. An ap-
pealing aspect of our approach is that the first-order rules can describe categories 
using a rich description of the local graph structure around the categories. Data in-
stances under ontology are richly structured datasets, where data best described by a 
graph where the nodes in the graph are objects and the edges in the graph are links or 
relations between objects. The other methods for classifying data instances consider 
the words in a single node of the graph. However, the method can’t learn models that 
take into account such features as the pattern of connectivity around a given instance, 
or the words occurring in instance of neighboring nodes. For example, we can learn a 
rule such as “An data instance belongs to movie if it contains the words minute and 
release and is linked to an instance that contains the word birth.” Clearly, rules of this 
type, that are able to represent general characteristics of a graph, can be exploited to 
improve the predictive accuracy of the learned models. 
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This kind of rules can be concisely represented using a first-order representation. 
We can learn to classify text instance using a learner that is able to induce first-order 
rules. The learning algorithm that we use in our system is Quinlan's Foil algorithm 
[3]. Foil is a greedy covering algorithm for learning function-free Horn clauses defini-
tions of a relation in terms of itself and other relations. Foil induces each Horn clause 
by beginning with an empty tail and using a hill-climbing search to add literals to the 
tail until the clause covers only positive instances.  

Given the classification results, we can compute the degree of similarity using 
some similarity measure. Generally, the more data instances of one node in ontology 
B is classified into one node in ontology A, the more similar this pair of concept 
nodes is. The similarity measure can reflect this condition. [4] gives a detailed intro-
duction into further similarity measures between two sets X and Y such as the match-
ing coefficient YX I , the dice coefficient

YX
YX

+
I2 , the Jaccard or Tanimoto coeffi-

cient
YX
YX

U

I  or the overlap coefficient
( )YX
YX
,min

I is given. The final result of a clas-

sifier is the similarity matrix. The element of the matrix represents the similarity de-
gree of a pair of concept nodes. We choose the Jaccard or Tanimoto coefficient meas-
ure in our system. 

3   Micro-matching Committees   
     and Evaluation of Matching Classifiers 

Method of Committees (a.k.a. ensembles) is based on the idea that, given a task that 
requires expert knowledge to perform, k experts may be better than one if their indi-
vidual judgments are appropriately combined. In text classification, the idea is to 
apply k different classifiers to the same task of deciding the category of a document, 
and then combine their outcomes appropriately. Various combination rules have been 
tested, such as majority voting (MV), weighted linear combination (WLC) and dy-
namic classifier selection (DCS) [5].  

Similarly, we can use matching committee method in our ontology matching sys-
tem. Though we use classification in our matching system, matching committee is 
different from classifier committee. For obtaining matching result, there are two dif-
ferent matching committee methods according to which phase uses multistrategy, in 
classification or matching:  

-  microcommittees: System firstly utilizes classifier committee. Classifier commit-
tee will negotiate for the category of each unseen data instance of source ontol-
ogy. Then system will make matching decision on the base of single classifica-
tion result. The multistrategy is used in classification phase. 

-  macrocommittees: System doesn’t utilize classifier committee. Each classifier 
individually decides the category of each unseen data instance. Then system will 
negotiate for matching on the base of multiple classification results. The multis-
trategy is used in matching phase. 

Let’s see which committee is suitable for our ontology matching. To optimize the 
result of combination, generally, we wish we could give each member of committees 
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a weight reflecting the expected relative effectiveness of member. There are some 
differences between evaluations of classifiers in text classification and ontology 
matching. 

In text classification, the initial corpus can be easily split into two sets, not neces-
sarily of equal size: a training(-and-validation) set: The classifier is inductively built 
by observing the characteristics of these documents; a test set: used for testing the 
effectiveness of the classifiers. Each document in this set is fed to the classifier, and 
the classifier decisions are compared with the expert decisions. The trained classifier 
will be used to classify the unseen documents. Because the existence of validation set 
and test set, classifier committee can easily optimize the weight of members. 

However, the boundary among training set, test set and unseen data instance set in 
ontology matching process is not obvious. These data sets have two features. Firstly, 
validation set and test set is absent in ontology matching process in which the in-
stances of target ontology are regarded as training set and the instances of source 
ontology are regarded as unseen samples. Secondly, unseen data instances are not 
completely ‘unseen’, because instances of source ontology all have labels and we just 
don’t know what each label means. From the view with labels, unseen data instance 
set has little similarity with validation set and test set. 

Table 1. Classifier 1                            Table 2. Classifier 2 

 
 
 
 
 
 

 
We adopt macrocommittees in our ontology matching system. Because of the first 

feature of data set, it is difficult to evaluate the classifiers in microcommittees. Micro-
committees can only believe the prior experience and manually evaluate the classifier 
weights, as did in [1].  

Notes that the second feature of data set, which the instances of source ontology 
have the relative “unseen” feature. When these instances are classified, the unit is not 
a single instance but a category. So we can observe the distribution of a category of 
instances in a classifier. Each classifier will find a champion that gains the maximal 
similarity degree in categories of target ontology. In these champions, some may have 
obvious predominance and the others may keep ahead other nodes just a little. Gener-
ally, the more outstanding one champions is, the more we believe it. For example, as 
shown in Table 1 and Table 2, there are two distribution vectors (0.59, 0.34, 0.08, 
0.02) (0.10, 0.45, 0.10, 0.10). Though the similarity degree 0.59 between A  and 'A  

in classifier 1 is bigger than the similarity degree 0.45 between B  and 'A  in classi-
fier 2, we still argue that B  is more appropriate than A  because B  is more out-
standing in Classifier 2. Thus we can adopt the degree of outstandingness of candi-
date as the evaluation of effectiveness of each classifier. The degree of outstanding-
ness can be observe from classification results and needn’t be adjusted and optimized 
on a validation set.  

 'A  
A  0.10 

B  0.45 

C  0.10 

D  0.10 

 'A  
A  0.59 

B  0.34 

C  0.08 

D  0.02 
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The degree of outstandingness can be measured according the angle between distri-
bution vector and coordinate axis. The more one champion is close to one of coordi-
nate axes, the more outstanding it is. So we can normalize the distribution vector into 
a unit vector. The degree of outstandingness can be defined as the maximal compo-
nent value of the unit distribution vector.  

We propose a matching committee rule called the Best Outstanding Champion, 
which means that system chooses a final champion with maximal accumulated degree 
of outstandingness among champion-candidates. The method can be regarded as a 
weighted voting committee. Each classifier votes a ticket for the most similar node 
according to its judgment. However, each vote has different weight that can be meas-
ured by degree of champion’s outstandingness. So given a source node and columns 
of classifiers’ results under this source node, we can find a final champion for target 
nodes as follows: for each target node c  and k classifiers, the pooled votes can be 

calculated as ∑
=

=
k

i
iic vwVotes

1
. Where cVotes  are combined votes of node c . The 

component iw  is the maximal component value of the unit distribution vector in the 
classifier i . The component iv  equals 1 if node c  is the champion in classifier i , 
otherwise 0.   

4   Related Works 

From perspective of ontology matching using data instance, some works are related to 
our system. GLUE [1] also uses multiple learning strategies to find matching between 
ontologies. Some strategies classify the data instances and another strategy Relaxation 
Labeler searches for the mapping configuration that best satisfies the given domain 
constraints and heuristic knowledge. However, automated text classification is the 
core of our system. We focus on the full mining of data instances for automated clas-
sification and ontology matching. By constructing the classification samples accord-
ing to the feature property set and exploiting the classification features in or among 
data instances, we can furthest utilize the text classification methods. Furthermore, as 
regards the combination multiple learning strategies, [1] uses microcommittees and 
manually evaluate the classifier weights. But in our system, we adopt the degree of 
outstandingness as the weights of classifiers that can be computed from classification 
result. Not using any domain and heuristic knowledge, our system can automatically 
achieve the similar matching accuracy. [6] computes the similarity between two taxo-
nomic nodes based on their TF/IDF vectors, which are computed from the data in-
stances. The method is so simple that can’t satisfy the application of the real-world 
domain. 

Some related works [7,8] also compare ontologies using similarity measures, 
whereas they compute the similarity between lexical entries. [9] describe the use of 
FOIL algorithm in text classification and information extraction for constructing 
knowledge bases from the web. 
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5   Conclusion 

When current web evolves to semantic web, the data heterogeneity will transfer to the 
semantic heterogeneity between ontologies. We propose a multistrategy learning 
approach for resolving ontology heterogeneity on semantic web. In the paper, we 
apply the classification method to sum up the number of data instances belonging to a 
concept node pair. We use the general statistic classification method to discover cate-
gory features in data instances and use the first-order learning algorithm FOIL to 
exploit the semantic relations among data instances. We indicate the similarities and 
differences between classifier committees and matching committees and propose the 
macrocommittees combination method. The system combines their outcomes using 
our matching committee rule called the Best Outstanding Champion, which is suitable 
for heterogeneous ontology mapping. The method can well accumulate the correct 
matching of alone classifier. 
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Abstract. Compared with the text information text, hypertext infor-
mation such as hyperlinks and meta data all provide rich information for
classifying hypertext documents. After analyzing different rules of using
hypertext, we present a new hypertext classification algorithm based on
co-weighting multi-information. We co-operate different hypertext infor-
mation generally, by co-weighting them after extraction. Experimental
results on two different data sets show that the new algorithm performs
better than using single hypertext information individually.

1 Introduction

As the size of the Web expands rapidly, the need for automated hypertext clas-
sification techniques has become more apparent. A recent user[CH] study shows
that users often prefer navigating through directories of pre-classified content.
Automated hypertext classification poses new research challenges because of the
rich information in a hypertext document and the connectivity among docu-
ments. Hyperlinks, HTML tags, and meta data all provide rich information for
hypertext classification. Researchers have only recently begun to explore the
issues of exploiting hypertext information for automated classification.

Chakrabarti [SC] studied the use of citations in the classification of IBM
patents where the citations between documents (patents) were considered as
“hyperlinks” and the categories were defined on a topical hierarchy. They ob-
tained a 31% error reduction.

Joachims [JO] focused on Support Vector Machines (SVMs) with different
kernel functions. Using one kernel to represent a document based on its local
words, and another one to represent hyperlinks. Their experiments suggest that
the kernels can make more use of the training-set category labels.

Yang[YA] presents a list of some simple kinds of hypertext regularities. How-
ever, the methods of integrating of those regularities and information are not
provided.

The work summarized above, provides initial insights to exploit information
in hypertext documents for automated classification, many questions still re-
main unanswered. Different rules and characteristics are not synthesized; using
a specific regularity of hypertext , for example, will decrease classification accu-
racy to some data sets, but increase the accuracy to others[YA]. We find that
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using a single regularity of hypertext, can’t integrate the information all sided.
In this paper, we synthesize different regularities of using hypertext informa-
tion,and present a Hypertext Classification Algorithm Based on Co-weighting
Multi-information. Before classification, this algorithm extracts title, hyperlinks
and tags etc. from hypertext documents, and co-weights these information in
classification. We co-operate different hypertext information generally, by co-
weighting them after extraction. Experimental results on two different data sets
with different traditional classifiers (NB[MC], TFIDF[JO2]and KNN[YA2] show
that the new algorithm performs better than using single hypertext information
individually.

2 Classification Algorithms

In this paper we improve three traditional classification algorithms. So we first
introduce the three traditional classification algorithms briefly.

(1)Naive Bayes Algorithm NB algorithm count the pre-probabilities P (wt|cj)
firstly,the probability of individual word wt in vocabulary list V ,given the doc-
ument class cj ; then count the pre-probability of each classP (cj):

P (wt|cj) =
1 +

∑|D|
i=1 N(wt, di)P (cj |di)

|V | + ∑|V |
s=1

∑|D|
i=1 N(ws, di)P (cj |di)

(1)

The counting formula of P (cj) is :

P (cj) =
1 +

∑|D|
i=1 P (cj |di)

|C| + |D| (2)

(2)TFIDF Algorithm This algorithm regards each word as feature item tk , each

document as a vector
⇀

di = (wi1, wi2, ..., win) composed by words.

wik = tfik ∗ idfk (3)

idfk = log(N/dfk + 1) (4)

The algorithm adds up all the document vector,and gets each class vector⇀
c i =

(wi1, wi2, ..., win). This algorithm counts the similarity of document vector and

class vector sim(
⇀

di, cj). And the most similar class cj with the highest similarity
value, is tested document’s class.

cj =
∑

d∈cj

di (5)

class(di) =
)

argmax sim(
⇀

di, cj)
cj∈C

(6)

sim(
⇀

di, cj) =
⇀

di · ⇀
c j

||⇀di|| · ||⇀c j ||
=

∑
n
k=1wik ∗ wjk

√∑
n
k=1w

2
ik ∗ ∑

n
k=1w

2
jk

(7)
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(3)KNN Algorithm The idea of KNN algorithm: Given a test document, search
for the k nearest neighbors in training set,judge the class which these k neighbors
most belong to, and set this document class with it.

3 Hypertext Classification Algorithm
Based on Co-weighting Multi-information

In this paper, we present a new hypertext classification algorithm based on co-
weighting multi-information. We summarizes the recent work about hypertext.
So first some typical regularities of using hypertext is introduced.

3.1 Regularities of Using Hypertext information

There are many methods of using hypertext information for classification. Some
typical hypertext regularities and experimental analyses are used in this paper,
which provides basic theory support for the new algorithm .

1. No Hypertext Regularity (page only). It is important to be aware that for
some hypertext corpora and classification tasks on them, the only useful
place is the document itself.

2. Pre-classified Regularity. There are regularities in the hyperlink structure
itself. One such regularity prevalent on the web consists of a single document,
which contains hyperlinks to documents, which share the same topic. We call
this pre-classified regularity.

3. Meta Data Regularity. For many classification tasks that are of practical and
commercial importance, meta data are often available from external sources
on the web that can be exploited in the form of additional features, which
is very useful for classification.

3.2 Main Idea and Algorithm Description

Hypertext classification algorithm based on co-weighting multi-information
builds a statistical model by synthesizing different regularities of using hyper-
text, and weights the title, hyperlinks, and HTML tags etc. extracted from the
hypertext documents of data set. After the processing of weighting, it integrates
the structured multi-information and uses the classifier for classification.

The details of the algorithm is described as follows:

1. Input the hypertext data set;
2. Preprocess the documents of data set. Extract the hypertext feature vector

(hypertext information), words in the hyperlinks (pre-classification), HTML
titles (meta information, words on the page (page only), and etc. We mark
them with L1i[t1,t2,. . . t|L1|],. . . Lni[t1,t2,. . . t|Ln|]. Where, L is the feature
vector of hypertext, i is the ith document, t indicates the word in the vector.
For example, Lxiindicates the feature of HTML title in the ith document,
where, t indicates the word in the HTML title.
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3. Build hypertext classifier. During the phase of training and modeling for
classifier, such as TFIDF. Through scanning words in the word frequency
matrix occurring in the hypertext feature vector, weighting the word with
ω. ωxis the weight to the vector Lx, w → w ∗ w. Assuming the sum of all
feature item weights is equal to 1, ω1 ω2 . . . . . . ωn 1. The weight indicates the
importance of hypertext feature item for classification. The detailed steps is
as followed:
(a) Scan the training documents, build the word frequency matrix;
(b) Based on the word frequency statistical matrix, according to the se-

lected algorithm, the corresponding weights of word vector in training
documents are calculated.

(c) Through scanning the frequency of word in word frequency matrix oc-
curring in the hypertext feature vector, we multiply the weight with the
weighting modulus. If the word wik occurs in m different feature items,
0≤m≤n, then ωikis the sum of m different feature items with weights.

4. Classify the test hypertext document set. To a new unclassified hypertext
document, we preprocess it and use the established classifier model to weight
the word vector of text document.

4 Experiments and Analysis

The experiment in this paper uses two hypertext data sets. One is WebKB
[MC2] dataset. Besides, we collect 1500 corporation web pages from the web
site “www.Hoovers.com”, which cover 5 classes, such as aviation, and each class
includes 300 web pages. (“hoovers-5”). This paper takes the popular text classi-
fication system “Rainbow”[MC2] as experimental flat. The “Rainbow” system is
developed in American CMU. We insert the code of co-operate training (COT)
algorithm, compile and execute it in the environment of Linux. We respectively
combine three traditional classifiers: NB, KNN and TFIDF with hypertext fea-
ture vector to build three corresponding hypertext classifiers, test the perfor-
mance in experiments, compare and analyze the results.

The experiments in this paper include two parts:

1. Firstly, we make use of different hypertext information for classification.
The hypertext information includes words on the web pages (“page only”
rule), HTML title, HTML Meta (‘meta information” rule), and words in the
hyperlink (“pre-classification” rule). In the experiment, we take 90% of the
data set for training, and set aside 10% for testing. Experimental results are
showed on Table 1.
Table 1 shows that, for data set WebKB, the accuracy of classification us-
ing hypertext information is higher than that of without using hypertext
information, but there are still some exceptions.

2. In the second part of the experiment, we extract hypertext information to
form feature vector with weighting, and build a new classifier based on COT.
We assume the weighting modulus of hypertext feature as follows: page words
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Table 1. Classification accuracy of using different hypertext info.

WebKB Hoovers-5
NB KNN TFIDF NB KNN TFIDF

words on
pages

68.3 72.5 74.0 45.8 48.0 49.6

HTML title 73.2 77.0 79.5 51.5 50.3 53.2
HTML Meta 72.8 78.5 77.3 70.4 74.5 75.4
Hyperlink
words

76.4 80.0 82.0 40.0 35.0 45.8

ω1, HTML title ω2, HTML Meta ω3, Hyperlink words ω4. Based on the
analysis of the first part of experimental results, we assign higher weight
value to the hypertext information that behaves better individually. Through
repeatedly testing and adjusting, we assume two kind of weighting modulus:
ω1=0.1, ω2=0.2, ω3=0.4, and ω4=0.3 (shown as COT-1); ω1=0.2, ω2=0.2,
ω3=0.2, and ω4=0.4 (shown as COT-2). Fig.1 shows the results.

(a) WebKB Dataset (b) Hoovers-5 Dataset

Fig. 1. Classification Accuracy of COT and other individual regularities on 3 datasets.

Fig.1. shows the performance of hypertext classification using only single hy-
pertext information and co-weighting information for two data sets. Firstly,
we can note that for different data sets and different classifiers, the perfor-
mance of co-weighting multi-information classification is better than only
using single hypertext information generally. It suggest that COT can make
full use of hypertext information resources and has good stability compared
to the advantages of using single features. Secondly, we can note that the
two new classifiers behave inversely for two datasets.

5 Conclusions

Hypertext documents provide rich information for classification. As the variety
of hypertext information, using a single regularity of hypertext, can’t integrate
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the information all sided, and influent classification performance unsteadily. In
this paper, we synthesize different regularities of using hypertext information
and present a Hypertext Classification Algorithm Based on Co-weighting Multi-
information. This algorithm extracts title and hyperlinks etc. from hypertext
documents, and co-weights these information in classification. In this way, it in-
tegrates different hypertext information generally. Experimental results on three
different data sets with different classifiers show that the new algorithm performs
better than using single hypertext information individually. In this paper, we
cooperate different regularities of hypertext by co-weighting the related infor-
mation linearly, and set the weighting coefficients by analyzing the experiments
on different regularities individually. As the weighting coefficients are set tenta-
tively, we can go further study with the method of co-weighting.
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Abstract. In this paper, we propose a service bundle authentication mechanism 
considering characteristics for the home gateway environment. We also de-
signed the key exchange mechanism for exchanging a key in bootstrapping 
step. Furthermore we verify the safety of the key exchange mechanism and ser-
vice bundle authentication mechanism with BAN Logic. Through the verifica-
tion, we are able to show that the result does not compromise the security of the 
proposed service bundle authentication mechanism.  

1   Introduction 

In previous work [1,2] , a service bundle authentication [3] mechanism based on 
MAC [4] has been proposed. The proposed mechanism is more efficient than PKI-
based [5] service bundle authentication or RSH protocol [6] in the OSGi platform [7]. 
In order to check the security of the MAC-based service bundle authentication 
mechanism, we adopted the widely used BAN logic [8,9,10,11] to verify the pro-
posed authentication mechanism.  

This paper is organized as follows: Chapter 2 briefly presents the BAN logic, and 
Chapter 3 describes the verification procedure of the proposed authentication mecha-
nism. Chapter 4 concludes the paper. In this paper, we more focus on verification of a 
service bundle authentication mechanism in OSGi Service platform than explanation 
of that. To get the details about description of the bundle authentication mechanism, 
please refer to  [1,2]. 

2   The BAN Logic 

Authentication protocols are typically described by listing the messages sent between 
the principals, and by symbolically showing the source, the destination and the con-
tents of each message. This conventional notation is not convenient for manipulation 
in logic since the contents of each message often means more than necessary in the 
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security sense. BAN logic is widely used logic specifically designed for analyzing the 
protocols for the authentication of principals in distributed computing systems. With 
the BAN notations, we can transform each message into a logical formula, which is 
an idealized version of the original message. So we use the BAN logic to verify and 
analyze of the proposed service bundle mechanism in this paper. We use the BAN 
logic with four description parts: Usual notation, idealized protocol, assumption and 
goal. To analyze a protocol, we must first generate idealized protocol from the origi-
nal one with the BAN logic. Assumptions about initial state are written and then logi-
cal formulas are attached to the protocol statements. The logical postulates are ap-
plied to the assumptions and the assertions, in order to discover the beliefs held by 
parties in the protocol. This procedure is repeated through all the protocol messages. 
To get the details about description of basic notation and logical postulates of BAN 
logic, please refer to [8,11] 

3   Verification of the Key Exchange Mechanism   
     and the Service Bundle Authentication Mechanism 

3.1   Verification of a Key Exchange Mechanism 

As shown in Table 1, we first describe the proposed key exchange mechanism with 
usual notation. Here, message 1 denotes steps from (1) to (2) and message 2 denotes 
steps from (3) to (5) in Fig. 2 of [1]. Message 3 denotes steps from (6) to (9) in Fig.2 
of [1]. 

Table 1. Usual notation of key exchange mechanism using a symmetric-key 

 
 
The idealized protocol can be presented using BAN logic as follows. (In this ideal-

ized form, we omit parts of the message that do not contribute to the beliefs of the 
recipient.) :  

Table 2. Idealized protocol of key exchange mechanism using a symmetric-key 

 
 

As shown in Table 3, in order to verify the idealized protocol, some assumptions 
are needed as follows. 
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Table 3. Assumptions of key exchange mechanism using a symmetric-key 

 
 

We premise that only the embedded service bundle can access symmetric-key in 
the service gateway, and the operator is protected by a firewall. Furthermore both the 
service gateway and the operator have a random generator. The final goal of the key 
exchange system is to create a shared secret key between the service gateway and the 
operator with a mutual authentication and it is described with BAN logic as follows 
in Table 4.  

Table 4. Goal of key exchange mechanism using symmetric-key 

 
 

Table 5 and 6 show analysis and verification of the key exchange mechanism us-
ing BAN logic.  

Table 5. Verification of key exchange mechanism using a symmetric-key(In message 2) 

 

The goal of (2) and (4) in Table 4 is achieved through 5 steps in message 2. It de-
notes that the service gateway authenticates the operator by comparing the NSG, 
which the service gateway sent to the operator, with the NSG, which the operator sent 
to the service gateway. The next authentication process in message 3 is as follows: 



Verifying a MAC-Based Service Bundle Authentication Mechanism      687 

Table 6. Verification of key exchange mechanism using symmetric-key(In message 3) 

 

The goal of (1) and (3) in Table 4 is achieved via 5 steps in message 3. This means 
that the operator authenticated the service gateway by comparing the NOP, which the 
operator sent to the service gateway, with the NOP, which the service gateway sent to 
the operator. Therefore the mutual authentication is accomplished by the service 
gateway authenticating the operator in step 5 in message 2, and the operator authenti-
cating the service gateway in step 5 in message 3. After this authentication step, the 
operator and the service gateway generate a shared secret, which is necessary to cre-
ate MAC value using the NSG and the NOP. 

3.2   Verification of a Service Bundle Authentication Mechanism 

A usual notation of MAC-Based Service Bundle Authentication Mechanism is de-
scribed in Table 7. Message 1 denotes steps from (1) to (2) in Fig.4 of [1], and Mes-
sage 2 denotes steps from (3) to (5) in Fig.4 of [1]. 

Table 7. Usual notation of MAC-based service bundle authentication mechanism 
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Table 8 shows an idealized protocol using BAN logic. (In this idealized form, we 
omit parts of the message that do not contribute to the beliefs of the recipient.): 

Table 8. Idealized protocol of MAC-based service bundle authentication mechanism 

 

We present assumptions to verify an idealized protocol as shown Table 9. 

Table 9. Assumptions of MAC-based service bundle authentication mechanism 

 

As mentioned above, we premise that only the embedded service bundle can ac-
cess symmetric-key in the service gateway, and the operator is protected by a fire-
wall. The final goal of service bundle authentication mechanism is to verify a service 
received from the operator. We present the goal using BAN logic in Table 10. 

Table 10. Goal of MAC-based service bundle authentication mechanism 

 

As a result, the service gateway should believe that the operator sends the ser-
vice(the Signed JAR). To verify the goal, we use logical postulates in BAN logic. 

The table 11 shows verification steps in message 2. The goal of service bundle au-
thentication mechanism is achieved through step 1 and 2. That is, the service gateway 
can trust and use a service bundle sent by the operator. 

Table 11. Verification of MAC-based service bundle authentication mechanism 
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4   Conclusion and Future Work 

We proposed the service bundle authentication mechanism in OSGi service platform, 
and verified it. From the verification result above, we achieved all of the authentica-
tion goals. That is, the results show that the service gateway and the operator trust 
each other in the key exchange process. Furthermore the results show that the service 
gateway can trust and use a service bundle sent by the operator. 

In this paper, the efficiency and safety of the key exchange mechanism and the 
service bundle authentication mechanism is verified with the BAN logic. However 
we need to provide an experimental result to prove the efficiency of the mechanisms 
proposed in this paper. We also proposed a key exchange system for authenticating a 
service bundle and the service bundle authentication system, we further need to re-
search and design a key exchange system for working together with user�s authentica-
tion ticket. 
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Abstract. Many applications like digital libraries use Near-line Tertiary
Storage Systems (TSS) to store their massive data. TSS consists of main
memory, disks and tertiary devices. Typically highly referenced or recent
data are stored on disks and historical data are stored on tertiary storage
devices. We call it Data Dispatching: the determination of what kind of
data should be stored on disks and what kind of data should be stored
on tertiary storage devices. Traditionally it was up to the Database Man-
agement System (DBMS) administrator to dispatch data by hand. But
DBMS has to take the responsibility if we want to bring tertiary stor-
age devices under the control of DBMS. We proved in this paper that
the data dispatching is an optimal problem and can be reduced to the
famous binary knapsack problem. Experimental results showed that the
average response time of TSS could be decreased by using optimal data
dispatch method.

1 Introduction

Tertiary Storage Systems are required by many applications like digital libraries.
In these systems, newly generated or highly referenced data are stored on disks
and historical data or less referenced data are migrated periodically from disks
onto tertiary storage devices. There are three schemes of using tertiary devices.
In the first scheme, tertiary storage device is used as online device that data are
all stored directly onto it and disk is used as buffer for tertiary resident data.
Buffer replacement policies like LRU are used when disk buffer is full. Examples
are Earth Observing Systems [10] and many other scientific applications. In
the second scheme, tertiary storage device is used as offline device that is the
archiving store. Data are stored on disks and DBMS doesn’t know about the
data on tertiary storage device. Data have to be loaded back onto disks by
hand before they are processed. Examples are many applications used in Banks
or Telecommunication companies. In the third scheme, tertiary storage device is
used as near-line device on which data are first stored on disk and then migrated

� Supported by National Natural Science Foundation of China under Grant
No.60273082; the National High-Tech Research and Development Plan of China
under Grant No.2001AA41541; the National Grand Fundamental Research 973 Pro-
gram of China under Grant No.G1999032704.
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onto tertiary devices periodically. Operation can be done on disks or on tertiary
storage device directly. If there is remaining disk space, it is used as buffer for
tertiary resident data. Examples are many video-on-demand (VOD) systems.

In the near-line tertiary storage system, how data are distributed on dif-
ferent devices in each storage level has much influence on the average system
access time, since disks and tertiary storage device have different physical char-
acters. Disks are fast and random access devices while tertiary storage device
are slow devices. Intuitionally, highly referenced data should be stored on disk
and less referenced data should be stored on tertiary storage device, but ac-
cess frequency is not the only parameter we shall consider in data dispatching.
Although near-line TSS have been used by many digital library systems, data
dispatching problem hasn’t been brought up previously to our knowledge.

The rest of the paper is organized as follows. In section 2 we discuss briefly
the related works. In section 3, we prove that data dispatching problem can
be reduced to the famous binary knapsack problem and optimal dispatching
methods are presented. Experimental results in section 4 showed that by our
data dispatching methods average system access time can be decreased. Finally
we conclude this paper in section 5.

2 Related Work

The multi-level storage architecture was first brought up by Stonebraker in [4].
Postgres [5], Paradise [6] and TerraServer [11] are three example DBMS that
can manage data on tertiary store. In these systems how data are dispatched to
each storage level was not addressed.

Many works have been done on optimal data placement on tertiary storage
device. The method of efficiently organizing large multidimensional arrays on
tertiary storage devices were presented in [1, 2]. In [3], principles of optimal data
placement in tertiary storage libraries are given. But all these works assumed
that it was already known that what kind of data should be stored on tertiary
storage devices, which was not always true.

The data pre-fetching methods from tertiary storage device onto disks were
studied in [7, 8]. A Markov-Chain based prediction model was given in [7]. Several
data pre-fetching method in VOD systems were given in [8], but no experimental
results were presented.

3 Problem Definition

We assume that there are n chunks in TSS, which are represented by C = {<
w1, p1 >, < w2, p2 >, · · · , < wn, pn >}. wi represents chunk size and pi represents
chunk access possibility. Then the result of the data dispatching corresponds to
a binary vector X =< x1, x2, · · · , xn >. xi corresponds to the chunk i and xi = 1
if chunk i resides on disks and xi = 0 otherwise. Some parameters used in this
paper are listed in Table 1.

To describe the problem clearly, we first give some definitions below:
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Table 1. Parameters used in this paper

Parameters Description

AccD(i) Disk access time of chunk i
AccT(i) Tertiary access time of chunk i
pos(i) Positioning overhead of chunk i when it’s on tertiary device
T Expecting access time of TSS
S(D) Disk Income
X = {x1, . . . , xn} Data Dispatching Vector
XD Data transfer rate of disk
XT Data transfer rate of tertiary storage device

Definition 1 (Chunk Access Time). The time it takes to load chunk i into
memory from disks or tertiary devices. It is denoted by AccD(i) = wi/XD if the
chunk is stored on disks and AccT(i) = wi/XT + pos(i) if it is stored on tertiary
devices.

We assume that all disk accesses are multi-page I/O requests. The cost of
a disk access is therefore derived by the amount of the data transferred. The
disk seek cost and rotational latency are ignored. Tertiary data access time
includes media switch time, positioning time of the tertiary storage device and
data transfer time. We only consider positioning time and data transfer time. We
ignore media switch time because through efficient I/O scheduling, the media
switch time can be amortized into many tertiary requests.

Definition 2 (System Access Time). The expecting time it takes to read
a chunk into memory from disk or tertiary storage device in tertiary storage
system. Denoted by:

T =
n∑

i=1

xi · pi · AccD(i) +
n∑

i=1

xi · pi · AccT(i) . (1)

The goal of data dispatching is to find a binary vector X =< x1, x2, · · · , xn >
to minimize the system access time.

Definition 3 (Disk Income). Let AccD(i) be the access time if chunk i stored
on disks and let AccT(i) be the access time if chunk i stored on tertiary storage
device. Then we define Disk Income as:

S(D) =
N∑

i=1

xi · pi · (AccT(i) − AccD(i)) . (2)

Disk income represents the gains in access time if we store the chunks on
disks not on tertiary storage devices. From (1) and (2) we can easily get:

T =
N∑

i=1

pi · AccT(i) − S(D) . (3)
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Since
∑N

i=1 pi · AccT(i) is a constant, so maximizing disk income is the necessary
condition of minimizing system access time.

Now the problem of data dispatch reduced to maximize the disk income given
disk size. This is the famous binary knapsack problem, in which the disk serves
as the knapsack. There are two simple method to handle this problem, one is
the exact method based on dynamic programming, the other is the approximate
method based on greedy strategy. Readers are referred to [9] for details.

4 Experimental Evaluation

In this section we present simulation results about the system access time related
to data dispatching method. The experiments have been carried out on the
prototype system with simulated secondary and tertiary storage devices. The
parameters of the devices used throughout all experiments are given in Table 2.

Table 2. Devices parameters used in the simulation experiments

Parameter Secondary Tertiary
device device

Average Disk Seek Time 8ms 25ms
Average Rotational Latency 4.3ms 10ms
Disk Transfer Rate 11.5MB/s 3.4MB/s
Number of Volumes - 8
Volume Exchange Time - 10s

The dataset we used consists of 20000 chunks. The size of each chunk varies
from 2MB to 10MB with average size of 5MB. And there are 61361 requests
altogether.

In our simulation experiment, four different schemes were compared. These
schemes are described below:

GD: Near-line architecture with greedy data dispatching method.
RD: Near-line architecture with random data dispatching method, which

means the chunks are chosen to be stored on disk randomly.
MP: Near-line architecture with max possibility data dispatching method,

which means those chunks with maximum access possibility are stored on disk.
OL: Online architecture, which means all chunk are stored on tertiary devices.
We didn’t use the exact dynamic programming method because it will take

too long time and too much memory space. In all these schemes, we chose LRU
as buffer replacement strategy.

4.1 Performance Related to the Disk Size

In the first experiment, the disk size varied from 2 GBytes to 20 GBytes. The
knapsack size was fixed half the disk size. The experiment results were listed in
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Fig. 1. The result showed that the system access time of all near-line schemes
were better than that of online scheme. And the system access time of near-
line schemes decreased as we increased the disk size. To see the result clearly, we
listed the knapsack hit ratios in Fig. 2. The knapsack hit ratio was the number of
requests met by the chunks in the knapsack to the total number of the requests.
From the figure we could see that the knapsack hit ratio of greedy method was
much larger than that of the other two near-line methods.

4.2 Performance Related to the Knapsack/Disk Ratio

In the second experiment, we fixed disk size at 2 GBytes. The knapsack/disk
(K/D) ratio is varied from 0.1 to 1. When the K/D ratio equaled 1, it meant
that all disk space was used as knapsack. We listed the result in Fig. 3. From the
figure we can see that the system response time first decreased as we increased
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the knapsack size, and then there was a sharp increase of system access time
when the K/D ratio was large than 0.9, the reason is that when all the disk
space are used as knapsack there were no space for buffering tertiary resident
data.

5 Conclusion

In this paper data dispatching methods for data on near-line tertiary storage
systems are presented. We proved that data dispatching is a binary knapsack
problem. Experimental results showed that greedy data dispatching method is
the candidate because its performance is best and its overhead is very low.

We should follow the steps below when we design a near-line TSS: (1) Set
aside enough disk space which would not be very large for buffering tertiary
resident data. (2) Dispatch data onto disks and tertiary device using greedy
data dispatching method. (3) Organize data on tertiary storage system using
methods presented in [1–3].
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Abstract. This paper provides an agent based on an ontology that helps
user to gather the real-time information. We present an approach of on-
tology representation based on concept graph and introduce the building
and revising algorithms of knowledge base, then discuss the application of
the ontology in information source representation. Experimental results
show that the agent helps user accomplish the task effectively.

1 Introduction

At present people use search engine to search information from Web in general.
It turns out some problems [1]. Firstly it needs a period to update indexing
database, and can’t be used for searching the real-time information, such as news
information. Secondly current information-retrieval techniques which reflect only
part of the document’s content do not guarantee content matching [2].

Agent is a kind of software which assists people by accomplishing complicated
task autonomously based on requirement [3] and includes a knowledge base and
prover in general. Information agent is a kind of agent that retrievals information
for user, whose knowledge base includes the facts of information source, web
document and agent’s ability etc. The prover controls agent’s action and builds
the strategy of searching. The core component of information agent is knowledge
base, the efficiency of which limits agent’s performance. There is a great need
for ontological technique in information retrieval system based on agent for the
reason that it improves the performance of knowledge base.

The reason of the low precision of IR systems is the difference between
provider and consumer’s ontology and incompleteness of information. Many
works [2, 4, 5] show that ontology, which is used to describe document and user’s
query in semantic level, is a good way for solving these problems.

Ontology is the term used to refer to the share understanding of some domain
of interest which may be used as a unifying framework to solve the problem [6].
Ontology necessarily entails or embodies some sort of world view with respect to
a given domain. The world view is often conceived as a set of concepts, their defi-
nitions and their inter-relationships, which are referred to as a conceptualization.
We use the concept graph to represent ontology in this paper.
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The rest of the paper is organized as follows. Section 2 presents an approach of
ontology representation based on concept graph. Section 3 introduces the build-
ing and revising algorithms of the knowledge base. Section 4 discusses ontological
application. Section 5 describes the system architecture. Section 6 provides ex-
perimental results. Section 7 concludes the paper.

2 Ontology Representation

The semantic network is used to represent the complicated relations among
objects and concepts in real world [7]. We adopt the idea from the semantic
network and Sowa’s concept graph [8] to represent ontology. A concept graph is
a finite connected bipartite digraph which includes conceptual node and concept-
associated node, and each concept-associated node connects with one or more
conceptual nodes. All concepts compose a hiberarchy. There is an inter-class
relation between two concepts when a concept in upper level connects with a
lower one, which is named as inter-class IsKindOf relation.

The element is interpreted as conceptual node of a concept graph in a do-
main’s ontology-space, and the relationship among concepts is interpreted as
concept-associated node. The level-relation among concepts is an inter-class
IsKindOf relation. The hiberarchy of concept graph is illustrated with the news
domain in figure 1. Root is News class, which has subclass Nation, Internation,
Society and Sport etc. Sports news has Soccer, Basketball and Volleyball etc.
The relationship between Nation and News is an inter-class IsKindOf relation.

Fig. 1. A branch of ontology concept graph about news domain

We used a keyword’s concept graph to define ontology, in which the concept
term is in different representation-level with ontological concept graph. The key-
word is regarded as a concept in keyword-graph. The relationships among the
nodes in keyword-graph include the same semantic of Synonymy in WordNet [9].

3 Building and Revising the Ontological Knowledge

There are two components in the knowledge base: domain ontological space and
ontological description. The process of building and revising the ontology space is
performed by knowledge engineer through the interface agent’s visual tool. The
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building and revising the ontological description is done by machine learning.
User also can build and revise the description through interface.

The building process takes a set of documents Doc in domain as input which
include the ontological information, together with the domain’s ontological set.
The function parses the documents, and abstracts the keywords, then evaluates
the word’s effectiveness to characterize the ontology. The output is the ontolog-
ical description which is a set of pairs of keyword and effectiveness value.

The revising process is a reinforcement learning process, which takes a set of
the domain’s documents Doc as input, which include the ontological information,
together with the ontological set. The process parses the document, and abstract
its words, then evaluate each word’s effectiveness to characterize the ontology.
If a word is included in description, the process revises its effectiveness value.
If it is not, the process inserts the pair of word and effectiveness value into the
ontological description.

4 Ontology Application

We will present an approach of information resource representation based on
ontology in this section. The information resource is described in two levels in
our system, which is coarsely granular and finely granular. The coarse description
includes name, url and topic information. The fine description is to describe the
content organization of a web site.

A research [10] shows that web site has a great deal of self-organization.
The pages and links are created by users with particular interests, and same
topical pages tend to cluster into natural “community” structures that exhibit
an increased density of links, which exhibit the ontological knowledge about
that topic which provides the foundation for provider to create the hyper links.
Web pages are classified as hub and authority. A hub is a page that points to
many authorities, whereas an authority is a page that is pointed to by many
hubs. Characteristic patterns of hubs and authorities would be used to identify
communities of same topical pages. The link analysis algorithm is designed for
search the hub page and authorities page in a “community”.

The agent describe a site’s organization by hubs in this paper, which is defined
as a quaternion HP :=< URL, T itle, Ontology, Site >, where Ontology denotes
a hub’s topic, others are site and location’s information. The ontological relation
presents the topic relation among the hubs. The agent inferences a site’s content
organization through ontology and hub’s quaternion. The information source
knowledge base store the hub’s quaternion of a site.

Agent acquires a site’s hub through a topic-relate link analysis algorithm.
The idea behind the link analysis algorithm is that the evaluation of a page is
through hyper link. We use a improved PageRank [11] algorithm which has two
phases. In the pre-processing phase, it filters pages which are independent with
the topic or do not support the gathering constrain.

When information agent wants to gather some topic pages, it firstly searches
the site’s knowledge base for related hubs. If matched, agent begins gathering
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page from these hubs and crawl the pages by broad-first policy. The agent will
reach the interested community quickly following this policy and improve the
search efficiency. Gathering agent can keep away from crawling area which is
far from interested community under this strategy. The strategy accords with
people’s browsing behavior when he knows the site’s organization.

5 Architecture

The agent solves the problems in two phases: gathering phases and querying
phases, whose functional architecture is showed in Fig 2.

Fig. 2. Architecture of real-time information gathering agent

In the gathering phases the system accepts user’s queries. Interface agent
refines queries based on ontological knowledge base and user’s selection, then
submits the refined queries to system’s control core which is composed of Sched-
uler, Planner and Executer. The scheduler builds a task description according to
the queries and the information resource knowledge base, which includes task’s
goal and constrains. The planner gets the task and parses the task description
as a sequence of subtask. The sequence will be distributed to executer through
scheduler. The executer parses the sequence and assigns the subtask to corre-
spondence solver. When the task is completed, the core returns the task’s answer
to user through interface agent.

In the querying phases the interface agent will enrich the query by the sup-
porting of ontological knowledge base when system receives a query, then submits
the query to the core. The core will search the local indexing base and retrieve
the relevant documents and build a gathering task based on the query simulta-
neously. When the task completed, it puts the relevant documents to user.

6 Experimental Results

In order to perform the technical feasibility check, we built a prototype system,
News Information Gathering Agent(NIGA). The NIGA successfully searched for
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news page automatically from multiple news Web sites and the experimental
results showed that it assists users to search and browse news page.

We use two parameters to evaluate NIGA, which are the depth average of
corrected responses and precision of the gathered pages. The depth average of
corrected pages is the average of corrected pages’ gather-depth. The precision
of the gathered pages is the percentage of correct responses out of the gathered
answers. The former show the average cost of searching procedure in one aspect.
The later show the efficiency of the gathering procedure. The performance is
evaluated by comparing the output with the answer keys.

Fig. 3 shows the comparison of average searching depth of corrected pages
for gathering news page in news, sports news and science news ontology from
homepage and from hubs. The graph indicates that using knowledge of informa-
tion resources reduces the average depth of collect pages, which means that the
agent gets into the area which is the user interested community by link analysis
function.

Fig. 3. Comparison of page’s average depth from homepage and hubs

Fig. 4. The trendline of the precision to gather news, sports news and science news
articles in five days

Fig. 4 shows the trendline of precision of the gathered pages in news, sports
news and science news ontology, which is defined by equation below.

Precision =
� of relevant returned pages

� of returned pages
(1)

The graph shows that the precision increases significantly from Day 1 to Day 2,
and after Day 2 it decreases or increases slightly. This means that the agent is
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sure to get into the area which is interested community after learning. Conse-
quently the crawler will gather more relevant pages and more quickly than some
other searching strategies.

The experimental results show that our agent based on ontology performs
well to gather the real-time information from multiple Web sites.

7 Conclusion

Effective real-time information gathering on the Web is a complex task. Users
have to exert a lot of efforts to browse and search the information they want. We
present an agent that helps users to effectively gather the real-time information,
which utilizes ontological knowledge. The experimental results show that our
agent performs well to gather the real-time information from multiple Web sites.

The main features contributing to the effectiveness of a real-time information
gathering agent are: the agent analyzes the link information of documents in sites
and build resources representation based on ontology. The representation ensures
that agents make the searching strategy based on the document distribution of
resources, which improve the agent’s performance. According to this work, the
techniques based on agent and ontology resolve some problems of search engine
and be applicable to gather real-time information from the Web.
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Abstract. Tertiary storages, such as tape libraries and optical disc libraries, are 
becoming the important storage devices in massive data applications. With the 
massive storage space they have, the tertiary storages have very low access ef-
ficiency. Designing good schedule algorithms is an important method to im-
prove the access efficiency in tertiary storage. Stochastic Markov model is used 
for predicting the expected number of accesses to the data on tertiary storage. 
Two new schedule algorithms named MarkovMR and MarkovSRF are given 
also. Generally, in a tape library, there is a robot arm, a few of tape drives and a 
magazine where a lot of tapes located in. When the tapes are kept in tape drives, 
we call them online tapes. Otherwise, we call the tapes in the magazine offline 
tapes. Weight factors are used to above schedule algorithms to favor online 
tapes so that the requests for online tapes are served first before online tapes are 
ejected. The weighted algorithms are named wMarkovMR and wMarkovSRF. 
By compared to the Round-robin policy, the experimental results show that the 
four schedule algorithms based on Markov model have higher efficiency of data 
access in tertiary storage. The efficiency of wMarkovMR is highest among all 
the algorithms. Furthermore, the optimal factors can be derived from experi-
ments. 

1  Introduction 

With the development of information technique, there is a very large scale of data in 
the world. For example, there are about 1015 bytes returned from the observing satel-
lites in NASA each year. In recent years, there are 1012 bytes of observing data in all 
kinds of remote sense systems of China each day. Obviously, the traditional secon-
dary storage system (primary memory and magnetic disk) has limitation to accom-
modate so much massive data. The tertiary storage (primary memory, magnetic disk 
and the tertiary devices) is becoming more important than before. 

Tape library and optical disc library are the main tertiary storage devices. With the 
massive storage space they have, the access performance is lower 3-4 magnitude than 
that of magnetic disk because of the mechanism operations in tertiary storage. Both 
the long tape switch time and very few robot arms require good schedule algorithms 
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to decrease the times of tape switch and improve the utilization rate of tape drives. In 
this paper, stochastic Markov model is used for predicting the expected number of 
accesses to the data on tapes. We propose two new schedule algorithms, which are 
MarkovMR and MarkovSRF, based on Markov model in tape library. Furthermore, 
we use weight factors in above schedule algorithms to favor the online tapes so that 
the requests for online tapes are served first before the online tapes are ejected. The 
weight schedule algorithms are named wMarkovMR and wMarkovSRF respectively 
which keep tapes with high access probability online as possible as they can. Com-
pared to the Round-robin policy, the experimental results show that the four schedule 
algorithms based on Markov model have higher efficiency of data access in tertiary 
storage.  

2  Related Works 

In order to improve the efficiency of data access in tertiary storage, optimal data 
placement policy based on tertiary storage [1-4], data management and index tech-
niques in tertiary storage [5-7] and data I/O schedule algorithms are researched in 
recent years. For single tape I/O schedule algorithms, there are READ algorithm, 
FIFO algorithm, OPT algorithm, SORT algorithm, SLTF algorithm, SCAN algorithm, 
WEAVE algorithm, LOSS algorithm, MScan algorithm and MScan* algorithm [8,9]. 
The multi-tape I/O schedule algorithms have to consider the characteristic of the tape 
library with more than one tape drives and a lot of tapes. The multi-tape I/O algo-
rithms consist of two steps which are tape selection and single tape I/O schedule 
[10-14].  

3  Schedule Algorithms in Tertiary Storage 

3.1  Problem Definitions 

In old schedule algorithms, only one tape is selected according to tape access prob-
ability. We select all tapes for tape drives in our algorithm. In order to describe the 
algorithm clearly, we give some definitions as follows. The robot locate time, named 
Trobot, is the whole time of the process of unloading the online tape from the tape 
drive, of laying the tape back to the magazine, and of fetching the offline tape into the 
tape drive. By coding the tapes in a tape library, there is a TapeID for each tape. If a 
tape drive contains an online tape whose TapeID is i, the tape drive state is i. If the 
tape drive is idle, the tape drive state is 0. All the tape drive states compose a state set 
named a tape library state. 

For an example of the Markov model in figure 1(a) with 2 tape drives and Ts=3 
tapes in a tape library. In figure1 (a), the three circles describe three tape library 
states, and the numbers in circles are TapeIDs of online tapes. If some tapes are 
needed to exchange, the state transition happens between two tape library states. 
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Let ijb denotes the transition probability from tape library state is to js . All the 

transition probabilities ijb form a matrix B called tape library state transition probabil-

ity matrix as in figure 1(b). Let }{ ij ssET −=  represents the TapeIDs should be 

loaded during state transition from is to js , then ∑
∈

=
ETk

k
ij pb . Here, kp is the kth 

tape access probability in current request waiting queue.  

If current tape library state is is , for each njs j ,...,1, = , the tape switching 

cost ijc  produced by the state transition from is to js , then the corresponding state 

producing probability is njcbfPROB ijijj ,...,1),,( == .Here, ),( ijij cbf is a 

function of ijb and ijc . The next optional tape library state 

is }max|{
,...,1 knkkop PROBss

=
= or }min|{

,...,1 knkkop PROBss
=

= . We propose a nota-

tion named request window used to select a group of requests in request waiting 
queue.  

3.2  The Markov-Based Schedule Algorithm with Max Requests 

In Markov-based schedule algorithm with max requests, abbreviated with Mark-
ovMR, for each tape library state, we compute the total number of requests of all 
tapes included by this tape library state. Then the tape library state with max number 
of requests is selected. The description of the MarkovMR is following: 

1)  Applied request window on request waiting queue, |W| requests are selected. 
We compute each tape library state in request window. We select 

ininow ss
,..,1

max
=

=  is the first tape library state. 

2)  We delete the requests which are included in online tapes from the request wait-
ing queue. These requests are inserted into the robot waiting queue. The robot 

arm will fetch the tapes with TapeIDs in nows  into the tape drives. 

3) If the request waiting queue is NULL, go to step 8). The algorithm is finished. 
Else, go to step 4).  
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           (a) Markov model            (b) State transition Matrix 

Fig. 1. The Markov model and State transition Matrix with 2 tape drives and 3 tapes 
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4) We compute the transition probability matrix B according to the requests in 
current request window. 

5)  According to the transition probability matrix B, we compute the state produc-
ing probabilities of each tape library state.  

njcpcbfPROB ij
sk

k
ijijj

j

,...,1,),( =−== ∑
∈

. 

Here, 


 ∈∈

==∑
∈ else  0,

 tapek     if  ,1
)(  ,)(

thqandWq
qfqfp

Wq

k . 

6)  We select the next tape library state is }max|{
,...,1 knkkop PROBss

=
= . Let 

}{
nowop ss ssET −=  which includes TapeIDs needed to be loaded into tape 

drives.  

7)  Let opnow ss = ; go to step 3). 

8)  The algorithm is finished.  

3.3  The Markov-Based Schedule Algorithm with Small Request First 

In Markov-based schedule algorithm with small request first, abbreviated with Mark-
ovSRF, for each tape library state, we compute the total request size of all tapes in-
cluded by this tape library state. Then the tape library state with smallest request size 
is selected. In MarkovSRF algorithm, the kth tape access probability is computed 

as


 ∈∈

==∑
∈ else  0,

 tapek     if  ),(
)(  ,)(

thqandWqqsizeof
qfqfp

Wq

k , and the 

state producing probability is njcpcbfPROB ij
sk

k
ijijj

j

,...,1,),( =+== ∑
∈

. 

Then the next optional tape library state is }min|{
,...,1 knkkop PROBss

=
= . 

3.4  The Weighted Markov-Based Schedule Algorithm with Max Requests 

In order to decrease the cost of tape switch furthermore in MarkovMR algorithm, we 
use a weight α  to favor the online tape so that more requests are served before the 
online tapes are rejected. The algorithm of MarkovMR with a weight is named 

wMarkovMR. A vector 




===
tapeIDi
tapeIDi

fiTifF i  offline  theis  if 1,
 online  theis  if ,

 },,...,1,{
α

 

is used in wMarkovMR. The difference between MarkovMR and wMarkovMR is the 
computation of state producing probability in above description of algorithm. Here, 

njcfpcbfPROB ij
sk

k
k

ijijj
j

,...,1,*),( =−== ∑
∈

. 
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3.5  The Weighted Markov-Based Schedule Algorithm with Small Request First 

The algorithm of MarkovSRF with a weight β is called wMarkovSRF. A vector 





===
tapeIDi
tapeIDi

fiTifF i  offline  theis  if 1,
 online  theis  if ,

 },,...,1,{
β

is used in wMarkovSRF. 

The difference between MarkovSRF and wMarkovSRF is the computation of the state 
producing probability in above description of algorithm. Here, 

njcfpcbfPROB ij
sk

k
k

ijijj
j

,...,1,*),( =+== ∑
∈

. 

4  Experimental Evaluations 

The experiments have been carried out on the prototype system with simulated terti-
ary storage devices. Here, we used the Ampex tape library with 2 tape drives and 20 
tapes as the tertiary storage device [15]. We write the schedule algorithms in C++ 
language in Microsoft window 2000 professional operation system. We simulate the 
requests arriving at uniform random distribution. The number of requests varies from 
100 to 1000. We select the SORT algorithm [10] as the single tape I/O schedule. The 
four schedule algorithms in this paper are used to select tapes into tape drives.  

First, we compare the response time of five different schedule algorithms with 2 
tape drives and 4 tapes in Ampex tape library in Figure 2. We can see that the re-
sponse times of our four algorithms are all lower than that of Round Robin algorithm.  

The impact of weight in wMarkovMR is shown in figure 3. Here, the number of 
requests is 1000, with 10 tapes and 2 tape drives. We can see that with the weight α  
increases, the response time decreases. When α  increase from 1.2 to 1.9, the re-
sponse time decreases dramatically. When α  is 1.9, the response time arrives the 
lowest point. When the value of α  is over 2, the response time of wMarkovMR 
keeps constant value. It means the value of α  is convergent. The same situation can 

be seen in wMarkovMR. However, with the value of β decreases, the response time 
of wMarkovSRF decreases too. The experiments show that the weights in schedule 
algorithms improve the access efficiency in tape library. 
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Fig. 2. Comparison of response time         Fig. 3. Weight in wMarkovMR 
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5  Conclusions 

Tape libraries and optical disc libraries are the important tertiary storage devices. 
With the massive storage space they have, the tertiary storages have very low access 
efficiency. In order to improve the access efficiency in tertiary storage, four new 
schedule algorithms based on Markov model are proposed in this paper which are 
MarkovMR, MarkovSRF, wMarkovMR and wMarkovSRF. Compared to the 
Round-robin policy, the experimental results show that the schedule algorithms based 
on Markov model have higher access efficiency in tertiary storage. Especially, the 
MarkovMR and the wMarkovMR appear to be the better schedule algorithms which 
suit tertiary storage system. 

References 

1. S. Sarawagi and M. Stonebraker. Efficient organization of large multidimensional arrays. In 
Proceedings of the Tenth International Conference on Data Engineering, Houston, Texas, 
USA., pages 328--336. IEEE Computer Society, 1994. pp. 328-336. 

2. Ford DA, Christodoulakis. Optimal Placement of High-Probability Randomly Retrieved 
Blocks on CLV Optical Discs. ACM Transactons On Information System, 1991, 9(1):1-30. 

3. Triantafillou P, Christodoulakis S, Georgiadis C. Optimal Data Placement on Discs: A 
Comprehensive Solution for Different Technologies. HERMES Technical Report. Multime-
dia Systems Institute of Crete, Greece. (1996) 

4. Christodoulakis S, Triantafillou P, Zioga F. Principles of Optimally Placing Data in Tertiary 
Storage Libraries. In: VLDB Conf., 1997, Athens, Greece, pp236-245. 

5. A. Shoshani, L. M. Bernardo, H. Nordberg, D. Rotem, and A. Sim, Multidimensional In-
dexing and Query Coordination for Tertiary Storage Management, (SSDBM '99).  

6. A. Shoshani, A. Sim, L. M. Bernardo, H. Nordberg.Coordinating Simultaneous Caching of 
File Bundles from Tertiary Storage. 12th International Conference on Scientific and 
Statistical Database Management (SSDBM'00). 

7. Theodore Johnson: Coarse Indices for a Tape-Based Data Warehouse. Proceedings of the 
Fourteenth International conference on Data Engineering, Orlando, Florida, USA. IEEE 
Computer Society, 1998:231-240. 

8. A. K. Hillyer and A. Silberschatz. Random I/O scheduling in online tertiary storage. In Proc. 
ACM SIGMOD Int. Conf. on Management of Data, Canada, 1996. 195 – 204. (Other refer-
ences are omitted). 



Q. Li, G. Wang, and L. Feng (Eds.): WAIM 2004, LNCS 3129, pp. 708–713, 2004. 
© Springer-Verlag Berlin Heidelberg 2004 

Image Retrieval Using Structured Logical Shape Feature 

Nanhyo Bang and Kyhyun Um 

Dept. of Computer and Multimedia Engineering, Dongguk University,  
3 Ga 26 Pil-dong, Jung-gu, Seoul, 100-715, Korea 

{jjang,khum}@dgu.ac.kr 

Abstract. Most visual information retrieval systems on the web treat image as 
an object that is annotated with some keywords. However many semantic con-
tents that cannot be expressed with some keywords are included in one image. 
It is the reason why most commercial and research systems utilize shape as the 
most cognitive information to represent contents of an image and to differenti-
ate an image from others. In this paper, we propose an extraction method of 
logical shape feature to reflect structure of shape and coarse-fine matching 
method using it. For similar retrieval, we generate pattern segment matrix that 
is composed of curves’s type in order to find the most similar curve sequence. 
We use it for coarse-fine matching because our shape features have global char-
acteristic as a structural feature and local characteristic as an adaptive feature of 
shape. A pattern segment matrix has the advantage to search with only a small 
quantity of structural features. Our experiments show that structural-adaptive 
features through logical analysis result in effectively classifying shapes accord-
ing to their cognitive characteristics. Various experiments show that our ap-
proach reduces computational complexity and retrieval cost. 

1   Introduction 

Nowadays, the web is regarded as a huge data repository for many information re-
trieval systems that use images. In such systems, the importance of management and 
search method of image grows much larger [1]. Various researches on the web data 
have concentrated mainly on a text-oriented web document. Most visual information 
retrieval systems on the web treat image as an object that is annotated with some 
keywords. However a lot of semantic contents that cannot be expressed as some key-
words are included in one image. Researchers who have studied content-based re-
trieval systems classify features that compose image into a primitive feature and a 
logical feature [2]. A logical feature means a complex content, including semantic 
information. In [3], content is defined as “an understanding of the semantics of ob-
jects”. In this aspect, the shape feature among many features that represent image has 
been widely used by virtue of its ability to recognize similar images. However, most 
researches using shapes have represented shape as primitive feature, and this brought 
results that person cannot understand.  

Therefore, we propose image retrieval method using logical shape feature. For this, 
we logically analyze shape information and to extract structural features and adaptive 
features. We used a curve segment as a fundamental element to express the appear-
ance of a shape. Logical contents of shape are represented using curve segments with 
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adaptive features and structural relation between the units. Structural and adaptive 
features are extracted through a logical and structural analysis using a curve segment. 
The structural feature as a global feature is used as a coarse-matching feature because 
it contains pattern and relationship information of curve segments comprising the 
whole shape. The adaptive feature, on the other hand, is a local feature. Using this 
feature produces correct results because of its ability to reflect specific geometrical 
properties of each pattern segment. We generate pattern segment matrix in order to 
find the most similar curve segment sequence. A similar retrieval to find shapes that 
have most similar structure is easily executed because this matrix is composed of only 
type of pattern segment. Our experiments show how retrieval cost is reduced when 
conducting a search using these structural- adaptive features. 

This paper is organized as follows. In chapter 2, we survey related works. In chap-
ter 3, we explain a logical analysis scheme of the shape and structural and adaptive 
features. A matching process and similarity function is explained in chapter 4. Ex-
periment results and performance analysis are shown in chapter 5. A conclusion is 
drawn in chapter 6. 

2   Related Works 

Many researches use contour points of an object because they contain most intuitive 
information of shape. The main topics covered by contour-based researches include 
matching strategies with contour points or additional information such as curvature of 
shape as well as methods for interest point extraction that preserves the original shape 
contour while reducing dimensionality [4][5]. However, poor search performance is a 
common problem among researches that use these primitive features. Multi-dimen-
sional, variable shape features bring out serious performance degradation on matching 
and similarity search [6]. As an effort to solve these problems, concave/convex seg-
ment is extracted from the contour as shown in [7], and similarity search is conducted 
using dynamic programming. Among others, a curve-based representation and match-
ing method of shape has been widely used because it has the advantage of computa-
tional efficiency. However, these methods don’t represent interior of the shape and 
spatial relationship. It cannot adequately distinguish between perceptually distinct 
shapes whose outlines have similar features [9]. 

3   Structural Analysis Scheme for Shape Feature 

We define a shape as a set of curve segments with a pattern. At preprocessing step, 
we extract the contour points from image’s object to represent shape However, be-
cause the size of contour points is too large, we use an adequate number of interest 
points that reflect a characteristic of shape. Interest points are aligned clockwise and 
described as a set },....,,{ 21 npppS = , where ip  denote an interest point and sub-

script n  is the index number of an aligned interest point. A cp  is the gravity point of 

a shape. Two basic features are extracted from these interest points: θ ( kc ppp1∠ ) and 
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α ( 11 +−∠ iii ppp ) feature. In our work, a curve is separated using α  feature of interest 

points that comprises a concave part. The separated segment is defined as curve seg-
ment, }180)(),(    ,|{ °>≤≤= ieisi pfIApfIAieiispCS . If a CS includes two inter-

est points, it becomes a concave segment. A CS merges with the next, if the next CS 
is also a concave segment. The CSs have specific patterns according to logical prop-
erty: convex/concave property, turning property. Logical properties are characteristics 
that logically define the curve pattern of CS. We redefine CS with logical properties 
as PS(Pattern Segment), and we generate PSS(Pattern Segment Sequence). The PSS is 
defined as  }1,,,| { siaflistsflistptPS PS PSS i i ≤≤>=<=  where pt  is a pattern type, 

sflist  is structural features, and aflist  represents adaptive features of PS. The logical 

properties of CS are expressed as adaptive features.  
When the pattern types of PSS of two shapes are the same one, their structural fea-

tures are used to calculate the structural difference of the shapes. These features are as 
follows : a) α  feature of a PS’s last interest point, distα , b) Pattern range, pr  -The 

start base angle ( ieisis ppp 1+∠ ) and end base angle ( isieie ppp 1−∠ ) features are ap-

pended in order to solve the problem that α  features of two shapes are the same but 
appear to be different , c) Size ratio of PS, sr  - we extract the proportion of a PS to 
whole shape. 

Adaptive features are features that reflect the logical and geometrical properties of 
each PS. Representative adaptive features are as follows: a) Average of α  feature, 

αcc  - This feature represents the degree of circularity, b) Eccentricity e  - This repre-
sents the eccentricity of the polygonal segment, c) Turning angle ta  - A ta  is turning 
angle value of PS with partial or global turning properties.  

4   Matching 

Similarity retrieval is executed using PSS. First, a shape of query is classified into 
specific type of shape. Then we filtered shapes that are most similar according to the 
structural information of PSS in order to reduce search cost.  

For structural matching, the PSS feature of shape D in the database is compared 
with one of query shape Q. The simple classification is carried out at first step. A 
shape of query is classified following polygon: convex polygon(s of QPSS=0),  sim-
ple curved polygon(s of QPSS=1), turning polygon, complex polygon(s of QPSS 
>= 2). Following matching steps are for a complex polygon. A Pattern Segment Ma-
trix (PSM) is generated in order to find a comparably similar segment sequence. PSM 
expresses a value to represent the identity of pattern types between the PSSs of two 
shapes as elements of the matrix: 

),( 
     ..   ,0

..   ,1
  ' DPSSDPSQPSSQPS

ptDPSptQPS
ptDPSptQPS

valuesM cr
cr

cr
rc ∈∈





≠
=

=  

PSS of Q (QPSS) and PSS of D (DPSS) are used to represent the row and column axis 
of the matrix, M. After generating the matrix, we test whether the value of 1 continu-
ously appears in a clockwise direction if M’s value is 1. Again, we test the PSM made 
with QPSS, which was generated in reverse to find the symmetric shape. 
CSP(Candidate Similar Pattern sequence) are sequential segments with a similar pat-
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tern type between Q and D. CSP represent PSs with similar pattern  in a diagonal 
direction in PSM. The CSP is as },,|{ >=<= slengsdsqCSPCSPCSP ii  where, 

sq stands for index r of QPSS, the starting point of sequence, and sd is c  index of 

DPSS, and sleng is length of the sequence. 

The rCSP , the segment sequence most similar to the shape of query and shape of 
database, is selected from PSM. rCSP  is a CSP that is selected due to structural 
matching.  

),,(    ),3/)(( iiiiiii CSPsrprdistsrprdistMAXrCSP ∀∈++= αα  (1) 

Among CSPs, we select rCSP  with a maximum similarity value between structural 
features. In Fig.1, a point on the contour of shape expresses interest point. A number 
on the curve is aligned index of pattern segment. The (c) of Fig.1 is a sample PSM 
that is made by shapes of (a)(b). A line on PSM denotes rCSP  that length is 11.  
 

 

Fig. 1. (a) sample shape of query, (b) sample shape of database, (c) sample PSM 

 For fine matching, the adaptive features of two PSs included in rCSP are com-
pared. )(aflistDist  expresses the similarity between adaptive features of two PSs. The 

total similarity cost is defined as 

)()2,
2

( aflistDist
DrQr
DrDrQrMinSimCost ×
+

+=  (2) 

The Qr  and Dr  are the ratio of PSs belonging to rCSP  in the whole shape. If a 

value of )(aflistDist  is very high (similar), but difference of Qr  and Dr  is large 
then SimCost  reduce similar ratio of two shapes below arithmetic mean value. 

5   Experiments 

Our experiments show that similar shapes are quickly filtered with only structural and 
adaptive features. We use two test databases : 1100 shapes from SQUID and 216 



712      Nanhyo Bang and Kyhyun Um 

shapes selected from MPEG-7 test database. On an average, the extracted features are 
as follows: For SQUID, contour point is 693, interest points are 22 and PS is 8. For 
the second database, contour point is 878, interest points are 23 and PS is 7. 
 

 

  Fig. 2. Classified shapes                                       Fig. 3. Query result 

Fig. 2 shows classified shapes using only the PSS and logical properties from 
SQUID data. Fig.3 is a result from the second test database, which has similar candi-
date shapes of partially various transformations that are high similarity. 

We do a performance evaluation of shape features with features that are used such 
as storage cost and feature extraction cost. We compare our scheme with some 
representative methods such as Grid Based and the Fourier Descriptors Method in [8]. 

Table  1. Storage cost and feature extraction cost comparison 

Criteria Grid Based Method 
Fourier Descriptors 

Method ours 

Storage 
cost(byte) 2*((mj/gn)2)/8+8 8 * fn 13 * m 

Extraction 
cost 

To find major axis O(N2) 

To find minor axis O(N) 

To rotate and scale O(N) 

To generate a binary 
number O(N3) 

To find centroid 
O(NlogN) 

To find all radii and com-
pute FD coefficients O(r2) 

To generate signature 
O(r) 

To Extract interest 
point O(NlogN) 

To segment PSS 
O(m) 

To extract structural-
adaptive features 
O(m) 

 
In Table 1, mj is the major axis size and gn is the grid cell size for the grid-based 

method. fn is the number of Fourier coefficients and r is the number of radii for the 
Fourier Descriptors Method. In our scheme, m is the number of interest points. Our 
scheme shows better performance from the point of view of feature extraction cost. 
This is almost the same as the generation time of TPVAS in [8]. At our scheme, com-
putation cost to make pattern matrix is O(s2) and one to make CSPs is O(s2). A 
computation cost to generate rCSP is O(cs). A s is the number of a curve, and cs is the 
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number of CSP. Our scheme has a merit to search with only a small quantity of struc-
tural features because s is so small number that it is about 1/3 of interest points.. A 
retrieval performance is improved by changing average similarity ratio of SimCost  
that is used arithmetic mean into )2,

2
(

DrQr
DrDrQrMin
+

+ . 

6   Conclusion 

In this paper, we suggest image retrieval method using logical shape feature. A shape 
feature is extracted from logically analyzed structural scheme of shape. After simple 
classification is performed about query shape, structural matching is executed about 
complex polygonal shapes through pattern segment matrix. Our scheme using matrix 
is efficient because we use structural feature of small size, not all shape features. 
Since PS reflects local features, it can be used for searching partial or overlapped 
objects. Experimental results show that our shape feature adequately represents object 
shape. The designed logical properties are applied to various shapes of closed poly-
gons. These logical features extend meaningful semantic features by integrating with 
other features. The experiments show that our approach is close to human visual per-
ception. 

References 

[1]  Mark E.Hoffman, Edward K., Wong, “Content-based image retrieval by scale-space object 
boundary shape representation”, Storage and Retrieval for Media Databases, Proc. of SPIE 
2000, Vol.3972, pp.86-97 

[2]  Venkat N.Gudivada, Vijay V.Raghavan, "Content-Based Image Retrieval  Systems", IEEE 
Computer, Sep.,  1995, pp.18-22 

[3] A.Desai Narasimhalu,"Special section on content-based retrieval", ACM Multimedia Sys-
tems, 1995, No.3, pp.1-2 

[4]  Corney, J., Rea, H., Clark, D., Pritchard, J., Breaks, M.; Macleod, R. "Coarse filters for 
shape matching", IEEE Computer Graphics and Applications, Vol. 22 Issue: 3, May/June 
2002, pp. 65-74 

[5]  Dengsheng Zhang; Guojun Lu., "Generic Fourier descriptor for shape-based image re-
trieval", IEEE Intl. Conf. on Multimedia and Expo 2002.  vol. 1, pp. 425-428  

[6]  Suganthan, P.N., "Shape indexing using self-organizing maps", IEEE Transactions on 
Neural Networks, vol. 13, Issue: 4, Jul 2002, pp. 835-840  

[7]  Mignotte, M., "A new and simple shape descriptor based on a non-parametric multiscale 
model", Proc. of. Intl. Conference on Image Processing, Vol.: 1 , 2002 , pp. 445-448  

[8]  Maytham Safar, Cyrus Shahabi and Xiaoming Sun, “Image Retrieval By Shape: A Com-
parative Study,” IEEE Intl. Conference on Multimedia and Expo (I),2000, pp.141-154 

[9]  Thomas B. Sebastian, Philip N. Klein, Benjamin B. Kimia, “Alignment-based Recognition 
of Shape Outlines”, Lecture Notes in Computer Science(2001) .vol.2059, pp.606-617  



Automatic HTML to XML Conversion

Shijun Li1, Mengchi Liu2, Tok Wang Ling3, and Zhiyong Peng4

1 School of Computer, Wuhan University, Wuhan, China 430072
shjli@public.wh.hb.cn

2 School of Computer Science, Carleton University,
1125 Colonel By Drive, Ottawa, ON, Canada K1S 5B6

mengchi@scs.carleton.ca
3 School of Computer, National University of Singapore,

Lower Kent Ridge Road, Singapore 119260
lingtw@comp.nus.edu.sg

4 State Key Lab of Software Engineering, Wuhan University,
Wuhan, China 430072
peng@whu.edu.cn

Abstract. We present a new approach to automatically convert HTML
documents into XML documents. It first captures the inter-blocks nested
structure, then the intra-blocks nested structure, which consists of blocks
including headings, lists, paragraphs and tables in HTML documents,
by exploiting both formatting information and structural information
implied by HTML tags.

1 Introduction

As most web documents are in HTML, automatic understanding of HTML doc-
uments has many potential applications. How to capture the nested structure in
HTML documents and convert it into XML is a significant challenge.

The main part of an HTML document is the body element, which consist
of a sequence of blocks that may be heading, paragraph (p element), list, and
table. A sequence of blocks partitioned according to HTML grammar may not
be in the same semantic hierarchy. Thus, the first important step is to capture
the inter-block nested structure in an HTML document. As a heading element,
briefly describes the topic and nested structure, we can capture the inter-block
nested structure of an HTML document according to different levels of heading
in an HTML document. However, there are some HTML documents, in which
the authors use formatting information rather than heading to show the nested
structure. So we must exploit the formatting information that includes bold,
strong tags and the biggest font etc. to capture the inter-block nested structures.

After capturing the inter-block nested structure, the next step is to capture
the intra-block nested structure that includes paragraph, list and table. We ex-
ploit both structural information that HTML tags imply, such as a list consists
of items, and formatting information to capture the intra-block nested structure.

HTML tables may have nested headings. To capture their nested structure,
we need normalize HTML tables by inserting redundant cells into them. Based

Q. Li, G. Wang, and L. Feng (Eds.): WAIM 2004, LNCS 3129, pp. 714–719, 2004.
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on the normalized table, we can map the attribute-value pairs to XML docu-
ments. To convert HTML tables without marked headings via th element, the
key is recognizing their headings. We introduce the notion of eigenvalue in the
formatting information and a heuristic rule to recognize the headings of HTML
tables. Without losing generality, we only discuss the well-formed HTML docu-
ment. Since for those HTML documents that are not well-formed, we can use a
free utility HTML TIDY by W3C to convert them into well-formed HTML ones.

This paper is structured as follows. Section 2 introduces the approach that
captures inter-block nested structure in HTML documents. Section 3 introduces
the approach that captures intra-block nested structure. Section 4 discusses re-
lated work. Finally we conclude in Section 5.

2 Capturing Inter-block Nested Structure

2.1 Exploiting Structural Information

We use the content of the title as the root element, and convert the content of
the meta elements in the head element as the attributes of the root element. The
following rule shows how to convert head element.

Rule 1 Let D be an HTML document as follows:
D =<html><head><title>T</title> <meta name=“n1” content=“s1”. . .
name=“nk” content=“sk”> </head> <body>B</body> </html>.
Then ψ(D) =< T n1 = “s1” . . . nk = “sk” > ψ(B) < /T >, where ψ is the
converting function which converts an HTML document into XML one.

Most HTML documents use heading blocks to express its nested structure.
We can use it to capture the inter-block nested structure as follows.

Rule 2 Let D be an HTML section: D = S0<hn>T1</hn>S1 . . .<hn>Tm

</hn > Sm, where hn is the most important heading in D, and each of S0, . . . ,
Sm is a sequence of HTML blocks. Then ψ(D) = ψ(S0)⊕ < T

′
1 > ψ(S1) < /T

′
1 >

⊕ . . .⊕ < T
′
m > ψ(Sm) < /T

′
m >, where T

′
i = Ti if Ti is a character string, and

< T
′
i >=< Ni url = ”U” > if Ti =<a url = ”U”> Ni </a>, i = 1, 2, ...m.

2.2 Exploiting Formatting Information

For the HTML documents in which the authors use formatting information
rather than heading to show the nested structure, the key is to find out all
the text strings that have the most important formatting information, whose
function is just as the most important heading. Then the conversion is just the
same as the conversion of the heading blocks. Rule 3 shows this process. The
converting functions in Rule 2 and Rule 3 are recursive, we can recursively apply
them to S0, . . . , Sm till the whole nested structure in the HTML document is
captured.
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Rule 3 Let D be an HTML section and T1, . . . , Tm the character strings that
have the biggest font, or in bold tags, or in strong tags. Let D = S0 T1 S1 . . . Tm

Sm, where m ≥ 1, and each of S0, . . . , Sm is a sequence of HTML blocks. Then
ψ(D) = ψ(S0)⊕ < T

′
1 > ψ(S1) < /T

′
1 > ⊕ . . .⊕ < T

′
m > ψ(Sm) < /T

′
m >, where

the meaning of T
′
i , i = 1, 2, ...m, is the same as the one stated in Rule 2.

3 Capturing Intra-block Nested Structure

3.1 Converting Text-Level Elements and Paragraph Elements

After capturing the inter-block nested structure, the next step is capturing the
intra-block nested Structure. If a character string does not contain formatting
information stated in Rule 5, then we call it a simple character string. We convert
character strings and a (anchor) elements as follows.

Rule 4 Let D = S. If S is a simple character sting, then ψ(D) = S. If S is an a
element: S =<a url = ”U”> N <a>, then if it is not the content of a heading
block (i.e. h1 to h6 element) which we address in Rule 2, we convert it as an
XML empty element: ψ(D) =<N url = ”U”/>.

HTML documents usually contain nested structure via formatting information
including bold, italic, or colon ‘:’ etc. We can capture the nested structure by
these emphasized formatting information as follows.

Rule 5 Let D =< t > T1 < t > S1 . . . < t > Tn < t > Sn, or D = T1 :
S1 . . . Tn : Sn, where t is either b, i, em, or strong. Then
ψ(D) =< T

′
1 > ψ(S1) < /T

′
1 > . . . < T

′
n > ψ(Sn) < /T

′
n >, where the meaning

of T
′
i , i = 1, 2, ...m, is the same as the one stated in Rule 2.

If the content of a p element is a simple character string, we introduce an
XML element describe. Otherwise we just convert its content.

Rule 6 Let D =< p > S < /p > or D =< p > S (as < /p > can be omitted in
HTML), where S is a text string. If S is a simple character string, then
ψ(D) =< describe > s < /describe >. Otherwise, ψ(D) = ψ(S)

3.2 Converting Lists

HTML supports unordered lists ul, ordered lists ol, and definition lists dl. Both
unordered and ordered lists consist of li element, which are their items. If a
li element is a simple character string, we introduce an XML element named
item to mark it. Definition lists consist of two parts: a term given by the dt
element, and a description given by the dd element. We summarize the process
for unordered lists and ordered lists as Rule 7 and for definition lists as Rule 8.

Rule 7 Let L =< ul > L1 . . . Ln < /ul >, or L =< ol > L1 . . . Ln < /ol >,
where Li is a li element and i = 1, . . . , n. Then ψ(L) = ψ(L1) ⊕ . . .⊕ ψ(Ln). If
the content of a li element is a simple character string S, then ψ(Li) =< item >
S < /item >.
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Rule 8 Let L =< dl > R1 . . . Rm < dl >, where Ri =< dt > Ti < /dt ><
dd > Di1 < /dd > . . . < dd > Dini < /dd >, and i = 1, 2, . . . ,m; ni ≥ 0.
Then ψ(L) = ψ(R1) ⊕ . . . ⊕ ψ(Rm). If Ti is a simple character string, then
ψ(Ri) =< Ti > ψ(Di1) ⊕ . . . ⊕ ψ(Dini) < /Ti >. Otherwise ψ(Ri) = ψ(Ti) ⊕
ψ(Di1) ⊕ . . .⊕ ψ(Dini).

3.3 Capturing the Attribute-Value Pairs of HTML Tables

HTML Table cells generally contain heading information via the th element and
data via the td element, and may span multiple rows and columns. If a th or td
element contains colspan = n, it means that the particular cell of the th or td
is to be expanded to n − 1 more columns, starting from the current cell in the
current row. If a th or td element contains rowspan = n, it means the particular
cell of the th or td element is to be expanded to the next n − 1 rows in the
current column. By inserting redundant cells according to the attributes colspan
and rowspan, we can normalize an HTML table in the form of Table 1.

Table 1. The normalized HTML table

h1,q+1 . . . h1,n

...
...

hp,q+1 . . . hp,n

vp+1,1 . . . vp+1,q dp+1,q+1 . . . dp+1,n

...
...

...
...

vm,1 . . . vm,q dm,q+1 . . . dm,n

Based on the normalized table Table 1, we introduce a mapping rule to map
the attribute-value pairs of HTML tables to the corresponding XML documents,
and a merging rule to merge the content of the same XML element as Rule 9,
which covers not only two dimensional tables but also one dimensional tables.

Rule 9 Let the normalized table of an HTML table T be Table 1, the content
of its caption be c, and the rows that contain data be rp+1, rp+2, . . . , rm, where
0 ≤ p ≤ m. Then ψ(T ) =< c > ψ(rp+1) ⊕ ψ(rp+2) ⊕ . . .⊕ ψ(rm) < /c >, where

ψ(ri) =< vi,1 > . . . < vi,q >

< h1,q+1 > . . . < hp,q+1 > ψ(di,q+1) < /hp,q+1 > . . . < /h1,q+1 >

...
< h1,n > . . . < hp,n > ψ(di,n) < /hp,n > . . . < /h1,n >

< /vi,q > . . . < /vi,1 >,

where i = p+ 1, . . . ,m; 0 ≤ p ≤ m; 0 ≤ q ≤ n.

Merging rule: < t1 >< t2 > s2 < /t2 >< /t1 >
< t1 >< t3 > s3 < /t3 >< /t1 >

=< t1 >< t2 > s2 < /t2 >< t3 > s3 < /t3 >< /t1 >
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3.4 Recognizing Headings of HTML Tables

In HTML documents, there are many HTML tables without marked headings via
th elements. To convert them by using Rule 9, we need to recognize their head-
ings. Generally, authors use different formatting information, which are mainly
font (size, bold), to mark headings for visual easy recognition. So we introduce
a notion eigenvalue to measure the difference of formatting information.

Definition 1 In an HTML table, if the cell’s font size is n, then its eigenvalue
λ = n; moreover, if the cell has bold font, then λ = λ + 1. The eigenvalue of a
row or a column is the average eigenvalue of all the cells in the row or column.

Based on the fact that the headings generally have bigger eigenvalue than
the data part. We can recognize headings of HTML tables as follows.

Rule 10 Let an HTML table have m rows, and the eigenvalues of m rows be
λ1, . . . , λm, respectively. Let the difference of two adjacent rows be λ12, λ23,
. . . , λ(m−1)m, where λi(i+1) = λi − λi+1, i = 1, . . . , m − 1. Let k be the
minimum that λk(k+1) = max(λ12, λ23, . . . , λ(m−1)m) and λk+1 < λk hold.
Then the first k rows are the column headings. The recognizing of row headings
is just the same as of column headings.

4 Related Work

To capture the nested structure in HTML documents, the manual approaches [3,
6] often involve the writing of complicated code. Lixto [10] manage to avoid the
writing of code by providing a fully visual and interactive user interface. The
induction systems [1, 2] need to be trained with some examples, under human
supervision. In [5], an ontology-based approach are proposed, which also involves
the writing of complicated code, such as RDF. [7] present a case-based, but it
only cover a portion of HTML pages. In [2], a semi-automatic wrapper generation
approach is presented that only exploits formatting information to hypothesize
the underlying structure of a page, so that it cannot correctly convert complex
table and list. In [4], a heuristic approach for automatic conversion is introduced.
However, it only uses the structural information, neglecting the formatting in-
formation, so that it cannot convert the HTML documents that use formatting
information to mark its nested structure. Since HTML tables are used frequently
in HTML documents and are information rich, they gain a lot of attentions re-
cently [8, 9]. In [8], an automatic approach that extracts attribute-value pairs is
presented. But it gives no formal approach to capture the attribute-value pairs
of HTML tables with nested headings, and cannot capture the nested structure
in cells of HTML tables.

In this paper, we introduce a new approach to automatically convert HTML
documents into XML documents. A system based on the approach presented
in this paper has been implemented. We must stress the fact that some of the
presented rules are based on heuristics and might fail. Compared with the other
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related approaches, as our approach exploits both formatting and structural
information implied by HTML tags to automatically capture the nested structure
in HTML documents, and introduces a mapping rule to automatically map the
attribute-value pairs in HTML tables to XML documents and a heuristic rule to
recognize headings of HTML tables by formatting information, it improves the
expressive capability of the existing approaches.

5 Conclusion

The main contribution of this paper is that we present a new approach that au-
tomatically captures the nested structure in HTML documents and converts it
into XML ones. Although capturing the nested structure in HTML documents
is difficult, as our approach exploits both the formatting information and the
structural information implied by HTML tags, it improves the expressive capa-
bility of the existing approaches. It can be used as an effective auxiliary tool in
recycling HTML documents as XML documents.
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Abstract. The conventional manufacture process improvement is a long work-
ing process which was based on personal experience and remains a question-
able cost effective issue. It really demands a fast and low cost manufacture 
process design and improvement model. The article indicates that the core 
process of quality improvement is to define the relationship of KIV-KOV and 
to optimize. With the data warehouse and data mining techniques, this article 
offers the KIV-KOV based new quality improvement model, functional struc-
ture and process as well as the practical experience.  

1   Introduction 

Along with maturity of manufacture control system, a great number of online manu-
facture data can be collected, analyzed and mined to discover the internal relationship 
between technique parameter and product performance. Hence it can upgrade the 
manufacture process to improve product quality and meet the customer absolute re-
quirement on quality improvement.  

2   Quality Improvement Model 

2.1   Quality Improvement Model Based on KIV-KOV Analysis 

The core process of control model is to identify key reasons of fault quality by way of 
KIV-KOV analysis (KIV: Key Input Variable; KOV: Key Output variable). Normally 
engineers only conduct quite few KIV-KOV analyses based on their personal experi-
ence rather than vast analysis due to the complexity of calculation. The more ad-
vanced quality control model based on data warehouse and data mining techniques 
can realize a great number of KIV-KOV analyses by implementing computerized 
statistic analysis tools. It can conduct analysis in either overall process or up-down 
process depends on the complexity of problem.  

Process of manufacture technique design and upgrade based on PDCA cycle is 
shown in Fig.1. 
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Problems judging Problems analysis Key issues identification 

Plan to problems solving Implementation Evaluation 

 

Fig. 1. Process of manufacture technique design and upgrade based on PDCA cycle 

The actual process has been shown in the followings, 

Step1:  Lodge problem: define the target variable KOV according to the actual 
quality problem; 

Step2: Analyze problem: identify the relevant quality factors IV according to target; 
Step3:  Identify key issue: identify the key factors e.g. KIV by using data mining 

technique to analyze relevant data; 
Step4:  Problem solving planning: optimize manufacture techniques control pa-

rameter by supporting of data mining technology; 
Step5:  Implementation: implement the optimized process into practice; 
Step6:  Evaluation: evaluate the correctness and reasonableness otherwise back to 

second step. 

2.2   Key Process of Product Quality Improvement 

The core process of quality improvement is to find out the relationship between KIV-
KOV. Data mining is the key business intelligence technology based on vast amount 
of data. Generally, the most time consumed thing in data mining is data collection 
and these data need to be presorted based on desired information objectives and even 
be sampled if it is a large scale of data. Data has to be properly organized for effec-
tive information processing. It is easier to sort data because data has been tested its 
consistency before entering data warehouse.  

When conducting multiprocessor computing, it is more difficult to process the data 
because of database format, data format and other mistakes. It can be further investi-
gated to better understand data by implementing proper presort such as key variable 
select, rank of importance, diagnosis of abnormal node and conflicting data.  

Cluster control and modeling are hardcore in data mining process in Baosteel. 
Ward method and K means are main methods of cluster control. Neural networks, 
confusion matrix and liner regression are all core modeling techniques.  

Generally, the goal of data mining in Baosteel is to optimize one specific target 
function, e.g. tensile strength, which can be better from the optimization modeling. 

It can be summarized that the basic processes of product quality improvement as 
following 4 sequential steps: data collection from data warehouse, data pre-sorting, 
modeling, and optimization. 
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3   KIV-KOV Analysis Technologies   
     in Quality Improvement System 

Quality improvement system can be built up based on data warehouse and data min-
ing technologies by integration of ten modules as following. 

Data collection module consists of data format and data mining. 
Data sampling module creates a subset of data from the vast amount whole by 

choosing the sample through preset criteria. 
Data presort module is very important to presort data for better understanding of 

data. Data presort system includes standardized management, variable screen, vari-
able transforming, diagnosis of abnormal node and conflicting data. 

Visualized exploration module can provide following functions, including distribu-
tion diagram, scatter diagram and correlation analysis. 

Cluster control module can provide multi-cluster methods for users to cluster ob-
served data and understand the distribution of “up grade” or “low grade”. 

Modeling module can provide three modeling techniques. Neural network pro-
vides MLP and RBF modeling further to optimize the neural network structure 
through advanced computation. Confusion matrix provides default and advanced 
computation based confusion matrix. Linear regression modeling provides 4 model-
ing techniques including all variable regression, gradual regression, front regression 
and back regression. 

Data prediction module can predict KIV observed data. 
Optimization module provides users methods of quality improvement  
Trends control module can show one variable trends of change in graphic view 

with a defined time duration change. Users can draw scatter diagram or trend diagram 
by using day, month or quarter as a unit. 

Standardized management module provides users to set changeable range by defin-
ing variable. 

Process procedure and internal control are presented in Table 1. 

Table 1. System implementation steps practice in KIV-KOV analysis 

Setp1 
Raw data 

Setp2 
Sampling 

Setp3 
Observation 

Setp4 
Modulating 

Setp5 
Modeling 

Setp6 
Evaluation 

Setp7 
Optimization 

DBF Data  
selection 

Windows Windows Neural  
networks 

Deviation 
control 

Optimize screen 

ORACLE Data 
transforming 

Visualization Control of 
abnormal node 

Confusion 
 matrix 

Reporting GA method 

DB2  Sampling  
methods 

 Data screen Regression  
control 

 Optimize  
structure 

SAS   Variable  
screen 

  Visualization 

Text   Rank of  
importance 

  Individual factor 
control 
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4   KIV-KOV Analysis Technologies Application   
     in Quality Improvement for Baosteel 

In the long period, Baosteel adopt the chemistry design of ‘high manganese and low 
carbon’ to produce the hot rolling plate used by welding pipe which steel grade is SP. 
In recent years as we communicate with other corporations, we found that the content 
of Manganese of the same steel grade of other corporations is lower than ours, but its 
mechanical property is better than ours. The discovery attracts our attention. So we 
start to study the chemistry design and process of SP deeply. 

4.1   Investigation 

Elongation and tensile strength are important index of hot rolling plate. They will 
directly influence the customer’s use. We investigate the elongation and tensile 
strength of SP produced in recent years (See Fig.2). 
 
 
 

 

 

Fig. 2. Histogram of elongation and tensile strength 

The figure shows that the average value of elongation is 44 and the average value 
of tensile strength is 388 Mega-pa. Although these values can satisfy the request of 
enterprise standard, they are lower than other corporation’s product. 

According to the condition we have mastered, we investigate the factors which 
would influence the mechanical property. The factors include the content of carbon, 
manganese, phosphor, silicon, sulfur, post-rolling temperature, coil temperature(See 
Table 2). We want to adjust the factor and improvement the quality of steel plate. 

Table 2. Factors 

 

4.2   KIV-KOV Analysis 

The KIV-KOV analysis step is presented as below. 

Step1:  Data preparing: We select the data of the common carbon steel produced by 
1580 hot rolling plants from quality data warehouse. At this time we pay at-
tention that the data should include several steel grade and the contents of car-
bon and manganese should vary at large scale. 
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Step2:  Designating the target variable: We designate elongation and tensile strength 
as target variable. Meanwhile, we get rid of the irrelative variable. 

Step3:  Partition: We split the data into three parts. 70% for training, 20% for valida-
tion and the rest for model testing. 

Step4:  Building, training and validation of regression & neural network model. 
Step5:  Assessment and conclusion comparison: We use 545 records to testing the 

regression model and the neural network model. Both of their accuracy is 
above 80% and the network model is better than the regression model. 

Step6:  Selecting model: neural network model as final model to analysis the data. 

4.3   Analysis and Results 

According to the result of the neural network model, we emphasize the study of the 
influence between the contents of carbon, manganese, coiling temperature and me-
chanical property. We discover that 

1) If the content of manganese increase, the value of elongation decrease and ten-
sile strength increase(See Fig.3). 

Fig. 3. The relation between the content of manganese and mechanical property 

2) If the content of carbon increase, the value of elongation decrease and tensile 
strength increase(See Fig.4). 

Fig. 4. The relation between the content of carbon and mechanical property 

3) If the coiling temperature increases, the value of elongation increase and tensile 
strength decrease(See Fig.5). 

Fig. 5. The relation between the coiling temperature and mechanical property 
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4.4   Measures and Effects 

We discover that the content of manganese and carbon has the same influence upon 
the mechanical property, but the price of carbon is cheaper than manganese. So we 
decided to decrease the content of manganese and increase the content of carbon, then 
we adjust the coiling temperature. After a period of testing we get the production 
which is better than the original SP(see Table 3). 

The more important thing is that we decrease the cost of product largely. The cost 
of per ton is less 7 RMB YUAN than before and it will save 1.6 million RMB YUAN 
every year for our corporation.  

Table 3. The mechanical property compared new process and old process 

Mechanical property New process Old process Standard 
Elongation 47 44 ≥35 
tensile strength 385 390 ≥440 

5   Conclusions 

As the coming of information times we can get millions of data. How to use data is an 
important problem that everyone has to face. In normal case, engineers only conduct 
quite few KIV-KOV analyses based on their personal experience rather than vast 
analysis due to the complexity of calculation. This system, which provide the more 
advanced quality control model based on data warehouse and data mining techniques, 
can realize a great number of KIV-KOV analysis by implementing computerized 
statistic analysis tools. It can conduct analysis in either overall process or up-down 
process depends on the complexity of problem.  
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Abstract. An outlier in a dataset is an observation or a point that is considera-
bly dissimilar to or inconsistent with the remainder of the data. Detection of 
outliers is important for many applications and has recently attracted much at-
tention in the data mining research community. In this paper, we present a new 
method to detect outliers by discovering frequent patterns (or frequent itemsets) 
from the data set. The outliers are defined as the data transactions which contain 
less frequent patterns in their itemsets. We define a measure called FPOF (Fre-
quent Pattern Outlier Factor) to detect the outlier transactions and propose the 
FindFPOF algorithm to discover outliers. The experimental results show that 
our approach outperformed the existing methods on identifying interesting out-
liers. 

1   Introduction 

An outlier is an observation that deviates so much from other observations as to 
arouse suspicion that it was generated by a different mechanism [12]. Mining outliers 
from data is an important data mining task and required in many real applications, 
such as credit card fraud detection, discovery of criminal activities in electronic 
commerce, weather prediction, marketing and customer segmentation. 

Recently, methods for finding such outliers in large datasets have drawn increasing 
attention [e.g., 1-7]. In this paper, we present a new method for detecting outliers by 
discovering the frequent itemsets. The basic idea is very simple. Since the frequent 
itemsets (we call them frequent patterns in this paper) discovered by the association 
rule algorithm [8] reflect the “common patterns” in the dataset, it is reasonable and 
intuitive to regard those data points which contain less frequent patterns as outliers. In 
other words, if a data object contains more frequent patterns, it means that this data 
object is unlikely to be an outlier because it possesses the “common features” of the 
dataset. Those frequent patterns that are not contained in the data objects can be used 
                                                        
*  The High Technology Research and Development Program of China (No. 2002AA413310, 
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as descriptions of outliers in data. We define a measure called FPOF (Frequent Pat-
tern Outlier Factor) to detect the outlying objects and propose the FindFPOF algo-
rithm to discover them from the data.   

2   Proposed Method 

Agrawal formulated the problem of discovering frequent itemsets in market basket 
databases as follows [8]: 

Let I = {i1, i2, …, im} be a set of m literals called items and the database D = {t1, t2, 

…, tn} a set of n transactions, each consisting of a set of items from I. An itemset X is 

a non-empty subset of I. The length of itemset X is the number of items in X.  An 
itemset of length k is called a k-itemset. A transaction t∈D is said to contain itemset 
X if X ⊆ t. The support of itemset X is defined as support (X) = || {t∈D | X ⊆ t}|| / || 
{t∈D}||.  

The problem of finding all frequent itemsets in D is defined as follows. Given a 
user defined threshold minisupport, find all itemsets with supports greater or equal to 
minisupport. Frequent itemsets are also called frequent patterns. 
From the viewpoint of knowledge discovery, frequent patterns reflect the “common 
patterns” that apply to many objects, or to large percentage of objects in the dataset.    
In contrast, outlier detection focuses on a very small percentage of data objects. 
Hence, the idea of making use of frequent patterns for outlier detection is very intui-
tive. 

Definition 1. (FPOF-Frequent Pattern Outlier Factor) Let D = {t1, t2, …, tn} be a 

database containing a set of n transactions with items I. Given a threshold minisup-
port, the set of all frequent patterns is denoted as: FPS (D, minisupport). For each 
transaction t, the Frequent Pattern Outlier Factor of t is defined as: 

FPOF (t) = 
||),(||

)(

tminisupporDFPS

Xsupport
X
∑

, where X ⊆ t and X∈FPS (D, minisupport) (1) 

The interpretation of formula (1) is as follows. If a transaction t contains more fre-
quent patterns, its FPOF value will be big, which indicates that it is unlikely to be an 
outlier. In contrast, transactions with small FPOF values are likely to be outliers. The 
FPOF value is between 0 and 1. 

Definition 2. For each transaction t, an itemset X is said to be contradictive to t if 
X ⊄ t. The contradict-ness of X to t is defined as: 

Contradict-ness (X, t) = (||X||–|| t ∩ X||)*support (X) (2) 

In our approach, the frequent pattern outlier factor given in Definition 1 is used as 
the basic measure for identifying outliers. To describe the reasons why identified 
outliers are abnormal, the itemsets not contained in the transaction (it is said that the 
itemset is contradictive to the transaction) are good candidates for describing the 
reasons.  
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The consideration behind formula (2) is as follows. Firstly, the greater the support 
of the itemset X, the greater the value of contradict-ness of X to t, since a large sup-
port value of X suggests a big deviation. Secondly, longer itemsets give better de-
scription than that of short ones. 

With definition 2, it is possible to identify the contribution of each itemset to the 
outlying-ness of the specified transaction. However, since it is not feasible to list all 
the contradict itemsets, it is preferable to present only the top k contradict frequent 
patterns to the end user, as given in Definition 3 below. 

Definition 3. (TKCFP-Top K Contradict Frequent Pattern) Given D, I, minisupport 
and FPS (D, minisupport) as defined in Definition 1. For each transaction t, the item-
set X is said to be a top k contradict frequent pattern if there exist no more than (k-1) 
itemsets whose contradict-ness is higher than that of X, where X∈FPS (D, minisup-
port). 

Our task is to mine top-n outliers with regard to the value of frequent pattern out-
lier factor. For each identified outlier, its top k contradict frequent patterns will also 
be discovered for the purpose of description. 

Fig. 1. The FindFPOF Algorithm 

3   Algorithm for Detecting FP-Outliers 

Using the outlier factor FPOF, we can determine the degree of a record’s deviation. 
In this section, we present our algorithm for detecting outliers. 

The algorithm FindFPOF for detecting outliers is listed in Fig. 1. The algorithm 
first gets the frequent patterns from the database using an existing association rule 

 Algorithm FindFPOF 
 Input:   D           // the transaction database 
         minisupport   // user defined threshold for the permissible minimal support 
         top-n        // user defined threshold value for top n fp-outliers 
         top-k        // user defined threshold value for top k contradict frequent patterns 
 Output:  The values of FPOF for all transactions  //indicates the degree of deviation 
          The top-n FP-outliers with their corresponding TKCFPs 
 01 begin 

02 Mining the set of frequent patterns on database D using minisupport 
03 /* the set of all frequent patterns is donated as: FPS (D, minisupport) */ 
04 foreach transaction t in D do begin  
05    foreach frequent pattern X in FPS (D, minisupport) do begin 
06       if t contains X then 
07          FPOF (t) = FPOF (t)+ support (X) 
08    return FPOF (t) 
09 Output the transactions in the ascending order of their FPOF values. Stop when it outputs top-n
transactions 
10 foreach transaction t in top-n outliers do begin 
11    Finds its top-k contradict frequent patterns and outputs them 

16 end 
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mining algorithm with a given minisupport (Step 2-3). Then, for every transaction in 
the database, the value of FPOF is computed according to Definition 1 (Step 4-9). 
Finally, the top-n FP-outliers are output with their corresponding top-k contradict 
frequent patterns (Step 10-11). 

The FindFPOF algorithm has three parts: 1) mining the frequent patterns from the 
database; 2) computing the value of FPOF for each transaction; and 3) finding the 
top-n FP-outliers with their TKCFP descriptions. The computational cost of the fre-
quent-pattern mining algorithm is donated as O (FP). We remark that many fast fre-
quent-pattern mining algorithms are available [e.g., 8-9] and so the computation com-
plexity of Part 1 will be acceptable. As to Part 2, two “for loops” are required. There-
fore, the computational cost of this part is O (N*S), where N is number of the transac-
tions in the database and S is the size of the set of frequent patterns. Part 3 has the 
computational cost of O (N*logN+S*(top-n)*(top-k)*log(top-k)), because finding the 
top-n outliers and the top-k contradict frequent patterns for each identified outlier 
needs a sort operation. 

The overall computational complexity of the FindFPOF algorithm is: 

O (FP+N*S+ N*logN+S*(top-n)*(top-k)*log(top-k)) (3) 

4   Experimental Results 

4.1   Experiment Design and Evaluation Method 

We used two real datasets from UCI [10] to demonstrate the effectiveness of our 
algorithms against the FindCBLOF algorithm [7] and the KNN algorithm [2]. For all 
the experiments, the two parameters needed by the FindCBLOF algorithm were set to 
90% and 5 separately as done in [7]. For the KNN algorithm [2], the results were 
obtained using the 5-nearest-neighbours. The results didn’t change significantly 
when the parameter k was specified to alternative values. For our algorithm, the pa-
rameter minisupport for mining frequent patterns was fixed to 10%, and the maximal 
number of items in an itemset was set to 5. 

As pointed out by Aggarwal and Yu [4], one way to test how well the outlier detec-
tion algorithm worked is to run the method on the dataset and test the percentage of 
points which belong to the rare classes. If outlier detection works well, it is expected 
that the rare classes would be over-represented in the set of points found. These kinds 
of classes are also interesting from a practical perspective. 

Since we knew the true class of each object in the test dataset, we defined the ob-
jects in small classes as rare cases. The number of rare cases identified was used as 
the assessment basis for comparing our algorithm with other algorithms. 

4.2   Lymphography Data 

The first dataset used was the Lymphography data set, which had 148 instances with 
18 attributes. Among these 18 attributes, there were some numeric attributes. We 
discretized the numeric attributes using the automatic discretization functionality 
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provided by the CBA [11] software. The data set contained a total of 4 classes. 
Classes 2 and 3 had the largest number of instances. The remained classes were re-
garded as rare class labels. The corresponding class distribution is illustrated in Ta-
ble 1. 

Table 1. Class Distribution of Lymphography Data Set 

Case Class codes Percentage of instances 
Commonly Occurring Classes 2,3 95.9% 
Rare Classes 1,4 4.1% 

 
Table 2 shows the results produced by the FindFPOF algorithm against the Find-

CBLOF and KNN algorithms. Here, the top ratio is ratio of the number of records 
specified as top-k outliers to that of the records in the dataset. The coverage is ratio of 
the number of detected rare classes to that of the rare classes in the dataset. For exam-
ple, we let the FindFPOF algorithm find the top 16 outliers with the top ratio of 11%. 
By examining these 16 points, we found that 6 of them belonged to the rare classes. 
In contrast, when we ran the FindCBLOF algorithm on this dataset, we found that 
only 4 of 16 top outliers belonged to rare classes. 

Table 2. Detected Rare Classes in Lymphography Dataset 

Top Ratio  
(Number of Records) 

Number of Rare Classes Included (Coverage) 

 FindFPOF FindCBLOF KNN 

5% (7) 5(83%) 4 (67%) 1 (17%) 
10%(15) 5(83%) 4 (67%) 1 (17%) 
11%(16) 6(100%) 4 (67%) 1 (17%) 
15%(22) 6 (100%) 4 (67%) 2 (33%) 
20%(30) 6 (100%) 6 (100%) 2 (33%) 

 
Furthermore, in this experiment, the FindFPOF algorithm performed the best for 

all cases and could find all the records in rare classes when the top ratio reached 11%. 
In contrast, the FindCBLOF algorithm achieved this goal with the top ratio at 20%, 
which was almost the twice for that of our algorithm. 

4.3   Wisconsin Breast Cancer Data 

The second dataset used was the Wisconsin breast cancer data set, which had 699 
instances with 9 attributes. In this experiment, all attributes were considered as cate-
gorical. Each record was labeled as benign (458 or 65.5%) or malignant (241 or 
34.5%). We followed the experimental method of Harkins, et al. [6] by removing 
some of the malignant records to form a very unbalanced distribution. The resultant 
dataset had 39 (8%) malignant records and 444 (92%) benign records1. The corre-
sponding class distribution is illustrated in Table 3. 

                                                        
1  The resultant dataset is public available at: 

http://research.cmis.csiro.au/rohanb/outliers/breast-cancer/ 
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Table 3. Class Distribution of Wisconsin breast cancer data set 

Case Class codes Percentage of instances 
Commonly Occurring Classes 1 92% 
Rare Classes 2 8% 

 
With this dataset, our aim was to test the performance of our algorithm against the 

FindCBLOF algorithm, the KNN algorithm and the RNN based outlier detection algo-
rithm [6]. The results of the RNN based outlier detection algorithm on this dataset 
were reported in [6].  

Table 4 shows the results produced by the 4 algorithms. One important observation 
from Table 4 was that, comparing with the KNN and RNN algorithms, our algorithm 
performed the best for all cases and never performed the worst. That is to say, the 
FindFPOF algorithm was more capable to effectively detect outliers than the other 
two algorithms. In comparison to the FindCBLOF algorithm, our algorithm achieved 
the same average performance with respect to the number of outliers identified.  

Another important observation was that the FindFPOF algorithm found all the ma-
lignant records with the top ratio at 14%. In contrast, the RNN based outlier detection 
algorithm achieved this goal with the top ratio at 28%, which was the twice for that of 
FindFPOF, while the FindCBLOF algorithm achieved this goal with the top ratio at 
16%. 

Table 4. Detected Malignant Records in Wisconsin Breast Cancer Dataset 

Top Ratio 
(Number of Records) 

Number of Malignant Included (Coverage) 

 FindFPOF FindCBLOF RNN KNN 
1%(4) 3(7.69%) 4 (10.26%) 3 (7.69%) 4 (10.26%) 
2%(8) 7 (17.95%) 7 (17.95%) 6 (15.38%) 4 (10.26%) 
4%(16) 14 (35.90%) 14 (35.90%) 11 (28.21%) 9 (23.80%) 
6%(24) 21 (53.85%) 21 (53.85%) 18 (46.15%) 15 (38.46%) 
8%(32) 28(71.79%) 27 (69.23%) 25 (64.10%) 20 (51.28%) 

10%(40) 31(79.49%) 32 (82.05%) 30 (76.92%) 21 (53.83%) 
12%(48) 35 (89.74%) 35 (89.74%) 35 (89.74%) 26 (66.67%) 
14%(56) 39(100.00%) 38 (97.44%) 36 (92.31%) 28 (71.79%) 
16%(64) 39(100.00%) 39(100.00%) 36(92.31%) 28(71.79%) 
18%(72) 39 (100.00%) 39 (100.00%) 38 (97.44%) 28 (71.79%) 
20%(80) 39 (100.00%) 39 (100.00%) 38 (97.44%) 28 (71.79%) 
25%(100) 39 (100.00%) 39 (100.00%) 38 (97.44%) 28 (71.79%) 
28%(112) 39 (100.00%) 39 (100.00%) 39(100.00%) 28 (71.79%) 

5   Conclusions 

Frequent pattern mining and outlier detection are two integral parts of data mining 
and have attracted attentions in their own fields. Based on frequent patterns, this pa-
per has proposed a new outlier detection method. The effectiveness of our method 
was verified by the experimental results. 
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Abstract. Push-based personalized information delivery is a special kind of 
event-driven application, which must monitor or react to changes of informa-
tion sources or users interests to provide user-centered real-time services.  In 
this paper, an enhanced event-driven middleware framework of Quality of Ser-
vice (QoS) is proposed to support high reliable and available timely informa-
tion push-delivery, in which adaptive loading balance strategy that combines 
static and dynamic load distribution algorithms together to ensure the system 
works in a reasonable workload level. As for the fault tolerance, a super-demon 
with adaptable time-piece is adopted for failure detection, node replication and 
recovery. Large amount simulations showed the adaptable QoS strategies and 
algorithms that we proposed are effective, efficient for event-driven distributed 
systems.  

1   Introduction 

With the explosive increase of Internet applications, it is tedious work for users to 
seek for kinds of information sources, push-based information delivery become a 
promising way to serve users in an active way and provide user-centered information. 
Unlike pull-based information, the push-based information service works in a server-
initated way, for large amount of users, the most important issued should be taken 
into account is QoS. Load balancing and fault tolerance are two most important topics 
of QoS in distributed system, which are associated closely. Static and dynamic load 
balancing algorithms are two major ones for load balancing, where dynamic load 
balancing algorithms can be classified into sender-initiated, receiver-initiated and 
symmetrically-initiated algorithms [1,5,7], Thus, most load balancing algorithms can 
be structured as composing of a sender-initiated component and a receiver-initiated 
component, additional with other standard components. While failure can be classi-
fied according to their severity as: fail-stop, omission to their send/receive message, 
general omission of messages, and Byzantine failure [1,5,7,8]. Most practical fault 
tolerance algorithms are based on a timeout mechanism to detect, recovery, and repli-
cate the failed node. To ensure that the system can resume to a correct state after a 
failure, or the replacement of a fail-stop processor, recovery algorithms are imple-
mented often based on various types of checkpointing algorithms [3,5,8]. 
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Upon the Push-based personalized information delivery system, CORBA Event 
Service [2] as de facto standard is a rather good mechanism to support decoupled and 
asynchronous communication. However the Single-Event-Channel-Based Event 
Service is not fairly good at QoS Control [3-4]. Among many researches, [6] have 
proposed a fairly good mechanism to support high QoS of CORBA Event Service, in 
which static and dynamic load balancing mechanism are discussed independently, 
where fault tolerance discussed in [6] used the same the heartbeat for all nodes, which 
will work well in a homomorphic environment, but will not be fit for distributed 
heterogeneous system, especially because of diversity of hardware, software, or criti-
cal level of each task. In this paper, we provide a more proper framework for load 
balancing and fault tolerance, where adaptable load balancing algorithm is utilized to 
provide high performance of load balancing, node-compliant ping mechanism is 
adopted for fault tolerance. 

2   Architecture of the Enhanced Event Service 

To gain high QoS, a Hierarchical Master/Slavery Event Channels-Tree framework 
(HiMSECT) is proposed to support high reliability and availability for CORBA Event 
Service in push-based information delivery system. In HiMSECT the channels-tree 
can be viewed as a multi-level structure, which is composed of the master channel, 
and the slavery ones. Precisely to say, the master channel is just only one channel, 
which is in charge of receiving data from the source(s) in push mode, while the sec-
ond slavery channels can been divided into an even smaller master-slavery-channel 
cell, which is used as both a “master” and “slavery” channel for the communication 
between its preceding and subsequence channels. Naturally, the last channel should 
directly connect to the client objects (consumers). The motivation of the HiMSECT 
framework contributed to the following benefits: 

(1) The availability and the reliability of the system can thus be improved via the 
hierarchical structure, thus workloads can be distributed fairly among channels; 

(2) The HiMSECT structure achieved a fan-out effect which overcomes the limita-
tion of the number of socket connection for each sender. 

(3) The hierarchical multiple channels-tree framework provides a valid mechanism 
that support fault tolerance by the failure detection, replication, recovery mechanism. 

Formally, a CORBA Event Service is 4-tuple system: ESbasic={S, Ch, C, M},where 

S represents Supplier Objects, Ch is the Channel object contact suppliers with con-
sumers, C represents Consumer Objects, and MComm represents the communication 

mode, which consists of 3 kinds of style, that is: 
MComm={Push, Pull, Push-Pull} 

Thus our extended framework can be viewed as the ESextended expression: 

ESextended={ S , Ws , Chi , Wc , C, M} 

where S, C, M have the same meanings as above, but Ws, and Wc represent the 
wrapper object of S, and C respectively, the most important element Chi, stands the 
MSECT Event Channels Tree, where  

Chi={ Chmaster , ChSlavery1 , ChSlavery2 ,…, ChSlaveryn} 
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The HiMSECT in push mode is a DAG, where the root node is the master channel 
Chmaster, and the subnodes are the slavery channels. Either in ESbasic or ESextended 

Modal, the original service characters are kept both in the above two descriptions. 4 
kinds of the communication interaction can be founded as described in CORBA 
Event Service Specification, that is Push-style, Pull-style, Mixed style, and Multiple 
Consumers and Multiple Suppliers interaction [1,2]. 

Theoretically, the HiMSECT framework can doubtless improve the whole system’s 
performance, however, this will be done at the cost of lengthening the propagation 
delay from the data source to the destinations, then the whole performance will be 
sacrificed as a result in order to trade for scalability in terms of number of clients 
supported. Supposing C represents the cost of creating a channel, M stands for the 
communication cost between channels, in a n+1 level channels, if each level has m 
layer parallel channels, thus the total cost Ctotal can be estimated by the following the 

expression ( Mij and Cij  represent the ith level,  jth degree M-kind and C-kind cost): 
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where (.)rf  is the Reliability Decision Function decided by ( ijij CM +  ), where 

)1,( 0rf r ∈ with 0<r0<1, thus also 0<R0<1. Considering the real condition, we 

should obey the rules that we not only gain more reliability and availability, but con-
strain the cost in a reasonable and acceptable level, so the layer of the HiMSECT 
must be constrained in a proper level. For max Rtotal and Min Ctotal , we just keep a 2 

level channels: the master/slavery channel（N0=2）. 

3   The 2-Phase Mixed Load Balancing Algorithm 

In HiMSECT, static and dynamic load balancing are both used to improve the re-
sponse time in defferent stage during run time periods, which is called the 2-Phase 
Mixed Load Balancing Algorithm(2PMLDAlgorithm). Comparing with [6], we com-
bine the static and dynamic load balancing mechanism together to gain much better 
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performance. At the first phase, when the system initialed, a basic number of chan-
nels created for the coming request on demand, and static load balancing algorithm is 
used for balancing the channel workload, then with time going, a proper number of 
channels should be created, to gain real efficiency, the total number of channels must 
keep in a proper level rather than created without upper bound, thus when a proper 
number of channels created, for example no more than TS0, then dynamic load bal-

ancing redistribution strategy is used in the second phase. New request came must 
first check whether there is a lighter channel among the created ones, if there is, lo-
cate the load to the lighter one; else if there is no lighter one and the total channel 
number is up to the upper bound, then put the new request to the blocked circuit list. 
After a period of timepiece, the DAEMON will check whether there is a lighter load 
channel, if there has then select a proper number of blocked request from the blocked 
list. The 2PMLDAlgorithm is described as following. 

Fig. 1. The 2PMLDAlgorithm for Load Balancing 

Input: Subscribe Message Msg with Source info; 
Output: IOR of the selected Channel to load the workload; 
Status 2PMLDAlgorithm (MsgType Msg, String &IOR) 
{  Submit Msg to MasterServer (Msg); 

    for all created channels, calculate avgload ∑
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IOR=GetCurrentChannelIOR ();  
return S_LOCATE_OK;  
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{   Create a new channel for SubMsg by using interface “EventChannelFactory”; 

IOR=GetNewCreatedIOR ();   
Cch =Cch +1; 
return S_CREATE_OK;  

} 

else if(
00 DS LLL << ) // Adaptive Load Sharing  for re-distribution 

{    put Msg into Waiting Queue WaitQ(Msg); 

for each channel whose 
0Si LL > , share loads among all channels: 

IOR=GetSharedChannelIOR (); 

until 
2
0

2

1

2 )(1 σ<−= ∑
=

LL
n

S
n

i
i ; 

get message from WaitQ, and share the load to corresponding channel. 
return S_SHARE_OK;  

} 
return S_UKNOWN_ERROR; 

} 
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In the above description, 
00 DS LLL << means the average is between the static 

and dynamic threshold 
00

, DS LL  respectively, while Cch0 stands for the threshold of 

channel count. The above 2PMLDAlgorithm showed how to locate the new coming 
request, in fact, the goal of load balancing is to make the current processor work well 
in a properly fair manner, theoretically, the goal of the load balancing to make the 

Variance S2 of Li as minimum as possible, here L is the expectation of Li. Thus the 

redistribution can obey the above rules to share the workload among different chan-
nels which are already created, with time elapsed the whole load will re-distribute as 
fairly as possible to each channel, so that the system will work well in a reasonable 
and acceptable workload level. 

4   The Node-Compliant Fault Tolerance Strategy 

An important advantage of HiMSECT is that even if one of the subordinate channels 
fails, there is a good chance the remaining subordinate channels are still functional. 
However, the consumer(receiver) that connects to the failed channel will be affected. 
It is necessary to migrate the affected objects to other functional channels so that they 
can continue to receive data. During the migration the application logic should not be 
broken, and the interruption of the data service should be minimized in a proper level, 
this is so-called Fault Tolerance, which is usually based on a timeout mechanism to 
perform failure detection, node replication and recovery. As the heterogeneity of the 
hardware or software, setting the same ping cycle for the whole system as described 
in [6] is not a proper approach, an important reason is that not all tasks have the same 
request cycle or critical level. So we first classified the tasks into proper critical lev-
els, then setting various ping cycle for each level of task. The Node-Adapted Fault 
Tolerance Strategy can be described as Table 1: 

Table 1. The Node-Compliant Fault Tolerance Strategy 

The Node-Compliant Fault Tolerance Strategy 
Step1: For each channel, sending a specified ping message(with different timer cycle) to detect 

whether the channel works, if there’s no response, the channel maybe collapsed; 
Step2: If the channel failed, then the Daemon find the IOR of the collapsed channel, and accord-

ing to the 2PMLDAlgorithm migrate the current load to a functional channel to continue 
data dissertation; 

Step3: Try to recover the collapsed channel, if succeed and then put proper load to the recovered 
channel dynamically; 

Step4: During the running period, if the master Event channel failed, then the daemon process 
should recover the master channel in the highest priority, for the master channels as the 
most important server for all other slavery channels. 

 
The daemon in HiMSECT is a global self-governed process controlled by the sys-

tem, but not by the master event channel. So either the slavery channel or the master 
channel failed, the daemon can monitor it and recover it timely. 
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5   Performance Evaluation 

A light prototype of HiMSCET has been implemented using Microsoft Visual C++ 
6.0 and VisiBroker for C++ to test the 2PMLDAlgorithm. 6 different requests various 
from 10 to 75 are used to evaluate the load balancing time, for each specific request 5 
groups of experiment results are recorded. Where we just used master/slavery, the 
parallel channel is 4, that is in (*),N0=2,M0=4. The hardware and software environ-

ment: Pentium®III 733MHz-128M LEGEND PC. Table 3 gives the time elapsed for 
load balancing in which the average time are all lower than those in [6]). 

Table 2. Time Elapsed for Load Balancing in Various Request Environment 

ClientRequestNumber 10 25 40 45 60 75 
Group 1 765 1012 1302 1648 2276 2708 
Group 2 804 1197 1348 1599 2127 2892 
Group 3 828 1134 1409 1607 2323 2787 
Group 4 831 1203 1482 1578 2296 2809 
Group 5 798 1265 1335 1694 2292 2845 

AVG 805 1162 1375 1625 2262 2808 

6   Conclusion 

In this paper, we contributed to the adaptive load balancing algorithm for optimal 
workload distribution and node-compliant fault tolerance mechanism for failure de-
tection, node recovery for the event-driven communication. In which the adaptive 
two phase load balancing mechanism that considering static and dynamic load distri-
bution together worked well in smart mode to adapt to various client nodes which 
optimize the system resources in a reasonable level. And the node-compliant toler-
ance strategy is efficient for the adoption of an adaptive heartbeat (ping). Large 
amount of simulations showed that the proposed algorithms is reliable and available. 
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Abstract. Feature selection is a key issue in the advanced application fields 
like data mining, multi-dimensional statistical analysis, multimedia index and 
document classification. It is a novel method to exploit fractal dimension to re-
duce dimension of feature spaces. The most famous one is the fractal dimension 
based feature selection algorithm FDR proposed by Traina Jr et al. This paper 
proposes an optimized algorithm, OptFDR, which scans the dataset only once 
and avoids the efficiency problems of multiple scanning large dataset in the al-
gorithm FDR. The performance experiments are made for evaluating OptFDR 
algorithm using real-world image feature dataset and synthetic dataset with 
fractal characteristics. The experimental results show that OptFDR algorithm 
outperforms FDR algorithm.  

1   Introduction 

Feature selection means to select a subset of m features from a dataset of N features 
(m<N), where the m features can also discriminate each data object in the dataset as 
the N features do. Feature selection is a key issue in the advanced application fields 
such as data mining, multi-dimensional statistical analysis, multimedia index and 
document classification. In these applications, usually large datasets are involved, 
which comprise large number of attributes (features) and records. In practice, these 
features are not independent but related each other [1]. By feature selection, the ir-
relevant features to classification attributes in supervised learning or redundancy 
features are reduced so that the effectiveness of analysis tasks can be increased and 
the accuracy of prediction can be improved [2,3]. There are many feature selection 
algorithms using many kinds of techniques [3,4,5]. Traina Jr et al [6] proposed a 
method, FDR, to use fractal dimension for feature selection to support on-line proc-
essing. Moreover, the method doesn't need to do feature transformation or rotation so 
that the resulting features are easy to understand. The method is good at to estimate 
the number of features to be kept in the dataset. But the algorithm has the efficiency 
shortcoming since it needs scanning dataset in multiple times. In this paper, we de-
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signed a new optimized algorithm, OptFDR, in which a fractal tree is used to comput-
ing fractal dimension and the fractal dimension after reducing a feature can be com-
puted just through adjusting the fractal tree. Therefore, the OptFDR algorithm only 
needs to scan the dataset once to determine which features are to be reduced. The 
experimental results show that OptFDR algorithm outperforms FDR. 

The paper is organized as follows. Section 2 introduces the basic concepts of frac-
tal and fractal dimension. Section 3 discusses the method of fractal dimension compu-
tation and feature selection. Section 4 presents the optimized feature selection algo-
rithm OptFDR. Section 5 gives performance comparisons between the new algorithm 
OptFDR and the old algorithm FDR. Finally, section 6 concludes the paper.  

2   Fractal and Fractal Dimension 

If a dataset has self-similarity in all observation metrics, that is, the partial distribution 
of the dataset has the similar structure or features as its whole distribution, then the 
dataset is said as fractal [6]. Next, we give the concepts related with dataset dimen-
sionality. 

The dimensionality of the Euclid space where the data points of a dataset exist is 
called as the embedding dimension of the dataset, that is, the number of the features 
of the dataset. The dimension of a real space object is less than that of its Euclid 
space. For example, a line whether in a 2-dimensional space or in a 3-dimensional 
space is actually 1-dimensional. The actual dimensionality of the space objects that a 
dataset represents is called as the Intrinsic Dimension of the dataset; no matter what 
space dimensionality it exists. Suppose a dataset has the embedding dimension E, and 
the intrinsic dimension ID, then ID ≤ E.  The fractal dimension of a dataset represents 
the native property of the dataset. For a dataset d with embedding dimension E, we 
embed d into an E-dimension grid in which each cell has the side length r,  r∈(r1, r2),  

and (r1, r2) is the varying range of the side length measure with the fractal property of 

the dataset. Thus, the number of the data points that falls in the ith cell, denoted as Ci 

can be calculated. The fractal dimension Dq of the dataset is defined by formula 1. 
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= ∑                                (1) 

In formula 1, when q=2, D2 is called as correlation fractal dimension, which de-

scribes the probability of that two randomly selected data points fall within a range. 
The change of D2 means the change of the distribution of data points in the dataset. In 

the following sections, we use the correlation fractal dimension as the measure of the 
dataset intrinsic dimension. 

3   Fractal Dimension Calculation and Feature Selection 

A correlation fractal dimension can be estimated by using Box-counting dimension. 
The calculation method is presented in [6]. In that method, a fractal tree is to be built 
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to record the number of data points that falls into each cell, with respect to different 
cell side length level r. The tree node of each cell contains two parts of information: 
the number of data points fallen in, denoted as C, and the pointer to the nodes of the 
sub-cells in the next dividing level. Except for the root node, each node contains the 
information of 2E cells. Normally, a node contains many cells with C equal to 0, so a 
list can be used to implement each node such that only the cell that contains data 
points are recorded in the node. By this way, two pieces of information are added in 
each cell: the internal number I (the cell number within a node), and pointer PN to the 
next cells within the same node (see Fig.1). In Fig.1, the root pointer Root points to 
the level corresponding to r=1/2, the second level corresponds to r=1/4, and et al.  

 

Fig. 1. A 2-dimensional fractal tree. 

The computation of the fractal dimension of a dataset only needs to scan dataset 
once. Based on the algorithm, Traina Jr et al [6] proposed a backward feature reduc-
tion algorithm FDR. The bottleneck of the performance of FDR is to call the algo-
rithm of computing fractal dimension repeatedly to compute the partial fractal di-
mension(pfd) of the different combinations of the candidate features. So, we optimize 
the algorithm as follow. 

4   Optimized Fractal Feature Selection 

In FDR algorithm, to reduce a feature from E features, E times scanning on the data-
set is needed; then (K*(2E-K+1))/2 times scanning is needed in order to reduce 
K(K<E) features. For a large dataset with large number of features to be reduced, the 
I/O overhead will be heavy. Let E represent the number of features of a dataset, and 
Let T(E) represent the fractal tree with E features. We found that the scanning on the 
dataset is not necessary to build the fractal tree T(E-1) after a feature is reduced from 
the fractal tree T(E). It just need to adjust the fractal tree T(E) by using a simple algo-
rithm. 

(1) Adjusting Fractal Tree 
Without lose of generality, suppose E features are arranged in a fixed sequence, and 
the two cells gi and gj in a node of T(E) have sequence number giE and gjE, respec-

tively. Let giE and gjE represent in binary mode as follows: giE = (xiE-1, xiE-2 ,…, xii+1, 
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xii, xii-1,…, xi1, xi0)2 , gjE = (xjE-1, xjE-2, …, xji+1, xji, xji-1,…, xj1, xj0)2. Where, xii, xji 

represent the values of the ith dimension and the value is 0 or 1. If the ith dimension 
is reduced from the E dimensional space, it is equivalent to project the E dimensional 
space onto the E-1 dimensional spaces. The cell sequence number after projecting as 
follows: giE-1 = (xiE-1, xiE-2 ,…, xii+1, xii-1,…, xi1, xi0)2, gjE-1 = (xjE-1, xjE-2, …, xji+1, xji-

1,…, xj1, xj0)2. The condition to merge cells giE and gjE after reducing ith dimension is: 

giE-1=gjE-1, and the new sequence number is giE-1 or gjE-1. 

Based on the above discussion, the performance of the fractal feature selection al-
gorithm FDR can be optimized. The main idea is that the computation of partial frac-
tal dimension with n features is unnecessary to scan dataset, but by adjusting the 
fractal tree with n+1 features. The OptFDR algorithm is designed according to this 
idea.  

To adjust the fractal tree, the major problem is how to find the cell pairs to be 
merged in each node of the E dimensional fractal tree. To merge the cells means to 
add their value C as the value C of the new cell, and combine the sub-trees rooted 
with them. Sub-tree combination means to combine the cells with the same sequence 
number (after adjusting) and within the same level, keep or immigrate the cells with 
difference sequence number.  

For example, the adjusting process from Fig.1 to Fig.2 after deleting the 0th

 dimen-
sion is as follows: The cell 3 and 4 in Fig.1 are combined into a cell 3’ with I=0; the 
cell 10 and 11 in Fig.3 are combined into cell 10’ with I=1, then it makes cell 5 and 6 
in Fig.3 be combined into cell 5'; the value I of cell 9 is adjusted to 1; the cell 13 and 
14 are combined into cell 13', and their children are also combined if the sequence 
number is the same after adjustment(i.e. cell 9 and 10’ are combined into 9’, and cell 
3’ and 5’ are combined into 3’’). 

The fractal tree adjustment algorithm, AdjustFTree, can be straightforward de-
signed according to the above discussed. Because of the space limit, it is omitted. 

Fig. 2. 1-Dimensional fractal tree after deleting the 0th Dimension of the tree in Fig. 1. 

(2)  Optimize Fractal Feature Selection 
By calling algorithm AdjustFTree, the fractal tree with E-1 features can be obtained 
from the one with E features. Of course, E-1 features are the sub-set of E features. 
Next, OptFDR, the optimized fractal feature selection algorithm based on algorithm 
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AdjustFTree can be described as algorithm 1. The OptFDR algorithm optimizes the 
computation of pfd when removing a feature. The algorithm is omitted for space limit. 

Since we can calculate the fractal dimension of the E-1 dimension dataset from the 
derived fractal tree of the E dimension fractal tree, the partial fractal dimension pfd 
can be got without needing to scan dataset as in FDR algorithm. In this approach, no 
matter how big E is, only 3 fractal trees are stored. The space complexity of OptFDR 
is O(3*N*H), while that of FDR is O(N*H), where N is the number of tuples, and H 
is the height of the fractal tree, or the level of data space dividing. So the storage 
increases two times than FDR algorithm. On the aspect of I/O, FDR algorithm needs 
to scan dataset (K*(2E-K+1))/2 times when reducing K(K<E) features, where E is the 
total number of features. However, OptFDR scans dataset only once for reducing 
features. Furthermore, the performance comparisons will be discussed at section 5. 

5   Performance Comparisons and Analysis 

Two typical experiments were made to test the performance of OptFDR algorithm 
and compare it with FDR algorithm. The hardware environment includes Intel Pen-
tium IV 1.0GMHz CPU, 256MB RAM, 20GB hard disk, and the software environ-
ment includes Windows 2000, VC++, and SQL Server. 

The fist experiment is about the relationship between the number of tuples and 
time overhead of the algorithm. Two testing dataset are selected. The first dataset is 
an image feature dataset with 32 Fourier transformation coefficients [7], and 20 fea-
tures are selected to generate the testing dataset. The second dataset is a synthetic 
dataset with 8 features [8]. Among them the features a and b are fractal data, and the 
rest features are the transformation from features a and b.  

 
Fig.3 shows that the response time of two datasets is different very much. The rea-

son is that the data distribution of the fractal dataset has obvious fractal properties. As 
the finer dividing the space, the number of the cell that contains data points doesn't 
increase obviously. Thus, the time overhead doesn't change obviously as the number 
of tuples increases. That shows the advantage of the optimized algorithm. While the 
image-feature data doesn't have obvious fractal properties, the number of the cell 
containing data points also increases obviously as the number of tuples increases. 
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Thus, the time for adjust the fractal tree also increases obviously. But comparing with 
FDR, OptFDR still has good performance.  

Fig. 4 shows the relationship between dimensionality and the time overhead of the 
two algorithms. The testing dataset is the image-feature dataset with 20,000 tuples. 
The processing is to reduce last two dimensions. The response time of OptFDR with 
respect to dimensionality is much lower than that of FDR. It is much better than FDR. 

The experimental results show that the performance of OptFDR outperforms 
FDR’s.  

6   Conclusions and Future Work 

Through calculating the fractal dimension of a dataset, the lower limit of the number 
of the features to be kept can be determined. An optimized fractal dimension based 
feature selection algorithm is proposed, which can complete the feature selection 
process through scanning the dataset once except for preprocessing. 

The fractal dimension based feature selection algorithm is an unsupervised feature 
selection algorithm, that is, it is can be used for the dataset without classification 
information. This approach can give the optimal feature subset under fractal dimen-
sion measure, and the feature ordering according to their importance. 

Through the experimental results show that fractal dimension based feature selec-
tion algorithm can remove redundancy features, and fractal dimension is a good 
measure for feature subset. So, we will combine the fractal dimension of a dataset 
with some efficient feature selection algorithms to get some more efficient algorithms. 
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Abstract. Although many Multi-Join query optimizations algorithms
have been proposed, there is a lack of cyclic multi-join query optimiza-
tion algorithms. In this paper, a graph-based cyclic multi-join query
optimization algorithm-Improved Minimum Result Relation-Minimum
Weight First (Improved-MR-MWF) was proposed. The time complex-
ity is O(mn). This algorithm, considering the influences among the join
operations concerning same relation, chooses the join that the result re-
lation is minimum as the top-priority operation. The minimum weight
join among the top-priority operations was selected. The experimental
results indicated that the cost and the query response time of the new
algorithm were less than that of others.

1 Introduction

Multi-Join is one of the hot topics in query optimizations. Various methods were
proposed to improve join’s efficiency [1–5]. A graph-based method was proposed
by Chiang Lee[1]. In this model, the graph included all possible execution plans.
Each spanning tree of the graph was an execution plan. A Maximum Value
Priority algorithm (MVP) was devised to find a near optimal execution plan. The
time complexity of MVP is O(n2). Another graph model was proposed by Ming-
Syan Chen[2]. The steps of multi-join query optimization were demonstrated and
four heuristic algorithms were proposed. The comparison among four algorithms
indicated that GMC and GMR surpassed the other two algorithms. The time
complexities of GMC and GMRare all O(n2). Although all these methods can
improve the efficiency of the join operations in some extent, some of them didn’t
consider the mutual influence of the join operations concerning same relation
and the influence of the weight of the result relation on the succeeded join. Still,
there is a lack of cyclic multi-join query optimization algorithms. In fact, there
are a lot of multi-join query is cyclic, for example,

Select * from R1,R2,R3 where R1.A=R2.A and R2.B=R3.B and R3.C=R1.C
In order to solve all sorts of multi-join query, we devised a new graph model on

the basis of reference [2] and proposed an Improved Minimum Result Relation-
Minimum Weight First ( Improved-MR-MWF) algorithm to search for a optimal
execution plan.

After researching on the multi-join query optimization, we found that a multi-
join query execution plan must take the following three factors into considera-
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tion: (1) the mutual influence of the join operation, especially the mutual influ-
ence of the join operation concerning the same relation. (2) The join operation
enlarges or reduces the result relation. We took this factor as weight. If the join
enlarges the original relations, the enlargement would be spread to the succeeded
joins. The cost of this execution plan would be expensive. (3) the merge of the
joins with cyclic.

According to the researching, we found that the above algorithms have some
limitations. The MVP algorithm didn’t take the influence of the cardinality of
the result relation into consideration. GMR neglected the weight of the join op-
eration. All of the above algorithms didn’t consider the cyclic join operation. We
proposed graph-based cyclic join-operation model, on the basis of this model,
we proposed an Improved Minimum Result Relation Minimum Weight Algo-
rithm. The rest of the paper is organized as follows: In section 2, the definition
of the graph model was presented, the vertex, the edge, the weight of vertex,
the weights of edge are also defined. In section 3, the algorithm is described. In
section 4, the experiment result is given and the time complexity is analyzed. In
section 5, the conclusion and future work is presented.

2 Definition of Graph Model

In our model, the relationship among the join operations that concerned the
same relation must be embodied. Some relations only take part in one join
operation. The result relation of the join operation can affect only this relation.
The influence cannot spread to other join. Other relations take part in more
than one join. The result relation of the joins can affect the succeeded join. We
must know the number of the join that a relation takes part in. We improved
the graph model in [2]. Each vertex has a weight—degree. The degree of the
vertex denotes the number of the join that the relation takes part in. edges
denote joins. We must know about the cardinality of the result relation and the
influence factor of the join. In addition, we must know the join attributes of each
join operation. We set a weight group w(w1,w2,w3,w4,w5,w6), where w1 is Join
Selectivity Factor(JSF). The definition of JSF refer to reference [1]:

JSFi =
|RpJOINiRq|
|Rp| ∗ |Rq| (1)

Where |X | means the cardinality of relation X
w2 :the cardinality of the result relation of Rp join Rq.
w3 :is the influence of Rp join Rq on Rp, after Rp JOINi Rq, all join operation

that Rp takes part in would replace Rp with the result relation of Rp JOINi Rq,
Rp JOINi Rq would affect the other join that Rp takes part in. the influence
factor is as follows:

w3 =
|RpJOINiRq|

|Rp| =
|RpJOINiRq| ∗ |Rq|

|Rp| ∗ |Rq| = w1 ∗ |Rq| (2)

w4 is the influence on Rq of Rp join Rq., For the same reason, w4 = w1∗ |Rp|
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There are two relations to take part in the join operation. We must consider
the overall influence on the two relations.

w5 is the overall influence on the two relations. w5 = w3 ∗ w4
w6 is the set of attribute of the join operation.
The definition of the Graph:

Definition 1. Multi-Join Query Graph G(V,E) is a weighted graph, where, the
set of the vertices is G(V ) = {R1, R2, · · · · ··, Rm}, which is the set of the rela-
tions that take part in the joins, each vertex has a weight-degree, which means
the number of the join that the relation takes part in. The set of the edges is
G(E) = {join1, join2, · · · · ··, joinn}, which is the set of joins. Where joini =
RpjoiniRq,Rp ,Rq∈G(V),each edge—joini has a weight set:{w1,w2,w3,w4,w5,w6}

joini.w1=JSFi,means the Join Selectivity Factor joini.w2 = joini.w1∗|Rp|∗
|Rq| the cardinality of the result relations.

joini.w3 = joini.w1 ∗ |Rq| the influence on the relation Rp of the join
joini.w4 = joini.w1 ∗ |Rp| the influence on the relation Rq of the join
joini.w5 = joini.w1 ∗ joini.w2 the overall influence on the two join relations
w6 the set of attribute of the join operation.
Where |X |means the cardinality of relation X

3 Graph-Based Multi-join Query Optimization Algorithm

3.1 The Algorithms

In algorithm Improved-MR-MWF, we must get the best join of each relation.
Firstly, we give algorithm BEST-JOIN to get the best join associated with each
relation. Then we give the Improved-MR-MWF algorithm. The algorithms are
as follows:

// get the minimum result relation join of the multi-joins that relation R
take part in

Algorithm best-join(R)

1. join= ε //join means a join operation
size=∞ //size means the size of the result relation

2. for all R JNi R’∈E do
if JNi.w2<size then join=JNi : size= JNi.w2
end for

3. return join
4. end best-join

//Improved Minimum Result Relation Minimum Weight First Algorithm
Algorithm Improved-MR-MWF()

INPUT:A multi-join operation query graph G(V,E)
OUTPUT: a optimal multi-join execution plan L Symbols:
k: the maximum suffix of the relation in G(V), initial k=m
L: execution plan sequence, initial is empty.
//to get the best join of all relations whose degree is >1



748 Hong Yu, Xiu-Kun Wang, and Jian-Ying Zhang

1. for all Ri∈ G(V) do
if Ri.degree>1 then Ri.join= best-join(Ri)

End for
2. w=∞ // w means the weight of the best join

join= ε //variant join means the best join
//to get the minimum weight join of the best join
for all Ri∈G(V) do if Ri.degree¿1 then

if Ri.join.w5<w then w= Ri.join.w5 :join= Ri.join
end if

end for
3. if join=ε then goto(8)
4. do the join operation that the variant join represents, Rp joini Rq∈G(E),

where Rp ,Rq∈G(V).
5. for all Ri∈G(V)

if (Ri,Rp) ∈G(E)and (Ri,Rq) ∈G(E) then
if(Ri,Rp).w6�=(Ri,Rq).w6 then
(Ri,Rp).w6=(Ri,Rp).w6∪(Ri,Rq).w6
(Ri,Rp).w1=(Ri,Rp).w1*(Ri,Rq).w1:G(E)= G(E)-( Ri,Rq)
End if

End if
End for

6. //to get the result relation Rk of the join operation
k=k+1: Rk = RpjoiniRq : G(V ) = G(V ) ∪ {Rk}
|Rk| = joini.w2 : Rk.degree = Rp.degree + Rq.degree − 2
//replace Rp and Rq with Rk in new G.
For all RajoinjR

′ ∈ G(E)(Ra = RporRq)
G(E) = G(E) ∪ RkjoinjR

′

If |Rk| <> |Ra| then
joinj.w2 = joinj .w1 ∗ |R′| ∗ |Rk|
joinj .w3= joinj .w1 ∗ |R′|
joinj.w4 = joinj .w1 ∗ |Rk|
joinj .w2= joinj .w3* joinj .w4

end if
G(E) = G(E) − {RajoinjR

′}
End for
//delete the finished join and the relative relations
G(E) = G(E) − {joini} :G(V ) = G(V ) − {Rp, Rq}:L = L ∪ {joini}

7. for Rk and relative relations run best-join,goto(2)
8. output L, Stop

3.2 Time Complexity

The time complexity of Improved MR-MWF is analyzed in the following:
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STEP 1. for each relation to run algorithm best-join(),time complexity is O(m2),
where m is the number of the vertices of graph G.

STEP 2. to make sure the minimum weight join, in the worst case, the time
complexity is O(m)

STEP 3. takes a constant time c
STEP 4. takes a constant time c
STEP 5. to merge the repetition edge, the time complexity is O(m)
STEP 6. to modify the graph G, in the worst case, the time complexity is O(m)
STEP 7. in the worst case, the time complexity is O(m)

The time complexity of step 2 to step 7: O(m)+c+c+ O(m) + O(m) +
O(m)=O(m)

There are n repetitions from step 2 to step 7, the time complexity is O(mn),
where n is the number of edges in graph G.

The time complexity of the algorithms is O(m2) + O(mn), for m − 1 ≤ n <
m2/2, the time complexity of the algorithm is O(mn)

4 Experiment Result Analysis

The algorithm was used in a flood-protected system. The experiment environ-
ment is SUN workstation. We select 15 queries randomly. Some of them are cyclic
join and the others aren’t cyclic join. We compare the query cost and the query
response time with other algorithms the result are showed in Fig. 1 and Fig. 2

Fig. 1. The comparison of the query cost

Fig. 2. The comparison of the response time
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respectively. From the result, we can see that the cost of Improved-MR-MWF
algorithm is lower than other algorithms and the response time is less than other
algorithms as a whole. We can conclude that the Improved-MR-MWF algorithm
is better.

5 Conclusion and Future Work

After we analyzed several past multi-join query optimization algorithms, we
found that each algorithm has its own limitation. a algorithm with time com-
plexity of O(mn) was proposed, the experiment result indicated that the cost of
the query is lower than other algorithms and the response time of this algorithm
is less than other algorithm.

The algorithm is applicable for single processor. If there are multiple proces-
sors, the algorithm must be further improvement. The next work is to research
the improved algorithm in multiple processors and the processor allocation al-
gorithm.
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