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Preface

The rapid growth of the Internet and related services is changing the way we
work, act, and even think in a manner that far exceeds the prediction set by field
experts not long ago. It is now common belief that the Internet and its various
applications covering both hardware appliances and software products will play
an increasingly important role in everybody’s daily lives. It is also our strong
belief that the importance of the collaborative research and development efforts
focusing on the Internet among academia, industry, and regulating government
bodies cannot be overemphasized.

It is our great pleasure to hold the First International Workshop on Ad-
vanced Internet Services and Applications (AISA) 2002. The workshop is aimed
to provide an international forum to share new ideas and research results in the
area of the list of workshop topics. Under the main theme “Advances in Inter-
net Services and Applications”, the workshop topics include QoS architecture,
reliability, security, web acceleration, reverse/proxy caching schemes, content
delivery network, distributed/fault-tolerant architecture, storage/backup solu-
tions, media and streaming server, switching technology, and home networking.
We have solicited papers on these topics and attracted paper submissions from
technically renowned organizations.

After an anonymous peer-review procedure, 28 papers that met the work-
shop scope and standard were finally selected for presentation from among more
than 70 submitted papers. The high-quality of the AISA 2002 program would
not have been possible without the dedicated cooperation of the organizing and
program committees, and all the other field experts who served as reviewers.
Our special thanks go to Keumchan Whang who performed a remarkable job
as the Program Chair. We would also like to acknowledge the sponsorship of
the Ministry of Commerce, Industry, and Energy (MOCIE) of Korea. The MO-
CIE has also been providing funding for the Development of High-Performance
Scalable Web Servers as one of its primary government R&D projects, and we
believe the technical excellence of the project and the financial support helped
to raise the quality of this workshop to an even higher level. Leading companies,
research institutes, and universities in the field of Internet technology, that pre-
sented at this workshop are surely the main technical contributors. A total of
12 associated companies, including Samsung Electronics and SsangYong Infor-
mation and Communication, kindly sponsored this workshop. Finally, we wish
to thank the Automation Technology Research Institute of Yonsei University in
Korea for supporting this workshop and sharing its invaluable resources for the
successful realization of this meaningful event.

August 2002 Whie Chang
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A New Survival Architecture
for Network Processors*®

Sungil Bae, Daesik Seo, Gilyoung Kang, and Sungho Kang

Dept. of Electrical and Electronic Engineering, Yonsei University
134 Sinchon-Dong, Seodaemun-Gu,
Seoul 120-749, Korea
shkang@yonsei.ac.kr

Abstract. We propose a new survival architecture that analyzes a net-
work environment and decides the classification of the faults through the
packet flow for network processors. The proposed architecture recognizes
the unusual state in the network when the packet, which is the input of
a network processor, can not be transmitted for a while. The network
processor with the abnormality of the packet transmission detection gen-
erates a test packet so as to report the abnormality and to collect the
information for the analysis of the source and the classification of the
faults. According to this process, the proposed architecture derives the
cause of the fault and the solution. Finally, the stability of the packet
process is increased because the viability of the network processor is
increased.

1 Introduction

A transmission capacity of the network is highly increased due to the sudden
increase in the requirement for the network. In order to transmit a plenty of
data, the researches and the developments of the high speed network devices are
to be accelerated. In recent years, the network processor with a hardware-based
packet processing structure is proposed to process the packets faster. To improve
the performance of the packet process, they use the combination of two or more
network processors [1-9)].

The network processor is designed based on the simple processes of a network
protocol while general processors perform the complex operations. Therefore, the
constituent units of the network processor are relatively simple. And the multi-
ple integration of the fundamental unit improves the packet processing power.
Fig. [[] shows the structure of the conventional network processor composed of
an interface unit, a memory, a packet processing unit, and a core. The network
processor, in general, uses a high performance commercial core instead of ASIC
(application specific integrated circuits), which is specified in the network appli-
cations.

* This work was supported by Ministry of Commerce, Industry and Energy, Republic
of Korea.

W. Chang (Ed.): AISA 2002, LNCS 2402, pp. 1-0] 2002.
© Springer-Verlag Berlin Heidelberg 2002
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Fig. 1. Block diagram of the conventional network processor

In the typical design, the focus of the network processor design is the packet
processing speed. However this increases the fault factors. In the weakness of the
network processor, the faults inside the network processor is detectable using
BIST and/or the boundary scan schemes [10,11]. But, it is impossible for the
typical network processor to detect the faults caused outside the processor.

An EHW (evolvable hardware) is used to overcome these problems. The
EHW using a biological method has an ability to settle the problems, which is
expected in the practical applications [12-14].

We apply the survivability among the various EHW concepts to the network
processor so as to acquire the solutions of the complex network problems. The
survivability suggests the solution of the problems of the individual network pro-
cessor and among the network processors. The survivability makes the network
processor more flexible than the conventional ones. Thus, the network processor
with the survival architecture performs the correct operations in the unexpected
cases. It adapts the diverse network environments that are unpredictable.

2 Bio Inspired Hardware

An evolvable hardware is based on the idea of combining a reconfigurable hard-
ware device with genetic algorithms to execute reconfiguration autonomously.
The structure of reconfigurable hardware devices can be changed any number
of times by downloading a bit string called configuration bits into the device.
FPGA (field programmable gate array) and PLD (programmable logic devices)
are typical examples of reconfigurable hardware devices.

Lately, the concept of the survival is expanded from a reconfigurable hardware
to various applications, modeled by the biological characteristics. This concept
is called BIH (bio inspired hardware) in this paper. A survival scheme is one of
the expanded survival concepts, inspired from the group life of the living things,
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Fig. 2. The concept of the instinct for survival

and it is the same concept of the biological field. The survival scheme as shown
in Fig. 2 is the behavior to survive in sudden environmental change similar to
a creature that has an instinct for survival [15-18].

While the conventional architecture has the mechanical operations, the sur-
vival architecture analyzes the operating surroundings and derives the optimal
solution. The general design scheme optimizes the operations for the expected
tasks and failures. However, in an unexpected case, it can not derive the solution,
and is replaced by a new design.

In order to solve the problem of the unexpected case, many researches have
focused the survival. As the survival is one of the basic features of the crea-
tures, the living organisms maintain their existences in their living environments.
When the survival is applied to the hardware, the hardware supports the solution
for the faults induced in the various operating environments. The components
of survival for the hardware are assorted as follows. First of all, the recogni-
tion ability for current or changed environments is required. Namely, when the
working hardware shows abnormal operations, the hardware must recognize the
abnormality and prevent the spread of the damage. Secondly, the analysis on
the recognized problem is required. The hardware decides whether the occurred
problem is intrinsic or extrinsic, and should know the problem in detail. Thirdly,
the hardware has to find the solution to the analyzed problem. If the problem is
an internal one, then the hardware tests its components and collects the recov-
ery information. If the hardware can not repair itself, then it reports the fault
to the outside and requests an aid. Especially, in the co-operating system with
several hardwares, the survival scheme protects the system operation. Since the
third concept is the most difficult for hardware, a new algorithm, like a genetic
algorithm, is applied [19].
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3 Survival Technique for Network Processors

We applied the survival concept, as stated above to a network processor. The
network processor is a high speed hardware that processes a large quantity of
network packets. In practice, the network device has multiple network proces-
sors, it is necessary to analyze the operating environment for multiple network
Processors.

Therefore, we analyze the faults for the network processor in the environ-
ment of the multiple processors. At first, the network processor has a fault itself.
This fault is caused by the component block failure, the interconnection failure
between these blocks, the test controller failure, and the unpredictable case. But,
many test schemes such as BIST and scan structure, can detect the fault effec-
tively. Secondly, when the multiple network processors are used in the network
system, many new problems may possibly arise. These problems are generated
from the relationship with a neighborhood processor. But, the detection of these
faults is very difficult. Because the network processor consists of simple units,
there is no effective method that tests the relationship among the network pro-
cessors. It is the only method to detect the new faults that we observe the flow
of the incoming packets.

The packets in the normal state are transmitted from the network to the
network device. The master processor of the network device distributes these
packets to individual network processor via job scheduling. If there is no packet
without the process idle signal for a long time, there are some problems between
the master and the network processor, or between the network processors. The
causes of this fault are diagnosed as follows. Firstly, the network processor that
generates the incoming packets has a problem. Secondly, the network processor
did not receive the idle signal from the master processor. In this case, the current
packet processing has ended but the network processor can not detect an end.
And the interconnection of the current processor is open. Thirdly, the main
processor has a problem. At last, there is an unexpected fault (Fig. B).

This paper proposes the new survival architecture for detection and treats
the extrinsic problems mentioned above. The proposed architecture basically
performs the self test when the power is on. If this test fails, then the fault is re-
ported to the outside and the current processor gets disconnected from the whole
packet process. In the case where the power-on test is passed, the processor does
a normal operation. In the normal operation, if the transmitted packet is faulty
or the transmission of the incoming packet does not continue for a while, the
processor intuits that there are some problems. At this time, the network pro-
cessor outputs the test packet, including the processor’s ID (identification), and
analyzes the fault. When the neighborhood processors and the main processor
receive the test packet, they generate the information about the fault. They test
themselves and output the results. When the current network processor receives
the responses of the neighborhood processors and the main processor as the test
results, they decide the characteristic of the fault through the analysis of the
responses.
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When there are no responses, the current network processor may be isolated
from the others (The whole interconnections of the current processor are not
connected), or the output of the current processor may be open.

When there are some responses, we analyze the responses and conclude the
fault type. If there is no response from the previous processor only, it is de-
termined that the previous processor has the problem. If all the neighborhood
network processors have no problems and there is no response from the main
processor, the main processor is in an abnormal state.

When all responses are correct, we estimate that either the previous processor
or the current processor has fault. Therefore, these processors perform the self
test again.

Fig.@shows the flow diagram for the fault detection and the analysis schemes.
Fig.[H shows the program codes for the proposed survival scheme implemented
in C language.

4 Proposed Survival Architecture

Fig. Bl shows that the proposed survival technique is implemented into the hard-
ware with the network processor structure. In Fig. B a survival supervisor is the
main unit to control the management of the fault detection, the fault analysis,
and the fault recovery. The survival supervisor consists of a self test agent, a
self test controller, a packet flow observer, a test packet generator, and a fault
analyzer.

The self test agent is for the component units without the self test module.
Every time the self test is required, this unit tests the component units and
reports the test results to the fault analyzer. The agent has the self test structure
and is composed of a test vector generator, a test response compactor, and a
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Fig. 4. Flow of the fault detecting and analyzing schemes

Start:
Self_Test();  // Self test

Idle:
While ( !Incoming_Packet ) {
if (Idle_Period > Idle_Period_Value) {
Update_Period_Value():
Self_Test():  // Self test for idle mode

}

Normal:
While ( |End_of_Packet ) {
if (Check_Packet_Flow)
Process_Packet():
else
if (No_Packet_Period > Packet_Period_Value) { /I Check an error
Update_Packet_Period._ Value():
goto Test:

goto Idle;

Test:
Soread & Generate_Test Packet(): // Check the extrinsic devices
Collect_Responses():
Analyze_Responses(): // Decide the fault type
if { Extrinsic_Fault ) {
Report_Fauft()
goto Idel;
} else
goto start;

Fig. 5. Proposed survival procedure
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Fig. 6. Block diagram of the proposed network processor

signature analyzer similar to a BIST structure. The test vector generator makes
the bit stream to test each unit. Hence, this unit can generate various lengths of
test vectors.

The self test controller manages the self test units in the component units
and the self test agent. When there is a request for the self test, the controller
gives the command to perform the self test and takes the test results back. The
controller collects the responses and forwards the arranged information to the
fault analyzer. Besides, the controller regularly performs the self test when the
network processor is in the idle mode. In addition to that, the number of times
when the self test in the idle mode is changed according to the request frequency.
The controller has the module to treat both the BIST controller for a BIST and
the tap controller for a boundary scan.

The packet flow observer watches for the packets to come into the network
processor. During the idle mode, the observer is inactive while the observer is
active during the normal mode. In the normal mode, it checks the packet flow
all the time. If there is no incoming packet for a specific period initiated at the
beginning and the incoming packet is faulty, the controller detects an error in the
outside and informs the error to the fault analyzer. The undetectable period of
the packet is updated with a new value each time the abnormal flow is detected.

The test packet generator produces the unique packet including the special
information when the packet flow observer detects the error. The test packet con-
tains the processor’s ID (identification) and the error information. This packet
is useful for searching the processor with the problem.
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Table 1. Function comparisons

Function The Conventional | The Proposed

Comparisons Network Processor|Network Processor
Self Test E(nable) E
Self Test for Idle Mode D(isable) E
Interconnection Test D E
Networking Test D E
Master Test Request D E
Transfer Test D E

At last, the fault analyzer decides the fault types with various types of test
information. In a specific case, the analyzer orders the network processor to stop
the operation until the recovery signal is transmitted.

5 Performance Estimations

Table [Il shows the comparison of the proposed network processor with the con-
ventional network processor. While the conventional network processor can per-
form only the self test, the proposed architecture can execute various tests, which
are the self tests for idle mode; the interconnection test, the networking test, the
master test request. The Self Tests for Idle Mode are the autonomous self test,
performed when the network processor is in idle mode. The Interconnection Test
knows whether the connectivity between the current processor and the neigh-
borhood processor or the master processor is good or bad. The Networking Test
can check the stability of the distributed packet process. When the Master Test
Request is activated by the slave processor, the master must perform the self test
operation. The Transfer Test can test the mis-transfer occurred by an irregular
processing between the network processors.

Moreover, the proposed design can assort the faults in detail. As a result, the
proposed architecture can not only prevent the processor-level failure, but also
the system-level failure.

6 Conclusions

The network system using the typical network processor, which is able to do only
the self test, can not forecast the system failure. But, the proposed architecture
with the survival scheme can check the network and the neighborhood processors’
stabilities. The survival architecture guarantees the stability of the distributed
system and improves the accuracy of the packet process. Despite its additional
survival ability, the proposed design does not affect the original structure of
the network processor. Furthermore, the new survival architecture of a network
processor can repair damaged packets and rehabilitates itself.
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Abstract. With the increased use of electronics and networks comes a
concern about their failure modes. If they fail, we wish they did so in a
benign manner. Hence, a reliability parameter of interest is the expected
time to a disastrous failure, where there is a loss of money, information, or
time. The models and methods for computing this expectation, however,
are still in an early stage. This paper presents new material that permits
examining more complex and realistic models.

1 Introduction

If a large number of components operate for a long period of time, then there
will almost certainly be failures. It is then important that the system fail in a
safe manner. The meaning of safe depends on the circumstances. If it is a traffic
control system, then safe means rerouting traffic or bringing traffic to a safe stop.
For the internet it can mean rerouting the flow of data, not losing any data, or
having a short downtime. For all such systems, a relevant parameter is the mean
(or expected) time to an unsafe failure—mttuf.

This topic is new with a previous publication being [1] which considers just
Markov models. This paper differs in four respects from [1]. It takes a simpler
approach to computing Markov models. It includes the repair process in the
computation. It uses a symbol manipulation program (The MATLAB Symbolic
Math Toolbox) that permits handling larger and more realistic models. It derives
a formula for mttuf from the single cycle parameters and applies this formula to
a semi-Markov model.

One feature of mttuf computations is that the results are opposite of what we
expect, even for the simple Markov models. Increasing redundancy decreases the
mttuf. Increasing the component failure rate increases the mttuf. These issues
still remain to be resolved. Perhaps continued investigation using even more
realistic models will solve these problems. At the moment, we can only observe
the strange behavior of systems with respect to mttuf.

Section two presents the method for computing the mttuf for Markov models.
Section three derives the formula for mttuf in terms of single cycle parameters.
Section four considers a semi-Markov model.

W. Chang (Ed.): AISA 2002, LNCS 2402, pp. 11 2002.
© Springer-Verlag Berlin Heidelberg 2002



12 Allan L. White

2 Markov Models

Mean time to unsafe failure for Markov models can be handled by the Laplace
transform. Suppose f(t) is the density function for the time to unsafe failure.
The Laplace transform derivations are

LU@%:ANe”WQMt

d(LE.lf:S(t)D — /OOO _te—stf(t)dt (1)

i XD [ gy
0

s—0 dS

Hence, the limit of the derivative of the Laplace transform equals the negative
of the first moment. The Laplace transform can be obtained from the Chapman-
Kolmogorov differential equations. Get the transform of each equation, then
solve a set of linear algebraic equations.

2.1 Example: Threeplex with Coverage

A universal concept in reliability is that of coverage—the probability of a good
outcome given a failure. One of the easiest ways to include coverage in a model
is to multiply by a coverage factor (usually denoted by C), but this method has
some limitations which are discussed in the next subsection. Consider a threeplex
where the good outcome is a safe failure upon the failure of a component. The
model, using a coverage factor, is given in Fig.[dl. The component failure rate is
A; the coverage factor is C; the repair rate is €; state 3 is fail safe; and state 4 is
fail unsafe.

3 A0
I 3

35 Ni 23 (1-0)

4

Fig. 1. Threeplex with coverage

The Chapman-Kolmogorov differential equations are

pi(t) = —3Api(t) + eps(t)

Pa(t) = 3ACP1(t) — 2Apa(t)

P5(t) = 2ACp2 — eps(t) (2)
pa(t) = 3A(1 = C)pi(t) +2X(1 = C)pa(t)
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Given the system begins in state 1, the Laplace transforms of the Chapman-
Kolmogorov equations are

8P1 -1 = - 3)\P1 + €P3
SP2 = 3ACP1 — 2>\P2
SP3 = 2/\CP2 — 6P3 (3)

SP4 = 3)\(1 — O)Pl + 2)\(1 — C)Pg
where capital P; is the Laplace transform of p; (t). Solving for sP, yields

<Py — A(2AC?%s — 25 + 2eAC? — €5 — 52 + €C's — 2)e + Cs?)
1T 6A2¢C? — 6)2%2€ — 5Aes — 6125 — HAs2 — es? — 53

(4)

The step above is a point in the derivation where it is easy to solve for the
wrong quantity. We want the Laplace transform of the density function, which
is sP4 , not the transform of the distribution function, which is P, .

Taking the negative of the derivative of sP4 and substituting s=0 gives

) A(2AC? — 2\ — € — C) A(2XeC? — 2Xe)(—6A% — B)e)

1 Pl =-3 3 )
Jimny [P (6)2eC2 —6x2¢) | (672602 — 6)2¢)2 (5)
Suppose the parameter values are failure rate A= le-4/hour repair rate ¢ =

1/(24 hours) = coverage C = 0.9999.
Substitution gives mttuf = 4.1786 e+7.

2.2 Example: Fourplex with Coverage

Suppose we have a threeplex with a design flaw. With probability P g the system
fails whenever a single component fails. The model for a threeplex with a design
flaw is given in Fig. .

3% (1-Pg) 22 (1-Py)
1 »2 » 3

3% py l 2% Py

Fig. 2. Fourplex with Coverage

Fig. 2 is identical to figure with C = 1- P . Hence, using a coverage factor
is equivalent to assuming a design flaw—the design is adequate for recovery
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Fig. 3. Threeplex with Triplicated Monitor

from some, but not all, failures. A general principle is that redundancy does not
overcome design flaws. In fact, redundancy can make matters worse. Consider a
fourplex with a coverage whose model is given in Fig. B

With the same parameters as for the threeplex failure rate A = le-4/hour
repair rate € = 1/(24 hours) = coverage C = 0.9999. The mttuf = 3.6190 247,
which is less than the mttuf for the threeplex.

3 Threeplex and Fourplex with a Monitor

If lack of coverage is due to the failure of a critical number of components instead
of a design flaw, then additional redundancy may increase reliability. Consider
a threeplex with a triplicated monitor as shown in Fig. @l This systems will fail
safe if a majority of the monitors have not failed. The working components have
failure rate A = le-4/hour, and the monitor components have failure rate oo =
le-6/hour. The repair rate is ¢ =1/(24 hours).

3 — b(l : PK

Fig. 4. Threeplex with Triplicated Monitor

For the threeplex with a triplicated monitor, mttuf = 2.7150 e+7 Consider
a fourplex with a triplicated monitor as shown in Fig.
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Euli :’mal lqi /
43 3L

4 —p 5——P6
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7 L gl > >

Fig. 5. Fourplex with Triplicated Monitor

Fig. 6. Fourplex with Quintuple Monitor

For this system the mttuf = 2.3376 e+7, which is less than the threeplex
with a monitor (2.7150 e+7)

A conjecture is that adding a component to the working group makes it more
likely that the monitor will fail before the working group fails. Since the system
fails unsafe if the monitor fails before the working group, the attempt to increase
reliability by more redundancy yields a smaller mttuf. To test this conjecture,
consider a working fourplex with a quintuple monitor, depicted in Fig.

The fourplex with quintuple monitor has mttuf = 3.8707 e+8, which is an
increase in mttuf compared to the previous systems.

3.1 A Failure Rate Example

It’s possible for some computations to appear contradictory. For instance, it
seems reasonable that increasing the failure rate will decrease the mttuf. The
threeplex with A = 1 e-2/hour, however, has mttuf = 3.3904 e+9. (Compared
to a mttuf = 4.1786 e+7 for A = 1 e-4/hour.) The conjecture for this example
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is the same as the conjecture above—to get a large mttuf it is better for the
working components to fail before the monitor fails.

4 Mean Time to Unsafe Failure
in Terms of Single Cycle Parameters

Computing the mttuf for Markov models is straightforward, although possibly
tedious. Computing the mttuf for semi-Markov and globally time dependent
models can be analytically hard. One method of reducing the burden is to break
the computation into two parts. The first part considers the model without the
repair transitions, which we will call the single cycle model. For instance, the
single cycle model for a threeplex with coverage is given in Fig. [7l

Fig. 7. Single Cycle Model of a Threeplex with Coverage

The presence of several absorbing states in the model above implies that their
mean times must be conditioned. Strictly speaking, the mean time to state 3 is
infinite since the system can go to state 4 and never arrive in state 3. Hence, we
need the mean arrival time for state 3 given the system goes to state 3. Similarly
for state 4.

The conditional mean can be handled by Laplace transforms for Markov
models (and other models for which the Laplace can be computed). Suppose
g(t) is a density function for an event. It can be defective (its integral is less
than one). Its Laplace transform is

Mﬂw%=Ame”@@Mt (6)

The probability of the event is

| attyar = tim 2lg(o) (7)

Hence, the conditional mean is given by
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4.1 Derivation of the Single Cycle Formula for mttuf

For the first part of the computation, the probabilities and conditional mean
times for safe failure and unsafe failure are computed. The second part uses
the mean time for repair and the formula derived below to compute the mean-
time-to-unsafe-failure. The derivation of the formula uses an intermediate result
about summing a series.

i(n —1Da" ! = i na" =a i[a”]’
n=1 n=1 n=1

Since a power series can be differentiated term by term,

/

:a@an]/:a{_ulia} - )

For a single cycle let the probability of fail safe be Pg , the conditional mean
time to fail safe be Mg , the conditional mean time to fail unsafe be My , and
the mean time for repair be Mg . The mean time to unsafe failure is

o0
Z [(n —1)Ms + (n — 1)Mp + My|PS™ (1 — Ps)
n=1

Ps

= (Ms+ Mg) [(I—Ps)

] + My (10)

In the infinite series, the term in brackets is the mean time to unsafe failure
given (n-1) safe failures followed by (n-1) repairs. This is multiplied by the prob-
ability of (n-1) safe failures followed by an unsafe failure. The series is summed
using equation (9) above.

4.2 Example

We will recompute the mttuf for the first example using the single cycle formula.
the complete model is given in figure 1. The single cycle model is depicted above
in Fig. [l The Laplace transform equations for the model in Fig.[d. are

8P1 —1= —3>\P1
SP2:3>\CP172)\P2
sP3 = 2ACP;, (11)
sPy = 3)\(1 — C)Pl + 2)\(1 — C)PQ
The Laplace transforms of the (defective) density functions, the negative of
their derivatives, the probabilities, and the conditioned means are
61202

B = o
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3M1-20) N 6X2C(1—C)
(s+3X)  (s+3X)(s+2))
1 1
A3V +2Y) T NG+ 2)\)2}

SP4 =

—[sP3]) = 6)2C? [

~[sPy)' =3X1-C) {(8;3/\)2}

1 1
+6N*0(1 - C) [(s +30)2(s + 2\ * (s 4+ 3\)(s + 2)\)2}

Prob{state3} = lim sP3 = C?
s—0
Prob{stated} = lim sPy = 1 — C?
s—0
BRI 11
5—0 SP3 B 3 2A

S 1) S S P “A S
P= I sh, ~ 1403 14C |32 T 2x

For the model in figure 7, the probability of failing safe is Pg = C2 . The
mean time to repair is Mg = 1/e. Hence, the single cycle formula gives

Ps
MTTUF = (Mg + M —_— M,
UF = (Ms + R)[(IPS):|+ U
(5L (C Y, 11 11
- \6)\ e 1—C? 1+C3x 1+C [3X  2X
2
2
__C _ +3C (13)
e(1-C?)  6A(1-C?)
The simplification of the result for the entire model (formula (5)) yields
A(2AC? —2)\ — € — C) A(2XAeC? — 2X€)(—6A% — BAe)
MTTUF = —

v 3 (6A2eC? — 6 %¢) 3 (6A2eC? — 6)2%¢)?
—6X2(C?—1) | 3Ae(1—-C) N —6X3e(C? — 1)(6X + 5¢)
C6A2e(C2— 1) 6X2¢(C2 — 1) 36A%e2(C2 — 1)

N SRR SR SR
e 20(1+0)  €(1-C?)  6M1-C?)
Cc? 2+3C
- + = (14)

e(1—C?)  6A1-C?)
The two approaches give the same answer (which is reassuring).

5 A Semi-Markov Example

A system consists of a working unit plus a cold spare. When the working unit
fails, with probability C it activates the spare and sends a signal that it has failed.
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Upon receiving the signal, a repair crew is sent to the site where they replace
both the failed unit and the operating spare. If the operating spare fails before
the repair crew arrives, it can fail safe (probability C) or unsafe (probability
1-C). If it fails safe, it sends a signal and traffic is either halted or rerouted. The
model for this system is given in Fig.[8l where f(t) is the failure density function
and h(t) the repair density function.

UF

SF

Fig. 8. Semi-Markov for a System with Coverage,a Cold Spare,and Repair

The single cycle parameters (in unreduced forms that displays the condition-
ing) are

Py — / Tin-H®) = / T h)L - Fo)

P{SF}=C?%p,+Cp, P{UF}=(1-C)+C(1—-C)py

[Zterw [T eermn—H()]
C2p1[ ¢ C + = Cp1

n(SF) =

P{SF}
f°° tCf(t) fooo th(t)[1-F(1)]
sz |: 0 C + D2
+ P{SF}
[ ta-o)f)
(1-0C) {0(1_0)
F =
Ltcrw [T a-0)f@h-H)
0(1 — C)p1 |: C + =0 (1=C)p1
N (15)

P{UF}

The mean time to repair requires some derivation. If the repair crew arrives
before the second component fails, then the repair time is negligible. If the second
component fails safe before the repair crew arrives, then the average repair time
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is the difference of two (conditional) averages: the average arrival time of the
crew given it arrives after the second component fails minus the average failure
time of the second component given it fails safe before the crew arrives. This
difference is

Jo thF®) _ Jy tCfON — H()]

dif fmean = s 16
Hmeen = p=hor On 1o

The overall average repair time is
2ty = P2(0) % pa(dif fmean) )

p2 + Cpy

Suppose component failure is a normal distribution with mean = 0.5 years
and standard deviation = 0.1 years. Suppose repair is normal with mean = 0.02
years and standard deviation = 0.01 years. Then all the above plus the formula
in section three yields mttuf = 5.18 years.

6 Summary

Mean time to unsafe failure is a new topic, but it is applicable in many different
fields. This paper offers both theoretical and computational extensions to the
state of the art. The computation for Markov models has been simplified and
now includes system repair time. A formula for mttuf in terms of single cycle
parameters makes it possible to examine semi-Markov models. Unfortunately,
there was not room in this paper to include a globally time dependent example.
More remains to be done. In particular, the current results are often the opposite
of what we expect. Perhaps some automatic model generation and computation
programs will make it possible to construct and compute more realistic models.
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Abstract. This paper introduces an improved antenna arrays (AA) in
which the reverse-link synchronous transmission technique (RLSTT) is
employed to improve the estimation of covariance matrices at Beam-
former-RAKE. By beamforming, the desired user’s signal is enhanced
and the co-channel interference (CCI) from other directions is reduced.
For in-beam multiple access interference (MAI) reduction, the RLSTT
is used in the first RAKE finger. The RLSTT is a robust approach that
takes into account the fact that the in-beam MALI statistics at the beam-
former may be less valid and lets it be more reliable. Theoretical analysis
demonstrates that an increase in system capacity as a function of the
number of antennas and the number of interferences.

1 Introduction

DS-CDMA systems exhibit a user capacity limit in the sense that there exist a
maximum number of users that can simultaneously communicate over multipath
fading channels for a specified level of performance per user. This limitation is
caused by the co-channel interference (CCI), which includes both multiple access
interference (MAI) between the multiusers and intersymbol interference (ISI)
arising from the existence of different transmission paths.

An approach to increase the system capacity is the use of the spatial pro-
cessing with antenna arrays (AA) at base station (BS)[1]-[3]. Generally, AA
system consists of spatially distributed antennas and beamformer that gener-
ates a weight vector to combine the array output. Several algorithms have been
proposed in the spatial signal processing to design the beamformers. A new
space-time processing framework for adaptive beamforming with antenna ar-
rays in CDMA was proposed [2]. This system uses a code-filtering approach
in each receiving antenna to estimate both the channel vector and the optimum
beamformer weights. For terrestrial mobile systems, the reverse-link synchronous

W. Chang (Ed.): AISA 2002, LNCS 2402, pp. 21-1] 2002.
© Springer-Verlag Berlin Heidelberg 2002
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transmission technique (RLSTT) has been proposed to reduce inter-channel in-
terference over a reverse link [4]. In the RLSTT, the synchronous transmission
in the reverse link can be achieved by controlling the transmission time contin-
uously in each Mobile Station (MS). In a similar manner with the closed loop
power control technique, the BS computes the time difference between the ref-
erence time that is generated in the BS and the arrival time of the dominant
signal from each MS, and then transmits timing control bits, which order MSs
to "advance or delay” their transmission times. The DS-CDMA system consid-
ered uses an orthogonal revere-link spreading sequence and the timing control
algorithm that allows the main paths to be synchronized.

In this study, we propose and analyze an improved AA structure based on
the RLSTT at BS. In this situation, the RLSTT is employed to reduce the
in-beam MAI and improve the estimation of covariance matrices, and thus to
further increase the system capacity. Therefore, the RLSTT is suitable for sig-
nal estimation at beamformer. Theoretical results show the performance of the
proposed RLSTT at AA system.

2 Channel and System Model

We consider modulated BPSK DS-CDMA system over multipath fading chan-

nel. Assuming K active user (k = 1,2,---, K), the low-pass equivalent signal
transmitted by user k is given by
sF (1) = /2P ™) (£)g™®) (t) a(t) cos [wct + ¢(k)} (1)

where a(t) is a pseudonoise(PN) randomization sequence, which is common to
all the channels in a cell to maintain the CDMA orthogonality. g(*) (t) is the
orthogonal channelization sequence and b(*)(t) is the user k’s data waveform. In
(1), Py is the average transmitted power of k-th user, w, is the common carrier
frequency, and ¢*) is the phase angle of the k-th modulator to be uniformly
distributed in [0, 27). The Walsh chip duration T, and the PN chip interval T,
is related to the data bit interval T' through the processing gain N = T/T,. The
complex lowpass impulse response of the vector channel for the k-th user may
be written as [3]

L® 1
(k)

hi(r)= 3 AV

=0

V(e ol — ] 2)

where 6l(k) is the Rayleigh fading strength and phase shift gal(k), and propagation
delay Tl(k). V(Ql(k)) is the k-th user on the l-th path array response vector which
is given by

V(Gl(k)) _ [1 efj27rdcos Ol(m//\ 67j4ﬂ'dcosel(k)/)\ . e*jQ(J\/Ifl)wdcos OZ(k)/)\]T (3)

We assume that all signals from the MS arrive at the BS antenna array

uniformly of the mean angle of arrival(AOA) Hl(k) which is uniformly distributed
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n [0,7). Assuming Rayleigh fading, the probability density function(pdf) of
signal strength of the k-th user on the I-th propagation path,l = 0,1, ---, L(¥) —1,
is given by

(k))?

(k)

(k)y _ 20 ( ! )

p(ﬁl )_ Ql(k) exXp | — Ql(k) (4)

The parameter Ql(k) is the second moment of ﬁl(k) with > £, = 1, and we
1=0

assume it to be related to the second moment of the initial path strength Qék) ,
for exponenetial multipath intensity profile (MIP),by

_Ql(k) = Qék)e’”, for0<I1<L® —1 6>0 (5)

The parameter § reflects the rate at which the decay of average path strength
as a function of path delay occurs. Note that more realistic profile model may
be the exponential MIP.

The receiver is a coherent RAKE with AA, where the number of fingers
L, is a variable less than or equal to L(*) which is the resolvable propagation
paths with the k-th user. Perfect power control is assumed. The finger weights
and phases are assumed to be perfect estimates of the channel parameters. The
complex received signal is given as

K L™
() = VPSS OV (1- 1Y)
k=1 1=0
g® (t B Tl(k)) u (,5 _ T;k)) cos [wct + w{’“)} +n(t) (6)

where 1/Jl(k) is the phase of the I-th path of the k-th carrier. n(¢) is the M x
1 spatially and temporally white Gaussian noise Vector with zero mean and
covariance which is given by

E{n(t)n" (1)} =021

where, I is the M x M identity matrix and o2 is the antenna noise variance with
70/2 and superscript H denotes the Hermitian-transpose operator.

The received signal is matched to the reference user’s code. The l-th multipath
matched filter output for the interest user (k = 1) can be expressed as

Tl( )+T
ﬁ”=ﬁm r(t)}-gM (t = 7 alt - 7)) coslwet + i dt
T

=s®M 41 1 ) (7)

l,mai l,s1 l,ini

Throughout this paper, we assume that the array geometry, which is the param-
eter of the antenna aperture gain, is a uniform linear array(ULA) of M identical
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Fig. 1. Antenna Array Model Geometry

sensors as illustrated in Figure 1. When a reference signal is not available, a
common criterion for optimizing the weight vectors is the maximize the signal-
to-interference plus noise ratio(SINR). In (7), u (1) = Il(ls)Z + Il(lyzmi + Il(lgi is the
total interference plus noise for the I-th path of the interest user. By soiving the

following problem, we can obtain the optimal weights to maximize the SINR.

W(l) R W(l)
(1) — max vy

Uopt) ™ W' ig W(l) Ruuwl(l)

where, Ry, and R, are the second-order correlation matrices of the received sig-
nal subspace and the interference plus noise subspace, respectively. The solution
is corresponded to the largest eigenvalue of the generalized eigenvalue problem

in matrix pair (Ryy,Ryq.). Therefore, we can obtain the maximum SINR when

the weight vector Wl((lgpt) equals the principle eigenvector of the matrix pair,
which is given by
1y _ 1)
Ryy - Wiiope) = Amax - Buw - Wi (8)

From (7) and (8), the corresponding beamformer output for the I-th path of the
interest user is

A0 = WO = S0 4 4 T+ I 0
where
g?fl \/f‘*‘*¥3(1 (1 1)b(1
K L<’“L1
LERENGE SO I
k=2 j=0
{b(k)RW [(k)} + 5 R [()”COS W(k)}
LO_q
i = /P2 Z gttt ot mmay (7] + o R (7]} eos [l

J/ﬂ
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~(1 T nH 1 1 1
i = / W n@) gDt — 7Yt — i) coslwet + ] dt

l,ni
_,_l(l)

with bél) being the information bit to be detected, b(ji is the preceding bit,
H
Tl(jk) = T;k) — Tl(l) and zpl(f) = g[;j(,k) — l(l). Cl(jl’k) = Wl(l) -V (ng)) represents

the spatial correlation between the array response vector of the k-th user at the
j-th multipath and the weight Vector of the interest user at the I-th multipath,

and Wl(l) = [wl(ll) wl(12) wl(]\)/[} is the M x 1 weight vector for the l-th

path of the first user. RW and RW are Walsh-PN continuous partial cross-
correlation functlons defined by RWp1(7) = [ g™ (t — T)a(t — 1) g™V (t)a(t)dt

and RWkl f g®(t —T)a(t —7)g (1)( Ja(t)dt. From (9), we see that the
outputs of the [-th branch, [ =0,1,---, L, — 1, consists of four terms. The first
term represents the desired signal component to be detected. The second term
represents the MAI from the (K — 1) other simultaneous users in the system.
The third term is the self-interference (SI) for the reference user. Finally, the
last term is the Gaussian random variable due to the AWGN process.

3 AA with RLSTT

In our analysis, the evaluation is carried out for the case in which the arrival time
of paths is modeled as asynchronous in every branch (i.e., for multipaths) but
as synchronous in the first branch (i.e., for main paths) exceptionally. We model
the MAI terms of the first branch and the other branches as Gaussian process
with variances equal to the MAI variances for [ = 0 and for [ > 1, respectively.
Here for the sake of simplicity, we assume that the sensor spacing is the half of
the carrier wavelength and the number of the element is four(M = 4). Using the
derived results in [4], the variance of MAI for [ = 0, conditioned on ﬂl(l) and A
is
1

2E,T (2N — 3) K Ls
0'7271,ai,0: : ( — { (1)} Z Z -Q (10)

15N(N—){(1)} k=2 j=1
Similarly, the variance of MAI for [ > 1 is
K L _1
4E,T (N — 1) 1) 2 (k)
Trmai = ﬁ{ﬁz } .29 (11)
15N2 . {O'SJ } k=2 j=0

where E, = PT is the signal energy per bit and {a( )} is the undesired signal

power of the l-th multipath. In [2], if the code length is large and if the total
number of path is large, then the total interference-plus- n01se can be modeled

as a spatially white Gaussian random vector Rfﬁf,z = {a(kl)} I, which will be
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evaluated in appendix. The conditional variance of Uf“ is approximated by [5]

S|
28, T 1) 2 1
R S (12
SN {oi’ll)} j=1
The variance of the AWGN noise term, conditioned on @(1)7 is given as
4Tno 12
: {8} (13)

Uni,l = 4
{1}

Accordingly, the output of the receiver is a Gaussian random process with mean

L,.—1 {ﬂl(l)}Q
Us = \/@ ; {gS}}Z

and the total variance equal to the sum of the variance of all the interference

and noise terms. At the output of the receiver, the received SNR may be written
in compact form as

(2N =3) (K — 1) {q(Ly,0) — 1}
60N (N — 1)

s =

| [0/ o0}
Y ol + S () 10

L,—1 02 .
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30N {ﬂ(()l)}2 / {0570}2 n l; {ﬂl(l)}2 / {03}2
{q(L,,6) — 1} . {ﬁél)}z/{%,o}‘l _|_Ll§1{ 1(1)}2/{03}4
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y O e S )
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Fig. 2. AA w/ RLSTT vs. AA w/o RLSTT(User=72, 6=1.0, L, = L'®) = 2)

Fes! (k) (k)
where ¢ (L,,0) = Y. e® =1—e"19/1 —e9 )" = 2 and o,/ = o, for
1=0

I /= 0. Since we assume that the multiple access interference is Gaussian, the
bit error probability is a function of the SNR. Therefore, the average bit error
probability P, can be evaluated in a similar manner to [4].

4 Numerical Results

In all evaluations, processing gain is assumed to be 128, and the number of paths
and taps in RAKE is assumed to be the same for all users and denoted two. In
addition, the sensor spacing is the half of the carrier wavelength. The perfor-
mance of AA with RLSTT and AA without RLSTT are compared with the
different parameters such as decay factor and the number of antennas. Figures 2
and 3 show uncoded BER performance as a function of Eb/No and the number
of users in the exponential MIP (decay factor=1.0). Note that the exponential
MIP may give a more realistic profile model. The BER curves for K = 72 and the
number of antenna, M = 1, 4 and 8 are plotted in fig. 2 and the BER curves for
Eb/No=20dB are shown in fig.3. Using AA together with the RLSTT enhances
the performance of the demodulated data and thus somewhat removes the er-
ror floor at high SNR. Although the performance gains between two schemes
decrease as the number of antenna increases, AA with RLSTT shows signifi-
cant performance gain when the number of users increases. At a BER of 0.001,
AA without RLSTT supports 48 users, while using RLSTT together with AA
supports 84 users in case of using four antennas. In figs. 4 and 5, the perfor-
mance of AA with RLSTT and AA without RLSTT are compared especially in
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Fig. 3. AA w/ RLSTT vs. AA w/o RLSTT(5=1.0, Eb/No=20[dB], L, = L = 2)
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Eb/No[dB]

Fig.4. AA w/ RLSTT vs. AA w/o RLSTT(User=72, 6=0.2, L, = L'®¥) = 2)

6 = 0.2. In such a case, the performance gain is still kept even if the differences
decrease. This results are based on the point that the RLSTT can offer better
performance than conventional asynchronous transmission, especially for an ex-
ponentially decaying multipath intensity profile (MIP) with a large decay factor
in [4].
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— W/RLSTT
w/o RLSTT

BER

12 24 36 48 60 72 84 96
USER

Fig.5. AA w/ RLSTT vs. AA w/o RLSTT(6=0.2, Eb/No=20[dB], L, = L® = 2)

5 Conclusions

We have demonstrated AA for DS-CDMA together with RLSTT scheme. While
beamforming enhances the desired user signal and suppresses the cochannel in-
terference from other directions, the RLSTT suppresses those whose arrival angle
is the same at the desired user. Thus, the system capacity is enhanced and the
performance for the demodulated data is improved. The results have shown that
the RLSTT has superior performance and/or reduce the complexity of the sys-
tem. We can use fewer numbers of antennas to achieve the performance of more
antennas without RLSTT.
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Appendix:

2
Evaluation of E[{Cl(;f ’m)} ]. From (8), We obtain the optimal Beamformer

weight is given by »
Wi e (R Y ()

Since £ does not affect the SINR, we can set & = 1. If the total undesired
signal vector can be modeled as a spatially white Gaussian random vector, then

2
rRM - {Uikl)} - I. Therefore, we can express the spatial correlation as

wu,l T
clhm) _ v (91 ) V2(9h ) _ CRyy 2)
{oi) {o)
where C’Rl(}]f’m) = Mil ej”icos(el(k))e_jﬂsicos(eiw), s=2d/\

i=0
The second order characterization of the spatial correlation is given by

g{ciEmY) = wifemi )

O
{o}

where
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The mean angle of arrival (‘)l(k) and Q;Lm) have the uniform distribution in [0, )
independently. So,
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Jk /= or 1l /%
M? k=m and l=h

Where Jy () is the zero order Bessel function of the first kind.
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(k)

Evaluation of {a . From (7), the total interference plus noise for the 1-th

path of the k-th user in the matched filter output is given by
( )

l,s1

l,mai l,ni
where
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T

If the undesired signal can be modeled as a spatially white Gaussian noise vector,

2
then the covariance matrix Rgz) ) = {a‘gﬁ)} I. In [4], we can obtain the total

interference plus noise power as follow
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Abstract. Computational Grid has become widespread and lead the
way to high-performance computation using widely dispersed resources.
The computational GRID architecture is very dynamic by nature with
its distributed resources over many organizations, its heterogeneous re-
sources, and pervasive availability with variety of tools. For the best
performance of GRID computing, it is inevitable to find computational
resources not only based on the computational availability but also based
on the communication delay between server and client. In this paper, we
suggest a noble routing protocol for the GRID computing based on com-
munication delay. Our approach shows dramatic decrease on the overall
computation time.

1 Introduction

Computational Grid has become one of dominant issues in recent distributed
computing society. It is very demanding task to design optimal co-allocation of
data, CPU and network resource for specific jobs. One of the major issues for
the efficient design of computational GRID is to locate appropriate resource on
highly heterogeneous and distributed environments. Although there has been a
great deal of study on resource management in GRID architecture, less work has
been done in relation to the communication bottleneck. In this paper, we propose
noble routing architecture to locate adequate resources for the computation on
the Internet scale Inter-GRID distributed environments.

Two major factors affecting the speed of GRID computing are communica-
tion latency and computational latency. Communication latency is defined as
round-trip communication delay between the nodes which request a job and
responds. This factor is especially important in the case that the given task is
composed of small computational components whose time scale is comparable to
the communication time scale. Computational latency is defined as the required
computation time for the node to finish its assigned Job.

To minimize computation time, it is required to find node with the highest
computational power and within the shortest communication distance. We con-
sider the case of joint optimization for the resource location problem which finds
node with the least cost where cost is defined as joint function of communication

W. Chang (Ed.): AISA 2002, LNCS 2402, pp. 33-B7] 2002.
© Springer-Verlag Berlin Heidelberg 2002
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latency and computational latency for each requested job in very highly Inter-
GRID environments. For efficient computational GRID, these two factors must
be considered closely tied together. For instance, if one considers only computa-
tional resources, one might end up with super fast computer with very poor com-
munication condition, (either permanently or temporarily) consequently leading
to much longer overall computing time compared to the case when we use slower
CPU nearby. We assume the general TCP/IP connectivity and modify the inter-
net routing protocol to accommodate the computational GRID needs. We study
the relationship of the considered problem with the constraint-based routing in
the Internet. We also design message structure for the information which should
be exchanged for nodes involving in GRID computing architecture and resource
directory. A simulation for the proposed conceptual model shows the efficiency
of computation with our proposed resource locating algorithm.

The remaining of this paper is composed as follow. Section 2 describes the
proposed routing Algorithm. In Section 3, an analytical model to evaluate per-
formance of proposed routing algorithm is established. In Section 4, our model
is discussed in details. Conclusions are given in Section 5.

2 Routing Algorithm for the Computational GRID

2.1 Problem Formulation

One of the crucial parts is to find computational resource on the network, to
perform some subtask. Let D; be the deadline for the subtask i to be completed.
Then our task is to find computational resource on the network which will finish
the task within D; . Recent Advances in fast processor design has brought down
the cost of computation, has made it relatively cheap to get considerable com-
putational power. However, communication link speed is not advancing as fast
as computation power, and it is noticeable that communication bottleneck is by
far more critical than the computational bottleneck. Therefore, it is imperative
to find computational resource on the network not only based on the available
computational resources but also based on the communicational delay.

In classical routing problem, the objective is to find shortest path from some
source s to all destination, and each communication link is assigned a positive
number called its length. Each path (i.e., a sequence of links) between two nodes
has a length equal to the sum of the lengths of its links. A shortest path routing
algorithm routes each packet along a minimum length (or shortest) path between
the origin and destination nodes of the packet. In this paper, we consider routing
protocol which considers shortest path not only based on communication link
but also based on computational resource.

Suppose the deadline for sub-task i is given as D; and expected workload as L;
then it is sufficient to find computational node j which has spare computational
power C; and meet the following condition,

D;>2 Y LDy + Li/C; (1)
kEPj
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where LDy, is the aggregated latency for the kth link on path P; where P; is the
shortest path from source to the node j. The factor 2 is introduced because we
need round trip delay for the server to get the computational result. Then our
goal is to find node j which satisfies the following condition,

argmin; Z 2LDy + L;/C; (2)
kEP;

for each sub-task i.
In next section, we develop the routing protocol to find the nodes which
satisfies the condition as specified in (2).

2.2 Routing Algorithm

To find the node satisfying the condition (2) is not trivial task since the link
latency is dependent on load condition on link i and computational capacity C;
is dependent on workload on node j. Therefore, we need some architecture to
disseminate the required information. Hence we reached in the following mod-
ification of LSP(Link State Packets) in popular routing protocol as in OSPF.
Firstly, we replace LDj with W LD}, which implies the worst case delay on link
LDy.

Algorithm ZORO
initialize container L, to contain vertex s (source); 1 .= 1
While (Ifound) && ( container L;is not empty) do
Create container L,,, to initially be empty
for each vertex v in L; do
if edge e incident on v do
let w be the other endpoint
if vertex w is unexplored then
label e as a discovery edge
insertw into L;, 4
else
label e as a cross edge

find node wr with argmin 20 D, +L,/C,

if found :=true

{Zisq Duz2e XID+LIC,

keP;

Fig.1. ZORO Algorithm

The argument behind this replacement is that dynamic measures in decision
of route generally results in oscillation of selected routes and consequently leads
to the instability of network.

With this modification, we can handle the link latency as constant so that
we can use the off-the-self OSPF like routing algorithm. However, the processing
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latency in node j makes it impossible to use OSPF like routing algorithm since
its cost is associated with the node itself not the link

Therefore, our algorithm considered here is not to pursue the optimal node
which specifies the conditions in (2), but the suboptimal solutions which satisfy
the sufficient condition in (1). Hence we get the following algorithm, called ZORO
(ZOne based ROuting for the GRID). In this scheme we stop at the first node
which satisfies the condition (1) without ever searching the optimal nodes as
specified in (2). Our search is propagated like concentric circle as in Breadth
First Search. The algorithm first search nodes within 1 hop, and find the nodes
which satisfies condition (2). If the found node satisfies condition (1), our search
ends. Otherwise, our algorithm continues to do the search within 2 hops, 3
hops, and so on. The beauty lies in the fact we separate routing algorithm and
the computational requirement. Therefore, we can use any available off-the-self
algorithm for the network routing to find distance and we only need to add
computational latency later. Fig. 2 shows the mechanism of ZORO algorithm.

Fig. 2. How ZORO works

3 Performance Evaluation

We develop an efficient algorithm in section 2, and we discuss characteristics,
performance, and practical requirement of our algorithm in this section.

3.1 Complexity Analysis

Our algorithm is based on general network routing. For instance, it is perfectly
possible to use Dijkstra Algorithm and Distance Vector routing such as RIP. It is
well known that the total running time of Dijstra algorithm is O(|E|log|V|) where
|E| specifies number of edges and |V| specifies the number of vertices. Since the
shortest path is calculated only once throughout the algorithm, the complexity of
our algorithm only adds the complexity of BFS(Breadth First Search) on which
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our algorithm is based on. For BFS, the complexity of traversal is O(|E| + |V|)
so that overall complexity can be considered as O(|E|log|V| + | E]).

The exact analysis of mean path length to the selected is nontrivial job, since
as we continue to fill out nearby nodes with workload, we will get further and
further from the source and all resources are in very dynamic nature.

If we assume the link latency follows Exponential distribution with parameter
A and the computation latency follows Exponential distribution with parameter
i, from equation (2) the latency for the server to get response from node j will
be sum of several exponential random variables resulting in Erlang distribution.
Then its characteristic function is given by

2 i
Fs) =T 2%
=1 o @

3.2 Some Practical Consideration

For our algorithm to work it is imperative to distribute up-to-date load informa-
tion for each load. However, it will be needed for any GRID architecture to work.
Therefore, no additional overhead is needed from that. However, the difficult part
is how to describe job(sub-task) correctly, i.e. to specify Li. From the practical
view point, we may need some kind of semantics for the job descriptions.

4 Conclusion

In this paper we study the communication routing protocol within the framework
of the GRID computational architecture. We propose a noble algorithm to find
out computational node which jointly satisfies computational demands as well
as within communication latency bound. We also give basic complexity analysis
for our proposed algorithm. The future work includes the study of workload
dynamics in GRID environments as well as practical design of routing packets.
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Abstract. Unreliable data delivery due to network instability leads gen-
eral network systems to serious situations. Especially in case of relia-
bility—critical applications, a fault—tolerant routing is gaining more at-
tention for guaranteeing complete data transmission even in the pres-
ence of faults. In the paper, a concise approach to the genetic design of
the optimal fault—tolerant routing algorithm in a 2D-meshed network
using GA(Genetic Algorithm) is proposed. The algorithm is based on
the wormhole routing scheme with virtual channels for accomplishing
deadlock—freedom. It permits the packets to return to the node where
they previously stayed, and is adaptive to concurrently evolve its ele-
mentary strategies enhancing the associated performance. We perform
computer simulations in a 10x10 meshed network to compare the pro-
posed algorithm with the representative conventional one.

1 Introduction

In the distributed environment, the computers at each node perform certain pro-
grams with data that they shares or exchanges each other though the network.
The network capacity is concerned with mainly the connecting and transmit-
ting ability among nodes as well as the execution capacity of the computers.
Especially, the connecting ability is fundamentally measured by both the mes-
sage latency and the network throughput, which are intrinsically affected by
the network topology and the routing strategy. The most important component
that determines the nominal network capacity is the routing strategy. A certain
fault(s) in the network causes the messages to deliver incompletely, moreover
degrades its capacity. Therefore, it is necessary that the fault—tolerant routing
scheme, which guarantees successful transmission of messages among non—faulty
nodes in the presence of faulty components, takes responsibility for achieving
high performance as well as reliability of a network system.

* This work is done by the MOCIE project; the Development of High-Performance
Scalable Web Servers.
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A few previous works on the fault—tolerant routing in the hypercubes|[1/2//3//4]
and the meshes[5lJ67)8]9] were reported. In [9], the authors extended the concept
of virtual channels to a multiple and virtually—interconnected network, where a
fault—tolerance scheme was equipped with increasing the number of virtual chan-
nels along the dimension by double, and extra channels were exclusively used to
reroute packets around faulty nodes. One drawback is its infeasible requirement
of too many virtual channels for implementation. In [6], a fault—tolerant rout-
ing algorithm was proposed by modifying the negative—first routing algorithm
produced by the turn model in the mesh. However, the algorithm guarantees
the aspects of fault—tolerance just against only one fault in the 2D—mesh. The
authors of [§] used a partially-adaptive algorithm with adopting three virtual
channels for acquiring fault—tolerance. If faults occur at edge nodes in the 2D-
mesh, the algorithm regards all the nodes in a row containing the faulty node
as being faulty. Its cost is substantial in H/W resources at the edge nodes of
the mesh. In [0, a routing algorithm was also proposed to employ fault—tolerant
features in a mesh network by means of both a fault-ring and a fault—chain
consisting of fault—free nodes and links. However, the suggested algorithm is not
fault—tolerant against arbitrarily—shaped faults.

In the paper, we propose the fault-tolerant routing algorithm in the 2D-
meshed network for the standard topology on the basis of a wormhole routing
scheme[I0]. The developed scheme can be readily extended to other topologies
with simple modification. The four virtual channels {vey, veg, ves, veg} for ac-
complishing deadlock—freedom are also considered, where they are group(s) of
channels sharing a physical channel while having their own queues[11]. We as-
sume that each individual node recognizes only the faulty or non—faulty condition
of its adjacent components (links and/or nodes). In the consideration of those,
we apply GA(Genetic Algorithm) to developing the optimal fault—tolerant rout-
ing, and enhance certain network performance using GA method evolved in the
paper. To validate the effectiveness of the proposed algorithm, which realizes the
features of fault—tolerance as well as deadlock—freedom, it is compared with a
conventional fault—tolerant routing algorithm, the fault—tolerant f-cube4[5].

2 A Fault—Tolerant Routing Algorithm Using GA

Since the wormhole routing scheme is inherently sensitive to the phenomenon of
deadlock, it should be equipped with a certain scheme for deadlock—freedom. To
overcome deadlock, we employ an approach of virtual channels, specifically four
ones {vecy, vee, ves, vegt. The usage of each virtual channel is determined by
the locations of both source and destination nodes. And, the determined virtual
channel is fixed until a message arrives at its destination. Table 1 illustrates the
condition under which each virtual channel is utilized.

It is true that the presence and arrangement of faults seriously affect the
routing strategy, whose effects are diminished by modifying the deactivation rules
presented in [12]. Specifically, we convert fault regions into rectangular regions
by the following rules: (i)If a node has three or more faulty nodes around it, it is
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Table 1. Usage of virtual channels. Source node: S(x1,y1), Destination node: D(z2,y2).
(‘The location relationship of two nodes’ AND(A) ‘The utilized virtual channel’)

AND(A) y1 < Y2 Y1 > Yo
x1 < To vey vC2
xr1 > X2 ves VCy

regarded as a faulty node and thus operates like the faulty node. We define this
node by an unsafe node. (ii) If a node has two faulty nodes around it and if two
faulty nodes around it are neighbors with each other, it is set to be an unsafe
node as well. (iii) Including unsafe nodes to faulty nodes, both (i) and (ii) are
iterated until every node in the mesh has at least one faulty node around it.

2.1 Routing Functions

We suppose that all of the nodes in the 2D-meshed network have the same rout-
ing table which basically determines the output direction of an arrived message
at each node. To build the routing table encapsulating the message dispatch-
ing strategy, we consider not only the directions of both the previous and the
destination nodes of a message but also the locations of faults. The node re-
ceiving a message has the information where to come from and where to go out
for the message, and determines the direction to send it out by applying this
information to the routing table. The directions of the previous node at any
node are classified into four states; Up, Down, Right, Left, and the directions of
the destination node into eight states; Up—Left (UL), Up-Right (UR), Right-Up
(RU), Right-Down (RD), Down—Right (DR), Down-Left (DL), Left-Down (LD),
Left-Up (LU). These classifications enable one to represent the routing function
determining the output direction by:

Dout = R(DdestaDpre) (1)

where Dyyt, Dgest, and Dy, are the output direction, the direction of the desti-
nation node, and the direction of the previous node, respectively. For instance,
destination node 1 of Fig.[d is Up-Right from the center node and destination
node 2 is Right—-Down, whereas the direction of the previous node from the cen-
ter node remains fixed. Again, we can send the message with the destination of
node 1 to the output direction that is read from (UR, Left) part of the routing
table, and the message with the destination of node 2 to the output direction
that is read from (RD, Left) part.

Since the whole mesh structure is not homogeneous, the number of physical
channels connected with any node varies according to the location of the node.
That is, the capacity that a node processes messages depends on its location.
In particular, the edge nodes need the boundary managements as follows. If a
read direction from the routing table points outside the mesh, we set the opposite
direction to the read direction, and send a message to the set direction. However,
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Fig. 1. Destination direction of a message transmitted from Left

if the node of the set direction is faulty, a message is sent to the opposite direction
to the node at which a message previously stayed.

2.2 Parameter Representation:
Crossover, Mutation, and Evaluation

The chromosome that capsulizes the parameters of the routing table is formed
in a binary string. A routing table is divided into two subtables according to the
fault arrangements of all nodes around the current node. One subtable represents
when all nodes around the current node are non—faulty and its size is 5 x 8 = 40
cells, where the first number is relevant to the direction of the former residence
node and the second number is associated with the direction of a destination
node. The other subtable describes when only one of all nodes around the current
node gets faulty and its size is 4 x 8 = 32 cells. The total size of the chromosome
is, thus, (40 x 2) + (32 x 2) = 144 bits.

The table does not include all information about faulty states of the network,
instead, it just describes the special case according to the number of faulty nodes
around the current node. It is, however, quite reasonable because all the cases can
be represented by transformation of one special case. The table needs adjusting
through transformation when it is applied to a variety of faulty states of the
network. In the paper, we conduct transformation through the rotation of the
table according to the directions of faulty nodes, as illustrated in Fig.

The primary operator of GA is crossover. The crossover operation consists of
three steps. First, two chromosomes are selected from the parent pool. Secondly,
the position where the crossover occurs along the two chromosomes is randomly
chosen. Thirdly, all subsequent characters of two chromosomes after the crossover
point are exchanged. A’ and B’ are two new strings according to this operation.
String A’ is made up of the first part of string A and the tail of string B. Likewise,
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Fig. 2. Transformation through rotation of the table

string B’ is composed of the first part of string B and the tail of string A. These
newly—assembled chromosomes A’ and B’ are copied into the child pool.

The other important operator of GA is mutation. This enhances the capa-
bility of GA of searching for the near—optimal solutions[13]. The mutation is an
occasional alternation of a value at a particular string position. It is an insurance
policy against permanent loss of any simple bit. If a binary string A of length 8
is presented for mutation and the mutation point is selected at the second bit,
the mutation operation converts the second bit 0 into 1, and the resultant A’
is stored to the child pool. At the evaluation process, the performance of every
parent is examined and stored as the fitness. The parent having a better fitness
value enable the child to be generated with a high probability, which makes
the fitness function (to properly evaluate the performance) quite important in
searching for the optimal solution.

In the paper, every iteration generates the locations, where the message starts
and ends, and the time, when this message randomly departs. At the same time,
the information about fault locations (where the fault occurred) is generated
as well. The performance of the routing table in the parent is, then, evaluated
through the total latency of arriving messages, and stored as the fitness of the
table into the parent. If the routing table is inadequately defined and thus the
message can not arrive at the destination node, its performance is gradually
decreased by the timeout, in which the table has a low probability to generate
the child accordingly.
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3 Computer Simulation

To properly validate the effectiveness of our suggested algorithm, we carry out
time-step simulations at the flit level in a 10x10 meshed network, which are
governed by the following specific conditions:

— Each message consists of 20 flits.

— The destination of each message is uniformly distributed.

— All nodes have the same probability of fault occurrences, and faults may
occur anywhere.

— The network—clock is defined as the transmission time of a message from A
to B, where either A or B is the neighbor node of each other.

— All messages are assumed to have the same priority.

— A message arriving at each node is immediately moved to a router via a
certain processor.

— Each simulation according to applied loads and faults is performed for 20,000
network—locks enough to be statistically valid.

In fact, although the variations of these conditions produce different results
to be trivial, those are expected to draw similar conclusions on the evaluation of
our algorithm. The performance of the routing algorithm is measured in terms
of two primary quantities; the average message latency and the normalized net-
work throughput. The former is the elapsed time during which a message is
transmitted from the source node to the destination node, whereas the latter is
the number of messages delivered per network—clock over the number of mes-
sages that can be transmitted at the maximum load. Specifically, we consider the
cases of 3% and 5% of the total network nodes being faulty in order to compare
the performance of the fault—tolerant routing algorithm obtained by GA (f-GA)
with that of the fault—tolerant f-cube4[3].

Fig.Bland @ show the network throughput and the message latency of f-cube4
and f~GA for both cases of 3% and 5% faulty nodes, respectively. In Fig. Bl the
network throughput of f~GA is measured as 0.39, while that of f-cube4 is 0.36
for the case of 3% fault. In case of 5% fault, the network throughput of f~-GA
converges to 0.34, while that of f-cube4 does to 0.31. These verify that f-GA
has not only a higher network throughput but also a lower message latency than
f-cube4 under the same condition of environments, as shown in Fig. . In other
words, we can conclude that f~GA is by far more efficient than f—cube4 for the
network in the presence of certain faulty nodes. It can be implemented as a good
solution for such applications as should be reliably and effectively operated even
in harsh environments.

4 Conclusion

In the paper, we proposed the routing algorithm for fault-tolerant network sys-
tem using GA. Although the partial presence of faults in the network, the algo-
rithm is a highly—dependable to guarantee normal operation and/or transmis-
sion. To evaluate the optimal routing table applied to the fault—tolerant routing
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algorithm, followings are considered; (i) the routing table is presented by using
chromosomes, and set the latency to a fitness function, (ii) the directions of both
the previous and the destination nodes of a message are used to determine the
output direction at any node, and (iii) all messages cannot return to the previ-
ous node. The ultimate routing table obtained according to these policies was
verified to be effective enough to tolerate against component faults through sim-
ulation results. It is possible that the fault—tolerant routing algorithm using GA
has a variety of extensibility if the detailed information about more complicated
environments like the congestion control is appended to the chromosome.
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Abstract. In VoIP network the primary factors affecting the voice qual-
ity are codecs, delay and any associated echo, and packet loss. In this
paper, E-model is used to evaluate voice quality for end-to-end voice
services over IP-based network. Assuming an acceptable voice quality
objective is given on R(>70) scale, the minimum amount of propaga-
tion delay available to the connection is called as allowable propagation
delay. The allowable propagation delay is much more important factor
than the one-way delay because the packetization and jitter buffer delay
and transport delay are almost constant for the codec in VoIP networks.
Thus, the allowable propagation delay budgets for each codec are pro-
vided in order to offer voice calls of acceptable quality in the IP telephony
system.

1 Introduction

Public Switched Telephone Networks (PSTNs) have evolved to provide an opti-
mal service for time-sensitive voice applications that require low delay, low jit-
ter, and constant but low bandwidth. That is, PSTN voice quality is relatively
standard and predictable. IP networks were built to support non real-time ap-
plications such as file transfers or e-mail. These applications are characterized
by their bursty traffic and sometimes high bandwidth demand, but are not sen-
sitive to delay or delay variation. If PSTNs and IP networks are to converge,
IP networks must be enhanced with mechanisms that ensure the quality of ser-
vice (QoS) required to carry voice [1]. Because users of traditional telephone
networks are used to quite high voice quality standards, providing comparable
voice quality in IP networks will drive the initial acceptance and success of VoIP.
Three elements such as clarity, end-to-end delay, and echo emerge as the primary
factors affecting voice quality, particularly in the case of VoIP. The relationships
among them can be quite complex as shown in Fig. 1. As the distance between
the voice quality “point” and the intersection increases, voice quality decreases.
However, no known mathematical relationship exists that can be used to derive
a single voice quality number.

In the context of voice quality, clarity describes the perceptual fidelity, the
clearness, and the non-distorted nature of a particular voice signal. In VoIP net-
work, packet loss and voice codecs are major factors affecting the voice clarity.

W. Chang (Ed.): AISA 2002, LNCS 2402, pp. 47-55] 2002.
© Springer-Verlag Berlin Heidelberg 2002
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Fig. 1. Relationship among Clarity, Delay, and Echo with regards to Voice Quality

One of the challenges of transmitting real-time voice on packet networks is how
to overcome the end-to-end delay encountered as the packet traverse the net-
work. The delay is typically measured in milliseconds from the moment that the
talker utters a word until the listener actually hears the word. This is termed as
“mouth-to-ear” delay or the “one-way” delay which the users would realize in
VoIP networks. In the traditional PSTN, the delay for domestic calls is virtually
always under 150 ms [2]. At these levels, the delay is not noticeable to most
people. Many international calls (especially calls carried via satellite) will have
round-trip delay figures that can exceed 1 sec, which can be very annoying for
users.

Though IP telephony is primarily used in a cost-reduction application, it
should provide acceptable voice quality. What is considered acceptable quality
of a VoIP call? As with most human factors, everyone has his or her own opinion
on this issue. However, there is a definite limit of quality degradation that will be
tolerated by users. The exact amount of quality degradation that will be toler-
ated is hard to define because users will balance the degradation of quality with
the perceived value added by the system. Wireless telephone services are prime
examples of where reduced connection quality will be accepted when balanced
with the added value of high mobility.

Many factors influence the overall end-to-end voice quality of VoIP calls. If
the factors are adequately controlled, it allows the more delay budget for a given
voice quality level. Managing the delay budget is key to the success of VoIP
services. A relationship between the delay and the other factors such as echo
and packet loss should be studied to manage the delay budget. While ITU-T
G.114 [2] made a recommendation on delay, this paper provides more flexibility
than simple one-way delay limit like 150ms. In this paper, E-model [3-7] is used
to evaluate speech transmission quality for end-to-end network connections in
the VoIP network.
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Section 2 introduces E-model and explains voice quality results with E-model.
Section 3 describes the mouth-to-ear delay and the allowable propagation delay.
Section 4 describes the sensitivity analysis of the allowable propagation delay.
Section 5 concludes the results.

2 Computational Model

The E-model has been used as a computational tool to predict the subjective
quality of a telephone call based on how it characterizes transmission parameters.
The model was developed such that its results are in accordance with the results
of extensive subjective laboratory tests. It combines the impairments caused by
these transmission parameters into rating R, which ranges between 0 and 100.
The relation between the different impairment values and R is given by

R=Ry—1I,—Ij—I.+A. (1)

The term Ry expresses the basic signal-to-noise ratio and the term I, repre-
sents all impairments which occur more or less simultaneously with the voice
signal, such as: too loud speech level, non-optimum sidetone, quantization noise,
etc. The “delay impairment” factor I; sums all impairments due to delay and
echo effects, and the “equipment impairment” factor I. represents impairments
which are caused by low bit-rate codecs. The “advantage factor” A represents an
“advantage of access” which certain systems may provide in comparison to con-
ventional telephony systems. As an example, the advantage factor A for mobile
telephony is 10 [3].

Fig. 2 shows E-model rating R to categories of speech transmission quality
and to user satisfaction [6]. R below 50 indicates unacceptable quality. Among
these factors, we have studied the impact of I; and I, on the quality of VoIP
call, because Ry , Is , and A are not fundamentally different from the tradi-
tional PSTN calls. As far as one of the low-bit rate codecs is used, a VoIP
call introduces more delay and distortion than a traditional PSTN call. First,
the delay for VoIP calls is larger than that for traditional PSTN calls due to
encoding, packetization, propagation, queuing, dejittering and decoding delay.
Second, as a result of voice compression and packet loss during transport, the
distortion of VoIP calls is not negligible. All connections below R=70 will suffer
from some combination of distortion and long delay [6, 7]. The region between
R=50 and R=70 encompasses the “Many users dissatisfied” and the “Nearly all
users dissatisfied” categories in Fig. 2 and therefore deserves the low quality. In
this paper, an acceptable quality category is then bounded by a lower limit of
R=70. Fig. 2 illustrates the point by comparing the best-case curves for three
popular IP codecs, G.711, G.729A [8] and G.723.1 (6.3 kbits/s)[9].

3 Allowable Propagation Delay

How much delay is too much? Delay does not affect speech quality directly, but
instead affects the character of a conversation. Below 100ms, most users will not
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notice the delay. Between 100ms and 300ms, users will notice a slight hesitation
in their partner’s response. Beyond 300ms, the delay is obvious to the users and
they start to back off to prevent interruptions.

3.1 Mouth-to-Ear Delay

In VoIP network, the mouth-to-ear (one-way) delay consists of three primary
components; packetization and jitter buffer delay, transport delay, and propaga-
tion delay. If we let D, D, and D, denote the packetization and jitter buffer
delay , transport delay, and propagation delay, the one-way delay is given by

T:D6+Dt+Dp = (Dpacket+Djitt67')+Dt+Dp ) (2)

where Dpgcrer is the packetization delay and Djjye, is the jitter buffer delay.

The packetization delay in a codec/vocoder is comprised of several com-
ponents. The delay on the sender side includes the time taken to accumulate
voice samples into a voice frame, the time required to compress the voice frame,
the time to insert the voice frames into a packet and transfer the packet to the
transport facility, and the firmware/hardware delays. In addition, some vocoders
use a look-ahead function which waits for the first part of the following voice
frame to provide information on how to help reconstruct the voice sample if
there are any lost packets. The packetization delay on the receiver side consists
of the time taken to decompress the voice frames into voice samples and the
firmware/hardware delays. In addition, some codecs have an add-on packet loss
concealment algorithm that adds some delay.
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As the coded voice is being prepared for transport over the Internet, it needs
to be assembled into packets. Looking inside a typical IP telephony data packet,
each packet starts with an IP, UDP, and RTP header that totals 40 bytes. The
decision of whether to pack more than one frame of data into a single packet is an
important consideration for every IP telephony system. If a system is using the
G.723.1, each packet would have 40 bytes of header and 24 bytes of data. That
would make the header 167% of the voice data payload. If two frames are passed
per packet, the overhead figure drops to 83%, with the side effect of adding yet
another frame period of latency. A lost packet will result in speech clipping.
In order to maintain a good end-to-end speech transmission performance, the
voice contained in coded frames should be less than 64 ms of voice per IP packet
[6]. Thus, the packetization delay Dygcker is the time required for assembly of a
packet including the encoding and decoding process, and is computed as

Tp(Np+ 1)+ TL < Dpacket < Tp(2Np + 1) + Ty, (3)

where TF is the frame size for the codec, N is the number of frames in a packet,
and T7, is the look-ahead time for the codec. For G.723.1, the frame size is 30
ms and the look-ahead is 7.5 ms [9]. For G.729A, the frame size is 10 ms and
the look-ahead is 5 ms [8].

Due to processing power limitations, IP telephone jitter buffers are typically
frame-based meaning that the size of the buffer is a multiple of voice frame size.
Frame-based jitter buffers can increase delay dramatically if the frame size is
large. A rule of thumb for frame-based buffers is that the jitter buffer must be
two times the voice frame size. Thus jitter buffer delay is computed as

Djitter = 2TF X NF. (4)

3.2 Propagation Delay

Intranet carriers and corporate managed IP networks use equipment with only
about 25 to 100 microsec of delay per hop, plus about 10 to 20 ms of jitter
buffer delay end-to-end to accommodate source based jitter. Network based jit-
ter is usually negligible relative to source based jitter. In this paper, the max-
imum transport delay is used as 20 ms. From equations (2), (3), and (4), the
propagation delay can be bounded as

T—[Tr(2Np+1)+T+2Tr Np|—Dy < D, < T—[Tp(Np+1)+T1+2T» Np|—D;.

(5)
While the packetization delay D, and the transport delay D; are almost constant
for the codec in the given IP network environment, the propagation delay D, is
variable in IP network. Assuming an acceptable voice quality objective is given on
R scale, the minimum amount of propagation delay available to the connection is
called as “allowable propagation” delay. The allowable propagation delay is much
more important factor than the one-way delay because the allowable propagation
delay is independent of codec and only dependent of VoIP network. Practically
if the allowable propagation delay budget is less than 150 ms in IP network, it
is not guaranteed to meet the acceptable voice quality objective.
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4 Sensitivity Analysis

The allowable propagation delay depends on the minimum voice quality level
to which the connection is allowed to accept. It is assumed that the acceptable
voice quality is R > 70 (the lower limit of the “Some users dissatisfied” category
[6] in Fig. 2) in this paper. Managing the allowable propagation delay is key to
meet the quality objective in the given environment. In this section the effect
of the other factors such as echo cancellation, number of frames per packet and
packet loss to the allowable propagation delay will be studied and three popular
IP codecs (G.711, G.729A, and G.723.1) are considered.

4.1 Echo Cancellation

The family of curves in Fig. 3 shows the effect of echo cancellation as predicted
by the E-model for the IP codecs. In Fig. 3, TELR is the sum of the echo losses
around the loop, from one telephone set’s transmitter back to the receiver on
the same telephone set. It is shown that the allowable propagation delay is very
sensitive to echo cancellation and drops as TELR decreases. This implies that as
the echo cancellation is adequately controlled for G.711 or G.729A, the allowable
propagation delay is good enough to meet the acceptable quality.

If there is no echo control, TELR is likely to be about 40dB for a traditional
phone [10]. For G.711 with TELR=45dB, there is a very small propagation delay
budget (30 ms) for the acceptable quality [7, 8]. Considering IP-based network,
this delay budget is not good enough to provide the acceptable quality. However,
if echo control is adequately controlled (for G.711 with TELR=65dB), there is
a large enough propagation delay budget (252 ms) for the acceptable quality. Tt
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turns out that echo cancellation at gateway and IP terminal should be provided
for the acceptable quality. Especially, echo control is required for all types of IP
terminals [11, 12].

For G.723.1, even if the echo cancellation is adequately controlled
(TELR=65dB), there is a very small delay budget (28.5 ms) for the accept-
able quality. Thus, it is not recommended to use G.723.1 because this budget is
not good enough to meet the quality objective.

4.2 Number of Frames per Packet

The decision of whether to pack more than one voice frame into a single packet
is an important consideration for IP telephony system. If two frames are passed
per packet, the header overhead drops and instead the packetization delay in-
creases. Also, a lost packet will result in speech clipping. In order to maintain the
acceptable quality, it is recommended that the voice contained in coded frames
should be less than 64 ms of voice per IP packet [11].

Fig. 4 shows that the allowable propagation delay is very sensitive to the
number of voice frames per packet and drops rapidly as the number of frames
increases. For G.723.1, one frame per packet is allowed to meet the acceptable
voice quality. Hence, considering the allowable propagation delay budget, it is
recommended that at most one frame of G.732.1, two frames of G.729A, or four
frames of G.711, are assembled into a packet.

4.3 Packet Loss

For VoIP applications, it may be necessary to declare “very late” packets as lost
to meet the acceptable delay limit. However, long one-way delay will increase the
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difficulty of conversation while packet loss will result in lower voice quality. The
tradeoff between long delay and packet loss must be given careful consideration
when designing VoIP networks.

Fig. 5 shows that the allowable propagation delay is very sensitive to packet
loss ratio for G.711, G.729A, and G.723.1. As the packet loss rate is below
1%, the allowable propagation delay drops slowly. For G.729A, the propagation
delay budget drops rapidly as the packet loss rate is above 2%. For G.711, the
propagation delay budget drops rapidly as the packet loss rate is above 3%.
Hence, considering the propagation delay budget, it is recommended that there
are a packet loss budget of 1% for G.723.1, that of 2% for G.729A, and that of
3% for G.711.

5 Conclusion

In VoIP network the primary factors affecting the voice quality are end-to-end
delay, packet loss, codecs and echo. The relationship among them can be quite
complex and no known mathematical relationship exists. This paper provides
more flexibility than simple one-way delay limit like 150 ms. If the primary
factors are adequately controlled, it allows the more delay budget for a given
voice quality level.

Assuming an acceptable voice quality objective is given on R(> 70) scale,
the minimum amount of propagation delay available to the connection is called
as allowable propagation delay. The allowable propagation delay is much more
important factor than the one-way delay because the packetization and jitter
delay and transport delay are almost constant for the codec in VoIP networks.
It is strongly recommended to use G.711 end-to-end among popular IP codecs
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because G.711 has a big allowable propagation delay budget. Also, it is not
recommended to use G.723.1 because G.723.1 has a very small allowable propa-
gation delay budget for the acceptable quality. It is shown that the voice quality
of G.729A is much better than that of G.723.1 because delay and impairment of
G.729A are smaller than those of G.723.1.

It is shown that the allowable propagation delay is very sensitive to echo
cancellation and drops as TELR decreases. This implies that as the echo cancel-
lation is adequately controlled, the allowable propagation delay increases. Also,
considering the allowable propagation delay budget, it is recommended that at
most one frame of G.732.1, two frames of G.729A, or four frames of G.711 are
assembled into a packet.

Even if the echo and the number of frames per packet are adequately con-
trolled, packet loss can be very harmful to the voice quality of VoIP calls and
should be avoided in order to meet the acceptable quality if possible. Hence,
considering the propagation delay budget, it is recommended that there are a
packet loss budget of 1% for G.723.1, that of 2% for G.729A, and that of 3% for
G.711.
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Abstract. The service speed of tiled-web data such as a map can be
improved by prefetching future tiles while the current one is being dis-
played. Traditional prefetching techniques examine the transition proba-
bilities among the tiles to predict the next tile to be requested. However,
when the tile space is very huge, and a large portion of it is accessed
with even distribution, it is very costly to monitor all those tiles. A tech-
nique that captures the regularity in the tile request pattern by using
an NSMC (Neighbor Selection Markov Chain) has been suggested. The
required regularity to use the technique is that the next tile to be re-
quested is dependent on previous k movements (or requests) in the tile
space. Maps show such regularity in a sense. Electronic books show a
strong such regularity. The NSMC captures that regularity and predicts
the client’s next movement. However, Since the real-life movements are
rarely strictly regular, we need to show that NSMC is robust enough such
that with random movements occurred frequently, it still captures the
regularity and predicts the future movement with a very high accuracy.

1 Introduction

Currently most web cache servers do not cache or prefetch map-like data be-
cause it is served through CGI mechanism and thus regarded as dynamic data.
However, the use of map-like data is increasing, as in maps, large PDF files,
electronic book, etc., and fast transmission of them is becoming important. A
tile in map-like data is typically larger than a regular html file, and users usually
request a number of tiles that are nearby in their locations, sequentially in one
session. Retrieving these many tiles, each of them being relatively large, over the
internet will cause significant delays in transmission time.

We want to predict the next move for a map-like data. We want a cache
server to predict the next move for such data without the help from a web server
or a map server even when the current page (or a tile in case of map-like data)
is a first-timer. Previous techniques for prefetching cannot be applied directly to
our problem, because they can deal with pages only if they have been requested
repeatedly, or if they are first-timer pages for which web servers can give a help.
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One promising solution is based on two observations. First, a tile has only
a limited number of embedded links, and that among them only 2n links (for
n-dimensional tile space) are important most of time. They correspond to the
neighbor tiles of the current one. It is natural to expect that the next tile will
be one of the neighbors of the current tile. For 1-dimensional tile space, there
are two neighbors for each tile: left and right. For 2-dimensional space, there are
four: left, right, up, and down. For n-dimensional space, there are 2n neighbors:
two neighbors at each dimension. From this observation, we can form a candidate
set for next move for any tile without parsing.

Secondly, a set of tiles belonging to the same map-like data show similar
transition patterns among them, and we don’t have to follow individual tran-
sition pattern for each tile. Instead, we can draw a single Markov chain, called
Neighbor Selection Markov Chain (NSMC), for each map-like data that shows
the general transition pattern of any tile belonging to it. Here, a state of this
Markov chain does not represent a particular tile; instead, it represents k sequen-
tial movements that can be made, where k is determined by the characteristics
of the particular map-like data. For example, a map-like data with 1-dimensional
tile space may have a transition pattern such that the next tile is always the one
in the right. For this data, it is appropriate to set k=1 because there is only one
type of movement. In general, if the next movement depends on the previous
k movements, the corresponding NSMC will have maximum (2n)* states. The
cache server prepares these many states and builds edges based on the transition
historyﬂ. With this Markov chain, the cache server can predict what will be the
next movement from the current tile.

NSMC seems to show a good capturing capability for a regular transition
pattern. However, the real life movement is rarely regular. It contains many
unexpected movements, and we need to improve the NSMC so that it still can
capture the real life movement. In this paper, we adjust NSMC and show it is
robust enough such that under the influence of randomness it still captures the
regularity of the movements.

The remainder of the paper is organized as follows. Section 2 surveys related
works on prefetching and dynamic data caching. Section 3 discusses the proposed
NSMC model. Section 4 summarizes the experiment and its results. Finally,
Section 5 gives the conclusions.

2 Related Researches

Prefetching between a web server and a client was studied by pioneers in [112/3].
In [3], a web server monitors the pages it owns to calculate transition probabilities
for the embedded links. When a client requests a page, the server knows which
link will be requested next with what probability. The server pushes a list of
possible candidate links with their transition probabilities to the client. The
client, then, prefetches selected candidates from the web server while the current

! However, many of the states are never used, as shown in Section 4; thus the actual
number of states is usually much smaller than (2n)".
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page is being displayed. This technique requires both of the server and the client
to be modified such that they behave correctly. Since we want to design a cache
server that prefetches transparently without the cooperation from the web server
or the client, this technique cannot be applied directly to our case. A Markov
algorithm is used in [I] to determine related objects. The server monitors the
reference pattern of each client separately and pushes related objects to the
client appropriately. We also use a Markov algorithm but to extract a general
reference pattern, not individual pattern.

Prefetching can be performed also between a cache server and a web server.
The authors in [4/5] suggest a technique in which the web server collects usage
statistics (the transition probabilities of embedded links) of the pages and relays
the information to the cache server. As in [1J3], the web server has to be modified.
A technique in [6] excludes the need to modify web servers by forcing the cache
server to prefetch all embedded links within the currently requested page. To do
this, however, the cache server has to parse each page to detect embedded links,
and the overhead of fetching all of them is huge. Prefetching between a client and
a cache server was discussed in [7]. The cache server collects the usage statistics
for all pages it caches, and in order to do this, it parses each page remembering
embedded links, and as requests are made, collects information about which link
is referenced when and how often. The cache server pushes this information to
the client, and the client decides which links will be prefetched. The client has
to be modified to perform this prefetching.

Using Markov chains to predict the client’s next request is studied in [8]9].
In [8], the expected number of accesses to each document within a specified
time period from the current document is computed using a Markov chain.
The highly scored documents will become possible candidates for prefetching.
In [9], a Markov chain is built to store the transition probabilities among pages.
Combined with the client’s reference pattern, it can provide several value-added
services like tour generation or personalized hubs/authorities generation. Both
studies, however, try to compute exhaustive transition probabilities for all doc-
uments or pages, which is too expensive to apply to tile data.

The authors in [I0] suggest a technique to speed up the retrieval time of
geographical data where the query result is usually very huge in size. Tradition-
ally, to cope with the huge size, the database application program executes an
iterator-based algorithm as follows.

Result result = database.query(condition);
while (result.more()){
doSomething(result.get());

}

The more() and get() are remote procedures to the database server, and
calling them repeatedly incurs a high overhead. To reduce the overhead, they
suggest using a cache server inside the client machine that will intercept the
database query, open a persistent connection to the database server by itself,
and supplies the query result to the client as if it is the database server. The
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client does not know about the intervening cache server and, through the same
iterator-based interface, requests and receives the result. Since the cache server
prefetches query results while the client is processing the current portion of the
result, the retrieval time of whole results is improved. However, again, the client
has to be modified, and the cache server in this case knows exactly what the
client will request next: it does not have to predict.

3 NSMC and It’s Robustness
in Prefetching Tiles over Internet

3.1 Basic Idea

The references for tiles of a map-like data seem to show some spatial locality.
When a tile has been requested, there is a high chance that one of the neighboring
tiles will be requested next. The problem is which one, among the neighbors,
will be requested next. The traditional prefetching techniques predict based on
the reference history. They try to remember which neighbor was selected how
many times from which tile. However, it is not easy to collect and maintain this
information for all tiles. Furthermore, since we assume the number of tiles is very
huge, there should be many tiles that are never referenced before. For these tiles,
when they are referenced for the first time, how can we predict the next tile? In
regular web data, the proportion of such first-timer data is about 30%[11]. We
believe the proportion will be similar in tile data, and without handling properly
these first-timer tiles, the prefetching would not achieve desired result.

Our observation is that if tiles belonging to the same map-like data show
similar neighbor selection probabilities, we don’t have to follow the reference
history of each tile separately. Instead, we can try to capture the representative
neighbor selection probabilities that can be applied to a general tile. Once we
capture them, we can predict the next neighbor for any tile whether it has been
referenced before or not.

3.2 Building a Neighbor Selection Markov Chain

In order to obtain representative neighbor selection probabilities, we build a
Neighbor Selection Markov chain, NSMC. An NSMC has a number of states
and connecting edges. A state of NSMC is a sequence of direction vectors that
shows a tile selection history, while an edge is the probability to reach the target
neighboring tile from the current one. For n-dimensional tile space, there are
2n neighbors for each tile because it has 2 neighbors, backward and forward,
at each dimension. Diagonal neighbors can be expressed by the combination
of these basic neighbors. Let’s denote direction vectors for n-dimensional tile
space as dy,da, ..., da,. Direction vector d; and d;;1 respectively represents the
backward and forward movement to reach the two neighboring tiles at dimension
”Tl , for odd 4. Also lets denote a tile at coordinates (i1,%2, ...,in) as ti1i2, . in-

A tile selection history can be expressed as a sequence of direction vectors. For
example, assuming 2-dimensional tile space, a tile selection history, tss, t34, t44,
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Fig. 1. 2-dimensional Direction Vectors

can be expressed as (dy, da). The direction vectors at dimension 2 are shown in
Fig. M

Now given an NSMC, predicting a next tile means deciding a next direction
vector from the current state in an NSMC. The current state is defined as a
sequence of direction vectors selected so far. To limit the size of NSMC, we
restrict that the state can contain maximum k previous direction vectors, where
k being a characteristic number specific to each map-like data. For n-dimensional
tile space and direction vectors for each state, the number of possible states is
(2n)*. To build an NSMC, therefore, we need to build a Markov chain for these
many states in maximum.

3.3 Hilbert Curve with Frequent Random Movements

Let’s assume the client scans tiles along a Hilbert curve. An NSMC with n=2
and n=3 can be used to predict the client’s movement. That is, without knowing
about Hilbert curves, an NSMC can capture the regularity in client’s movement.
A Hilbert curve is being used to map a n-dimensional space on to a 1-dimensional
space such that the adjacent objects in a n-dimensional space remain as adjacent
as possible in a 1-dimensional space[l12]. At level z, the number of tiles is 4%,
and the Hilbert curve at level x can be drawn by connecting four Hilbert curves
at level (2-1) with appropriate rotation and change of sense of the two upper
quadrants with no rotation and no change of sense, while the lower left quadrant
being rotated clockwise 90 degree, and the upper right quadrant being rotated
anti-clockwise 90 degree[12].

To show the robustness of NSMC under random movements, we incorporate
randomness in the client’s movement. We assume the client moves in Hilbert
curve but with occasional randomness: the client makes a non-Hilbert move once
in every 10 movements. To differentiate random movements from regular ones,
we count the number of visits to each state. Those states with less than some
threshold visiting counts will be considered as noisy states due to randomness
and removed. We put the threshold at 10% of average visiting counts of all
states. Then we build the NSMC with the remaining states. Fig. shows the
resulting NSMC for n=2 and k=3. Fig. is the NSMC for the same n and k
but with no random movements. Comparing with it, we can see the number of
states grows from 28 in Fig. to 33 in Fig. With a random movement
once in every 10 movements, the original number of states was 37. The average
visit count per state was 258 for total 16384 Hilbert movements. The threshold
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(b) n=2, k=3, random move-
ment

(a) n=2, k=3, regular movement

Fig. 2. Neighbor Selection Markov Chain
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Fig. 3. NSMC Performance for 2-D Hilbert move

visit count, then, is 25.8. Three states had visit counts less than 25 and were
removed. After removal, the number of states became 33 as in Fig.

4 Experiments

To measure the NSMCs’ prediction performance, we have generated a sequence
of tile requests and feed them to the NSMCs. This time, however, we use the
NSMC to predict the next request for each request and compare it to the actual
one. The number of correct guessing is accumulated. We also allow the NSMC
to select more than one candidate to see how the performance improves. The
algorithm is given in Fig. [7 In the algorithm, p is number of candidates the
NSMC can select. We have measured the performance of the NSMCs for p = 1,
2, and 3. The results are in Fig. Bl to Fig.

Fig. 3(a) shows the performance of NSMCs for 2-dimensional Hilbert move.
As k or p increases, we can see the prediction accuracy improves. For k = 3 and
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p =2, the NSMC can predict perfectly; that is by monitoring three consecutive
movements and by prefetching two candidate tiles, the NSMC always correctly
guesses the client’s next move. Fig. 3(b) shows what happens when the client
moves randomly from time to time. With the randomness incorporated as ex-
plained in Section 3.3, the resulting NSMCs still show quite good performances.
The prediction accuracy drops slightly, but with the same k=3 and p=2 it still
shows 90% prediction accuracy. Fig. @l compares regular and random NSMCs.
Fig. [ to Fig. ] show the performance of NSMCs for 3-dimensional Hilbert
move with or without random movements. As the dimension increases, the num-
ber of possible neighboring tiles also increases making the correct prediction
harder. However, the NSMC maintains rather high prediction accuracy for p=2

even for high dimensions.
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Input: hilbert_ordering[], k
Output: the prediction performance of NSMC for k

Method:
curr_state = O;
hit = 0;

for(i=k+1; i< side*side; i++){
compute Mi;
select p children from curr_state;

compute direction vector ml, m2,..., mp,
to reach those children;
if Mi is in (m1,m2,... mp) hit++;

Fig. 7. Algorithm 1: Computing prediction performance of NSMC

5 Conclusions

In this paper, a technique that captures the regularity in the tile request pattern
by using an NSMC (Neighbor Selection Markov Chain) even under real-life ran-
domness has been suggested. When there exists regularity in the access pattern
for internet data object, capturing and exploiting it for the purpose of prefetch-
ing is much cheaper than collecting and maintaining the reference histories of
individual objects. Tiles for map-like data, e.g. maps, large PDF files, electronic
books, etc., show such regularity in various degrees. We have shown that an
NSMC can be used to capture such regularity that may exist in the tile request
pattern. The required regularity is that the next tile can be predicted given the
previous k tile requests. We have explained how to build an NSMC and mea-
sured its performance for a request pattern that follows a Hilbert curve. The
experiments show that the NSMC predicts the future tile requests quite accu-
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rately even for high dimensional Hilbert movement and that it maintains its
performance even under frequent random movements.
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Abstract. IEEE 802.11e Medium Access Control (MAC) is an emerg-
ing extension of the IEEE 802.11 Wireless Local Area Network (WLAN)
standard to support Quality of Service (QoS). The IEEE 802.11e uses
both centrally-controlled as well as contention-based channel access
mechanisms to transfer data across the wireless medium. It also pro-
vides the mechanism to specify and negotiate the resource based on the
user’s QoS requirement. This paper presents a MAC-level QoS signaling
for IEEE 802.11e WLAN and addresses its interaction with higher layer
signaling protocols including Resource ReSerVation Protocol (RSVP)
and Subnet Bandwidth Manager (SBM). We also explain a novel way of
setting up sidestream connections for direct station-to-station streaming
within an 802.11e WLAN.

1 Introduction

The world of tomorrow is full of multimedia and so efforts are gearing up to
meet the global demand of multimedia, both real-time and non real-time, trans-
fer across the integrated networks. The internet protocol (IP)-based Internet
provides “best effort” data delivery by default without guaranteeing any service
level to the users. A best effort service over the IP network allows the complexity
to stay at the end-hosts, so that the network can remain simple. This scales well,
as evidenced by the Internet to support its phenomenal growth. On the other
hand, in recent years, IEEE 802.11 wireless LAN (WLAN) [4] has emerged as
a prevailing technology for the (indoor) broadband wireless access for the mo-
bile/portable devices. Today, IEEE 802.11 can be considered a wireless version
of “Ethernet” by virtue of supporting a best-effort service. The IEEE 802.11
Working Group is currently defining a new supplement to the existing legacy
802.11 medium access control (MAC) sub-layer in order to support Quality of
Service (QoS) [2I5]. The new 802.11e MAC will expand the 802.11 application
domain by enabling such applications as voice and video services over WLANS.

The upcoming IEEE 802.11e will constitute the industry’s first true univer-
sal wireless standard supporting QoS - one that offers seamless interoperability
across home, enterprise, and public access networking environments, yet still of-
fers features that meet the unique needs of each. Unlike other wireless initiatives,
this is the first wireless standard that spans home and business environments by
adding QoS features and multimedia support to the existing 802.11 standard,
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while maintaining full backward compatibility with the legacy standard. The
QoS support for multimedia traffic is critical to wireless home networks where
voice, audio, and video will be delivered across multiple networked home elec-
tronic devices and personal computers. Broadband service providers view QoS
and multimedia-capable home networks as an essential ingredient to offering
residential customers value-added services such as video on demand, audio on
demand, voice over IP and high-speed Internet access.

In order to provide adequate service, some level of quantitative and qual-
itative determinism in the IP services is required. This requires adding some
“smartness” to the network to distinguish traffic with strict timing requirements
on delay, jitter and loss from others. This is what the protocols for QoS pro-
visioning are designed to achieve. QoS provisioning does not create bandwidth,
but manages it to be used more effectively to meet wide range of applications’ re-
quirements. The goal of QoS provisioning is to provide some level of predictability
and control beyond the current IP “best-effort” service.

One very important component for the QoS support is the signaling protocol,
which allows the end-hosts (and the intermediate nodes) of a given QoS session
to communicate the desired QoS level and the corresponding resource amount.
A number of end-to-end QoS signaling protocols in the IP layer and in the LAN
environment have evolved to satisfy the wide range of application needs. The
most well-known ones are ReSerVation Protocol (RSVP) [7] and its extension
called Subnet Bandwidth Manager (SBM) [3] for the LAN environments. We
outline these protocols and then describe how they fit into the IEEE 802.11e
paradigm. The challenge of any QoS protocols is to provide differentiated deliv-
ery for individual flows or aggregates without breaking the network in process.
Adding smartness to the network and improving the best-effort service repre-
sents a fundamental change to the network design that has made the Internet a
great success.

The premise for this paper is based on the fact that there is a need for
coordination between the 802.11e MAC and higher layers so that streaming
applications can request and achieve their QoS requirements. Since the problems
of the wireless domain are enormous, it is necessary to achieve some coordination
between the MAC and higher layers to provide QoS. There needs to be a good
transformation of the WLAN into a QoS network within end-to-end QoS context.
In order to provide QoS, the roles and relationships between the higher layer
protocols and TEEE 802.11e MAC needs to be clearly understood. The higher
layer signaling protocols like RSVP and SBM perform macro management and
the MAC performs micro management such as assigning different traffic streams
to different queues and scheduling of service among different queues. In the above
context, MAC layer signaling is very important to carry QoS information not
only from higher layers to the MAC but also between different MAC entities.
To avoid potential problems as QoS protocols are implemented in the network,
the end-to-end principle is still the primary focus of all QoS architects. As a
result, the fundamental principle of “leave complexity at the edges and keep the
network core as simple as possible” is a central theme among QoS architectures.
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Fig. 1. RSVP daemon

Note that we address different types of signaling, i.e., the end-to-end sig-
naling, MAC-level signaling for 802.11e, and internal signaling or interaction
between the end-to-end signaling and MAC-level signaling within an 802.11e
station. The actual QoS support during the run-time of a QoS stream, e.g., us-
ing a frame scheduling, is beyond the scope of the paper. The rest of this paper
is organized as follows. Sections 2], Bl and @ present an overview of RSVP, SBM,
and IEEE 802.11e protocols, respectively. Section [ gives the important terms
and definitions that are taken from the present draft of IEEE 802.11e specifica-
tion [2]. Section [@l explains the setup and deletion of QoS sessions accomplished
through MAC signaling and finally, Section [ concludes the paper.

2 Resource ReSerVation Protocol (RSVP)

ReSerVation Protocol (RSVP) [[f], is a signaling protocol that provides reser-
vation setup and control to enable the integrated service, which is intended to
provide the closest model to circuit emulation on the IP networks. The RSVP is
the most complex of all QoS technologies, for applications (hosts) and network
elements (routers and switches). As a result, it also implements the biggest de-
parture from the standard best-effort IP services and provides the highest level
of QoS in terms of service guarantees, granularity of resource allocation and
details of feedback to QoS enabled applications and users.

The host uses RSVP to request a specific QoS level from the network, on
behalf of an application data stream. RSVP carries the request through the net-
work, visiting each node that the network uses to carry the session. At each
node, RSVP attempts to make a resource reservation for the session. The re-
ceiver specifies the QoS level with which it intends to receive the traffic stream
from the source. Based on this information the intermediate nodes set aside the
bandwidth required for that session. To make a resource reservation at a node,
the RSVP daemon communicates with two local decision modules, i.e., admission
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control and policy control modules. The admission control module determines
whether the node has sufficient available resources to supply the requested QoS.
The policy control module determines whether the user has an administrative
permission to make the reservation. If either check fails, the RSVP daemon re-
turns an error notification to the application process that originated the request.
If both checks succeed, the RSVP daemon sets parameters in a packet classifier
and packet scheduler to achieve the desired QoS. The packet classifier determines
the QoS class for each packet and the scheduler orders packet transmissions to
achieve the promised QoS for each session.

A primary feature of RSVP is its scalability. RSVP scales to very large mul-
ticast groups because it uses receiver-oriented reservation requests that merge
as they progress up the multicast tree. The reservation for a single receiver does
not need to travel to the source of a multicast tree; rather it travels only until
it reaches a reserved branch of the tree. While the RSVP protocol is designed
specifically for multicast applications, it can also make unicast reservations. For
details on the RSVP, the reader is referred to [7]. The process of the RSVP
end-to-end signalling works as follows:

— Senders characterize the outgoing traffic in terms of the upper and lower
bounds of bandwidth, delay and jitter via TSPEC (traffic specification).
RSVP sends a PATH message with the TSPEC information to the unicast
or multicast destination addresses. Each RSVP-enabled router along the
downstream route establishes a PATH state that includes the previous source
address of the PATH message.

— To make a resource reservation, receivers send a RESV (Reservation Re-
quest) message to the sender. In addition to the TSPEC, the RESV message
includes a RSPEC (request specification) that indicates the type of service
required, either controlled load or guaranteed, and a filter specification that
characterizes the packets for which the reservation is being made such as
transport protocol and port number. Together, the RSPEC and filter spec-
ification represent a flow-descriptor that routers use to identify each each
flow or session. The RSPEC carries the the QoS values with which the re-
ceiver wants that connection. This is particularly applicable in a multicast
environment wherein different receivers have different QoS requirements.

— When each RSVP router along the routing path from a receiver to the sender
receives the RESV message, it uses the admission control process to authen-
ticate the request and allocate the necessary resources. If the request cannot
be satisfied because of lack of resources or authorization failure, the router
returns an error back to the receiver. If accepted, the router sends the RESV
message to the next upstream router.

— When the last router, i.e. the router between the source and the second
downstream router, receives the RESV message and accepts the request, it
sends a confirmation message back to the receiver. For the multicast case, it
is the place where merging of flows occurs.

— There is an explicit tear-down process for releasing the reservation when
sender or receiver ends an RSVP session.
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2.1 Types of Service

RSVP enables two types of service, namely, the guaranteed and controlled load
services:

— Guaranteed service: This comes as close to emulate a dedicated virtual
circuit as possible. It provides firm (mathematically provable) bounds on
end-to-end queuing delays by combining the parameters from various net-
work elements along the routing path, in addition to ensuring bandwidth
availability according to the TSPEC parameters.

— Controlled Load: This is equivalent to the best-effort service under un-
loaded conditions. Hence it is better than best effort, but cannot provide
strict guarantees.

2.2 Characterization of Service

RSVP uses a token-bucket model to characterize its input/output queuing al-
gorithm. A token-bucket is designed to smooth the flow of outgoing traffic, but
unlike the leaky-bucket model, the token-bucket allows for higher data rates for
short periods of time. The token-bucket parameters, token rate, bucket depth
and peak rate are part of TSPEC and RSPEC (but the RSPEC parameters are
different from TSPEC parameters. Based on both of the above parameters the
router decides to set aside the bandwidth and other required resources). Here is
a brief overview of the parameters:

— Token rate (r) : The sustainable rate for the flow measured in bytes per
second. This reflects the average rate of the flow.

— Token-bucket depth (b) : The extent to which the data rate can exceed
the sustainable average for short periods of time. The also indicates that the
amount of the data sent over any time period ¢ cannot exceed rt + b.

— Peak rate (p) : This represents the maximum sending rate of the source.
More preciously, the amount of data sent over time period ¢ cannot exceed
pt.

— Minimum policed size (m) : The size of the smallest packet generated by
the sending application. If the packet is smaller than m, it is treated to be
of size m.

— Maximum packet size (M) : This is the size of the biggest packet mea-
sured in bytes.

As will be seen below, these parameters should be translated into the context
of IEEE 802.11e QoS support.

3 Subnet Bandwidth Manager (SBM)

QoS assurances are only as good as their weakest link. The QoS session is end-
to-end between the sender and the receiver, which means every router/bridge
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along the route must have support for the QoS provisioning. The sender and the
receiver hosts must enable QoS so that the applications can enable it explicitly
or the system can enable it implicitly on behalf of the applications. Each open
systems interconnection (OSI) layer from the applications must be QoS-aware
so that high priority traffic really receives high priority. The local area network
(LAN) must enable QoS so that the high priority frames receive high priority
treatment as they traverse the network media (e.g. host-to-host, host-to-router
and router-to-router).

LANs (or a subnet) are normally composed of layer-2 and 1 networking de-
vices such as Ethernet switches, bridges, and Ethernet hubs, and hence the
whole such a LAN environment looks like a one hop to the layer-3 routers. As
a shared broadcast medium or even in its switched form, layer-2 and 1 devices
provide service analogous to the best-effort IP service in which variable delays
can affect the real-time applications. However, IEEE has retro-fitted the layer-
2 technologies to allow for QoS support by providing protocol mechanisms for
traffic differentiation.

The IEEE 802.1D standards define how layer-2 bridge devices such as Eth-
ernet switches can classify and prioritize frames in order to expedite delivery of
real-time traffic [6]. The Internet engineering task force (IETF) for integrated
services over specific link layers (ISSLL) has defined the mapping of upper layer
QoS to layer 2 technologies. The mechanism for such a mapping is called Subnet
Bandwidth Manager (SBM). SBM is a signaling protocol that allows communi-
cation and coordination among end-nodes, bridges, and routers (at the edges of
the LAN) in a LAN environment by enabling the mapping of higher layer QoS
protocols. The fundamental requirement in the SBM framework is that all traffic
must pass through at least one SBM-enabled bridge. The primary components
of the SBM are:

— Bandwidth Allocator (BA): this maintains the states of the resource
allocation on the subnet and performs the admission control according to
the resources available.

— Requester Module (RM): this resides in every end-host as well as in
any bridges. The RM maps between layer-2 priority values and the higher
layer QoS protocol parameters according to administrator defined policy.
For example, if used with RSVP, it will map TSPEC, RSPEC or filter spec
values to layer-2 priority values.

As illustrated in Fig. [, the location of the BA determines the type of SBM
architecture. There are two types of architectures, namely, centralized or dis-
tributed. Whether there is only one or more than one BA per network segment,
only one SBM is called the designated SBM (DSBM). The DSBM may be stati-
cally configured or elected among the other SBMs. The SBM protocol provides an
RM-to-BA or BA-to-BA signaling mechanism for initiating reservations, query-
ing a BA about available resources and changing or deleting reservations. The
SBM protocol is also used between the QoS-enabled application and the RM,
but this involves the use of application programming interface (API) rather than
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Fig. 2. SBM Implementation

the protocol. Therefore, it simply shares the functional primitives. A short de-
scription of the SBM protocol is outlined below.

— DSBM initializes and keeps track of the resource limits within its network
segment .

— A DSBM client (i.e., any RSVP-capable end-host or router) looks for the
DSBM on the segment attached to each interface. This is done by monitoring
the ALLSBMAddress, which is the reserved multicast IP address 224.0.0.17.

— When sending a PATH message, the SBM client sends it to the DSBMLog-
icalAddress. This is a reserved multicast address given by 224.0.0.16 rather
than to destination RSVP address.

— Upon receiving the PATH message, the DSBM establishes PATH state in
the bridge, stores the layer-2 and layer 3 addresses from which it came, and
puts its own layer-2/3 addresses in the PATH message. The DSBM then
forwards the PATH message to next hop (which may be another DSBM or
the next network segment).

— When sending the RSVP RESV message, a host sends it to the first hop,
which is a DSBM taken from the PATH message.

— DSBM evaluates the request and if sufficient resources are available, forwards
to the next hop or else returns a error message.
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4 ITEEE 802.11e MAC for QoS

Before addressing the signaling aspect of the 802.11e, we first briefly overview the
core MAC operations in this section. An 802.11e WLAN, composed of an QoS
access point (QAP) and one or more QoS stations (QSTAs), is called QoS Basic
Service Set (QBSS). The 802.11e MAC defines a single coordination function
called the Hybrid Coordination Function (HCF), which provides both a con-
trolled and contention-based channel access mechanisms. The contention-based
channel access of the HCF is often referred to as the enhanced distributed co-
ordination function (EDCF) due to its root to the legacy DCF, i.e., the legacy
802.11 MAC []. The centralized coordinator called Hybrid Coordinator (HC)
and is usually collocated in the QAP.

4.1 HCF Contention-Based Channel Access (EDCF)

The EDCEF is based on a listen-before-talk protocol, called Carrier Sense Multiple
Access with Collision Avoidance (CSMA /CA), where a frame can be transmitted
after listening to the channel for a random amount of time. It provides differenti-
ated channel access to frames of different priorities as labelled by a higher layer.
Due to the nature of the distributed contention-based channel access along with
the uncertainty of the wireless medium, the EDCF cannot guarantee any rigid
QoS. However, it provides so called “prioritized” QoS, which can be useful for
applications that can live with statistical frame losses. With the EDCF, a single
MAC can have multiple queues, which work independently, in parallel, for dif-
ferent priorities. Frames with different priorities are transmitted using different
CSMA /CA contention parameters. That is, basically a frame with a higher pri-
ority is transmitted after listening to the channel for a probabilistically shorter
period than frames with lower priorities. Note that there is no such a concept
of stream supported by the EDCF. Each individual frame is treated relatively
based on its corresponding priority.

4.2 HCF Controlled Channel Access

The controlled channel access of the HCF is based on a poll-and-response pro-
tocol in which a QSTA transmits its pending frames when it receives a polling
frame from the HC. As the QSTAs contend for the channel according to the
EDCF channel access, the HC is given the highest priority for the channel con-
tention. That is, the HC is subject to winning the contention by listening to
the channel for a shorter time than any other QSTAs before its transmission
of a downlink frame or a polling frame. By polling a QSTA, the HC grants a
polled transmission opportunity (TXOP) to the QSTA, where a TXOP repre-
sents a specific amount of time during which the polled QSTA, called the TXOP
holder, assumes the control over the channel. The duration of a polled TXOP
is specified in the particular polling frame. That is, during a polled TXOP, the
TXOP holder can transmit multiple frames as long as the total duration for such
transactions is not over the polled TXOP duration.
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Thanks to the centrally-controlled characteristics, the HCF can be used for
the so-called “parameterized” QoS along with “prioritized” QoS. To support
the parameterized QoS, the HC and the QSTA(s) set up a (layer-2 wireless
link) stream along with the traffic characteristics and QoS requirements of the
particular stream. Once such a stream is set up, the HC attempts to grant the
TXOPs to the corresponding QSTAs (if the stream is from QSTA to QSTA
or from QSTA to HC) or transmit the frames (if the stream is from HC to
QSTA) according to the agreed specification. How to set up and maintain such
a parameterized stream is handled by the MAC signaling as will be addressed
in the following.

5 802.11e MAC Signaling

The 802.11e MAC defines two different types of signaling: one is the intra-STA
signaling, and the other is Inter-STA signaling. One intra-STA signaling is de-
fined between the station management entity (SME) and the MAC Layer Man-
agement Entity (MLME). The SME is a logical entity that communicates to all
layers in the OSI stack while the MLME is a logical management entity for the
MAC layer. Refer to Fig. Bl for the architectural overview of the relationship be-
tween the SME and the MLME. The inter-STA signaling is between two or more
MAC entities within the same QBSS of 802.11e WLAN. For example, the com-
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munications between the HC and QSTAs using management frames for a stream
setup belongs to this category. Another intra-STA signaling exists between the
Logical Link Control (LLC) and the MAC.

5.1 Intra-STA Signaling

Signaling between LLC and MAC. Each data frame, that comes from the
LLC to the MAC through the MAC Service Access Point (SAP), carries a priority
value from 0 to 15. Within the MAC, this value is called Traffic Identifier (TID).
The TID values from 0 to 7 specify the actual priority of the particular frame,
in which the value 7 represents the highest priority and 0 the lowest priority.
The frame with TID from 0 to 7 is served via prioritized QoS based on its
priority value. The TID values from 8 to 15 specify a corresponding traffic stream
which the particular frame belongs to. That is, such a TID is just a label of the
corresponding stream, and the number itself does not tell anything related to
the QoS level. Each frame belonging to a traffic stream is served subject to the
QoS parameter values provided to the MAC in a particular traffic specification
(TSPEC) agreed upon between the HC and the participating QSTA(s) of the
stream.

Signaling between SME and MLME. The SME and MLME interact for
a number of station/layer management activities such as starting a new QBSS,
scanning the channel to find a new AP, and associating with a new AP. Out of
all these different functions, we mainly address the interaction between the SME
and the MLME for the QoS stream setup in this paper. The MLME of the QAP
has two QoS-related entities, namely, the bandwidth manager (BM) and the
scheduling entity (SE). The BM is responsible for keeping track of the wireless
bandwidth and the scheduling entity is responsible for allocating TXOPs based
on the requirements of different traffic streams.

The following MLME SAP primitives are newly defined for the signaling
between the SME and the MLME as part of 802.11e to handle the traffic stream
setup. Note that these MLME SAP primitives are used to support parameterized
QoS as it requires a traffic stream setup. We present how these SAP primitives
are used in setting-up stream connections in section 6.

— MLME-ADDTS.request: Sent by SME to MLME to initiate a stream
management frame with specified parameters. This primitive requests addi-
tion or modification of a traffic stream with a specified peer MAC entity or
entities capable of supporting parameterized QoS traffic transfer.

— MLME-ADDTS.confirm: Sent by MLME to SME to confirm the trans-
mission of a stream management frame. This primitive informs the results
of the traffic stream addition or modification attempt with a specified peer
MAC entity or entities.

— MLME-ADDTS.indication: Sent by MLME to SME to inform the initi-
ation of adding or modifying a traffic stream by another peer MAC entity.
This primitive is signaled when a stream management frame is arrived from
the peer MAC.
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— MLME-ADDTS.response: Sent by SME to MLME to respond to the
initiation of a traffic stream addition (or modification)by a specified QSTA
MAC entity.

— MLME-WMSTATUS.request: Sent by SME to MLME to request the
MLME for the amount of channel bandwidth available, channel status and
the amount in use for QoS streams. This can be generated periodically or
when a QoS flow is initiated or modified.

— MLME-WMSTATUS.confirm: Sent by MLME to SME to report the
result in response to the MLME-WMSTATUS.request primitive.

— MLME-SS-BW-QUERY.request: Sent by SME to MLME to request
the source QSTA to probe for the achievable transmission rate with the
destination QSTA in the same QBSS. This primitive contains the frame
size and the minimum physical layer transmission rate for the stream, both,
derived from the RSVP PATH/RESV messages.

— MLME-SS-BW-QUERY.response: Sent by SME to MLME indicating
the maximum transmission rate at which the source QSTA can sidestream
to the destination QSTA in the same QBSS.

— MLME-SS-BW-QUERY .indication: Sent by MLME to SME to inform
the initiation or result of probing for the achievable transmission rate for the
sidestream connection by peer MAC entity. This primitive is signaled when
a stream management frame is arrived from the peer MAC.

There are also MLME-DELTS.request, .confirm, .indication, and .response prim-
itives defined to handle the tear-down process of a QoS stream. It should be
noted that some primitives initiate a stream management frame while some oth-
ers are signaled by receiving a QoS management frame. For example, MLME-
ADDTS.request initiates a QoS stream management frame transmission while
MLME-ADDTS.indication is generated when a QoS management frame is re-
ceived. The actual transmission of the QoS management frame belongs to the
external signaling as described below more in detail.

5.2 Inter-STA Signaling

Each single QoS data frame carries the TID value, which identifies the priority
of the frame in case of the prioritized QoS or the corresponding traffic stream
in case of the parameterized QoS. To carry such information, the 802.11e QoS
data frame header is augmented by 2-octet QoS control field as shown in Fig. [l
The QoS control field uses four bits to indicate the TID value, and also carries
some other QoS-related information. For example, the status of the queue, which
the specific frame was dequeued from, is also indicated to aid the TXOP grant
scheduling of the HC.

Two types of QoS management frames are defined for the inter-STA signaling
to setup, modify, and delete traffic streams initiated by the corresponding MLME
SAP primitives described in the previous subsection. The first type includes Add
TS Request and Response QoS action frames used to set up or modify a QoS
stream, and the second type includes Delete TS Request and Response QoS
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Fig. 5. Traffic Specification Element

action frames used to delete a QoS stream. Each QoS action management frame
includes the traffic specification (TSPEC) information element to communicate
the corresponding QoS requirements and traffic specifications.

As shown in Fig. Bl the TSPEC element includes many quantitative objects
of a traffic stream. Based on the values, the MAC layer attempts to reserve
bandwidth for a particular stream and honor them if they are available. Many of
the entities in this element are mapped directly from the higher layer needs, e.g.,
specified from the RSVP PATH/RESV messages after taking into consideration
the MAC layer overhead and wireless channel conditions. Those include Nominal
MSDU Size, Minimum Data Rate, Mean Data Rate, Maximum Burst Size, Delay
Bound, and Jitter Bound. On the other hand, some entities such as TS Info,
Retry Interval, Inactivity Interval, Polling Interval, and Tx Rate are more related
to the different mechanisms of the MAC.

6 Interaction of RSVP/SBM and MAC Signaling

In this section, we present the interaction of RSVP, SBM, and the 802.11e
MAC signaling for setting-up a parameterized connection. It is assumed that
the QAP/HC hosts the DSBM [3]. We assume that SME and DSBM (or BA)
within the HC/QAP can communicate while this detail is beyond the scope of
this paper. Although SBM was originally designed to map incoming streams
to 8 levels of priorities (similar to 802.11e prioritized QoS) as defined in IEEE
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802.1D bridge specification [6], we use SBM to allocate bandwidth for parame-
terized QoS of the IEEE 802.11e WLAN. In case where the AP is connected to
other 802 type networks, which can provide only the prioritized QoS based on 8
priority levels, the parameterized QoS is provided only in the 802.11e segment
and not in other segments. This is not an unreasonable approach as the wireless
segment is typically a bottleneck of the whole end-to-end network performance of
a QoS session due to its relatively small and fluctuating bandwidth availability.

In this scenario, we consider a typical wired subnet wherein all the end-
hosts are RSVP/SBM capable. Therefore, we use the signaling mechanism of
the RSVP/SBM to route a QoS session in the wireless segment. Based on where
the traffic originates and it is destined in the segment, three scenarios become
important in the wireless environment. They are downstream signaling, upstream
signaling and sidestream signaling. In the downstream signaling the source is
a device that is connected to the wired environment and the destination is a
QSTA in the QBSS. A stream is called upstream if the source is a QSTA and
the destination is in the wired network. A stream is termed sidestream if the
source and the destination are in the same QBSS and communicate to each other
directly using the wireless medium.

We assume that all bandwidth reservations are done at the HC, which hosts
the DSBM. This is very consistent in the sense that the HC has more knowledge
than any other stations in managing the bandwidth in the wireless segment. In
the following, we consider the connection setup cases only. Connection deletion
is similar to connection setup and we use the signals MLME-DELTS .xxxx, where
xxxx can be one of request, confirm and indication. This can be initiated by the
receiver or source.

6.1 Downstream Signaling

Here we consider that the host in the wired network communicates to a QSTA
of a QBSS via the HC/QAP of the QBSS. Therefore, the stream passes from the
host in the Internet to the QSTA in consideration.

1. The RSVP at the wired host initiates a connection request for a QoS stream
to be delivered to the QSTA through a PATH message. After travelling the
wired network portion, the PATH message eventually reaches the DSBM,
which is co-located with HC/QAP, and is in turn forwarded to the QSTA
as a data type frame of 802.11e. The RSVP at the QSTA generates a RESV
message in response to the PATH message and is transmitted to the DSBM
at the HC/QAP.

2. The DSBM then requests the channel status update from the SME at the
HC/QAP.

3. The SME, in the HC/QAP, in turn communicates to the MLME to obtain
the information about the current channel status, which is kept track of
by the BM residing in the MLME. The channel status is obtained using
two MLME SAP primitives, i.e., MLME-WMSTATUS.request and MLME-
WMSTATUS.confirm. The information on the channel status is passed to the
SME, which in turn gives it to DSBM for making the admission decision.
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The DSBM extracts the QoS parameters from new PATH/RESV messages
for a downstream session, and makes the admission decision on the session
(by accounting for channel status update from the MAC of HC/QAP via
the SME).

If the session is admitted, the DSBM informs the SME that the session can
be admitted and passes the source address (SA), destination address (DA)
and TID values to the SME. The SME then establishes a stream identifier
(SID) comprising of SA, DA and TSID Field for that session.

The SME also passes the SID and QoS values associated with the stream to
the MLME for reserving resources via MLME-ADDTS.request. This infor-
mation is used by the scheduling entity (SE) residing in MLME for scheduling
TXOP during the run time for the admitted stream.

The MLME in turn sends an Add TS Request QoS action frame, containing
the stream operation (Add) and QOS parameters. After sending the man-
agement frame, the MLME of HC/QAP generates a MLME-ADDTS.confirm
to the SME.

Upon receipt of the management frame from the HC/QAP, the receiv-
ing QSTA checks the SID and QoS parameters of the new downstream.
The MLME passes the above information to the SME through MLME-
ADDTS.indication. If SME decides to accept the stream, it updates itself
with the stream characteristics and initiates the MLME-ADDTS.response
to HC/QAP. If the stream characteristics were not acceptable then the SME
may initiate a delete operation as it is not able to accept the connection
request.

Upon receipt of the positive response from the QSTA, the MLME at the
HC/QAP passes the information to the SME through MLME-ADDTS.in-
dication. The SME then informs the DSBM, which in turn forwards the
RESV message to the source in LAN environment or to the next router.

6.2 Upstream Signaling

Here we consider that a QSTA is the initiator of the streaming connection and
the recipient is in the wired Internet. The steam is going through the HC/QAP.

1.

The RSVP at the QSTA initiates a stream connection by sending a PATH
message. This PATH message is forwarded to the DSBM residing in the
HC/QAP, which in turn forwards the PATH message to the next DSBM or
router in the wired network.

If all the intermediate nodes have had enough resources to accommodate
the requested connection, the DSBM will receive an RESV message from
the wired network eventually. The DSBM on receipt of the RESV message
contacts the SME of the HC/QAP for the current channel state information.
It also extracts the QoS parameters for that stream from the PATH/RESV
messages.
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3. The SME of the HC/QAP obtains the channel state information from the
MLME using two MLME SAP primitives, i.e., MLME-WMSTATUS.request
and MLME-WMSTATUS.confirm. Upon receiving the channel state update
from the MLME, the SME which in turn passes that information to the
DSBM. Based on the information obtained from SME, the DSBM makes
the admission decision.

4. If the DSBM decides to admit the session, it contacts the SME for confirma-
tion and informs it that the session can be admitted and passes the source
address (SA), destination address (DA) and TID values to the SME.

5. The SME of HC/QAP passes the SID (comprising the SA, DA, and TID)
and QOS parameters to the MLME for bandwidth allocation via MLME-
ADDTS.request. The MLME in turn generates a Add TS Request QoS action
management frame for the upstream session. After that the MLME sends
MLME-ADDTS.confirm to the SME.

6. Upon receipt of the Add TS Request QoS action management frame, the
source QSTA passes the QoS parameters to SME through MLME-
ADDTS.indication. If the SME decides to admit the stream, it updates itself
with the stream parameters, and sends the Add TS Response QoS action
frame by indicating it. If not, the negative response is sent back to the
HC/QAP either for renegotiation or for dropping the connection request.

7. Upon receipt of the positive ADD TS Response QoS action frame, the MLME
of the HC/QAP informs its SME through MLME-ADDTS.indication. The
SME then informs the DSBM that the connection is accepted. The DSBM
then forwards the RESV message to the source QSTA.

6.3 Sidestream Signaling

Here both the source and destination QSTAs are in the same QBSS. We pro-
pose that the HC/QAP determines whether the communication between the two
QSTAs will be sidestream or relayed via the HC/QAP. This decision is impor-
tant not only for the routing information but also for conserving bandwidth of
the wireless medium. The channel state information has to be determined in a
different way as the HC/QAP needs to know whether the two QSTAs can com-
municate to each other directly at the rate the sending QSTA wants to transmit.
The advantage of sidestream is that it conserves bandwidth by transmitting traf-
fic directly rather than relaying the same stream via the HC/QAP. In the latter
case the bandwidth consumed is twice than sidestream transmission assuming
that the same transmission rate is used in the physical layer for uplink and
downlink.

1. The RSVP from the source QSTA initiates a PATH message. This PATH
message is forwarded to the DSBM residing at HC/QAP instead of the
destination QSTA.

2. The DSBM receives the PATH message and forwards the PATH message to
the destination QSTA. The destination QSTA initiates the RESV message,
which is forwarded to the DSBM.
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The DSBM after receiving the RESV message will contact the SME of the
HC/QAP for the channel state information. Since it is a communication
between two stations in the same QBSS, the HC/QAP will try to determine
if it is desirable for the source QSTA to sidestream to the destination QSTA
as it may be more bandwidth-efficient. The decision whether it will allow
the source QSTA to sidestream it or upstream it is left to HC/QAP.

The SME of HC/QAP will make its MAC generate an action frame to the
source QSTA by asking it to initiate the channel status update. This is done
through the MLME SAP primitive called MLME-SS-BW-QUERY .request.
This frame has the nominal frame size and the minimum physical layer
transmission rate information that is required for the stream.

To obtain the channel state information, the SME in the source QSTA ini-
tiates a maximum transmission rate probing. Based on the nominal frame
size, it generates packets at the highest rate and expects the acknowledgment
from the receiver. If the receiver responds, then that rate is assumed to be
the achievable physical layer transmission rate between the QSTAs. If the ac-
knowledgment is not received the channel status probe sequence is repeated
by transmitting the frames at a lower rate up to the minimum transmission
rate informed by the HC/QAP. QSTA performs the update to determine the
rate and then relays that information to the HC/QAP through a response
action frame. This is done through MLME-SS-BW-QUERY .response.

The response is passed from MLME to SME of HC/QAP through MLME-SS-
BW-QUERY .indication. The SME at the HC/QAP on receipt of the infor-
mation makes the decision whether to admit the request as sidestream or as
upstream/downstream. If the minimum transmission rate is not achievable,
the sidestream cannot be established, and accordingly upstream/downstream
can be the only candidate. The decision is passed to the DSBM.

The DSBM makes then forwards the RESV message to to the sending QSTA
for updating the RSVP connection.

Note that for the sidestream the TSPEC element to have the receiver address in-
dicating whether the stream passes through the HC or directly to the destination
QSTA.

7

Conclusion

In this paper, we present the IEEE 802.11e MAC signaling and explain how
different signaling primitives can be fit together to work in integrated services
(IntServ) over the IEEE 802.11e WLAN. We also present a novel way of estab-
lishing sidestream sessions in a wireless environment. Experimenting the above
signaling mechanism is considered by the authors for the future work.
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Abstract. This paper addresses a distribution strategy for an Inter-
net server cluster where the content-adaptive distribution is performed
by each of the front-end node in the cluster. The system architecture
considered here is a hybrid one consisting of a set of logical front-end
dispatcher nodes and a set of back-end server nodes. Each front-end
node in the cluster may service a request locally or forward it to another
node based on the request content. This paper suggests a new distri-
bution strategy called CARD (Content-Adaptive Request Distribution)
that assigns most frequently used files to be hot which is served locally
on each front-end node, while making the rest of the files to be parti-
tioned and served among the back-end nodes. We present and evaluate
the optimal configuration and hot size. The approach takes into account
the file access patterns and the cluster parameters such as the number
of nodes, node memory, TCP handoff overheads, data consistency over-
heads and disk access overheads. The simulation results show that the
CARD achieves a linear speedup with the cluster size and that the CARD
outperforms both the traditional centralized and distributed strategies,
and outperforms a pure partitioning and replication strategy.

1 Introduction

Servers based on clusters of nodes are the most popular configuration used to
meet the growing traffic demands imposed by the World Wide Web. A cluster
of servers, arranged to act as a single unit, provides incremental scalability as it
has the ability to grow gradually with demand. However, for clusters to be able
to achieve the scalable performance, it is important to employ the mechanisms
and policies for balanced request distribution.

In this paper, we first describe various methods for building scalable Internet
server clusters. Also, we analyze the limits to scalability and the efficiency of
these methods, and the trade-offs between the alternatives. Then, we propose a
hybrid dispatcher architecture where the dispatcher components have the same
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routing information in all front-end nodes. In this approach, this routing infor-
mation is updated on a content-adaptive workload information basis. We then
propose a new request distribution strategy called CARD that takes request
properties into account and identifies a small set of most frequent file to be hot.
The requests to the hot files are processed locally by the front-end server in
the cluster, while the other files are partitioned and served among the back-end
servers. The goal of the CARD strategy is to minimize the forwarding overhead
caused by TCP handoff for the most frequent files, while optimizing the overall
cluster memory usage by partitioning the rest of the files that typically con-
tribute to the largest portion of the working set. We also suggest an algorithm
that identifies the optimal configuration and the size of hot for a given workload
and system parameters. In this way, the CARD tunes itself to maximize the
performance for a given access pattern and cluster configuration parameters.

Simulation results show that the CARD achieves a linear speedup with the
cluster size. It also shows excellent performance improvements compared to the
traditional centralized/distributed strategies and a pure partitioning and repli-
cation strategy. The remainder of the paper presents our results in more detail.
Section 2 formally introduces related works, Section 3 describes CARD strategy
with the emphasis on the adaptive-analysis algorithm. The simulation results
and their analysis are given in Section 4. Finally, concluding remarks appear in
Section 5.

2 Related Works

Load balancing solutions can be represented by two major groups: 1) DNS based
approaches, 2) redirection based approaches. Early works on distribution and
assignment of incoming connections across the cluster server [9, 11] has relied
on Round-Robin DNS(RR-DNS) to distribute incoming connections across the
cluster of servers. This is done by providing a mapping from a single host name
to multiple IP addresses. Due to DNS protocol intricacies, RR-DNS was found
to be of limited value for the purposes of load balancing and fault tolerance
of scalable Internet servers. The second group, redirection based approaches,
employs a specialized front-end node, the load-balancer, which determines the
least loaded server to which the packet is to be sent [3, 8].

Fig. 1(a) shows the most typical cluster configuration with a single front-end.
Rather than delegating to DNS the responsibility of distributing requests to indi-
vidual servers in the cluster, several research groups have suggested the use of a
local router to perform this function. Fig. 1(b) shows a decentralized dispatcher
architecture where the dispatcher on each server has the same routing informa-
tion. In the centralized routing, the load distribution is done by a single node,
the dispatcher. These approaches are less reliable than the decentralized ones.
However, decentralized approaches have the problem of a heavy communication
overhead incurred by frequent information exchange between nodes.

Content-adaptive request distribution, on the other hand, takes into account
the content(URL, URL type, or cookies) when making a decision to which back-
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Fig. 1. Two Internet server cluster architectures

end server the request is to be routed. Previous works on the content based re-
quest distribution [2, 4, 7, 10] has shown that policies distributing the requests
based on cache affinity lead to significant performance improvements compared
to the strategies taking into account only load information. To explain the clus-
ter architecture implementing the content-adaptive balancing strategies, we first
define the terms, front-end, back-end, and dispatcher as follows. A front-end
node is a server that runs the dispatcher and processes HI'TP request, if neces-
sary. A dispatcher runs on a front-end node and determines a server to process
each client request, and forwards the request to it, if necessary. A back-end
node is a server which processes the HT'TP requests forwarded. To be able to
distribute the requests based on the content, the dispatcher should implement
some mechanisms such as TCP handoff [7] and TCP splicing [6]. In [2], the au-
thors compared performance of both mechanisms showing the benefits of the
TCP handoff schema.

In this paper, we assume that the dispatcher implements the TCP handoff
mechanism. The switch in front of the cluster can be a simple LAN switch or L4
level load-balancer. For simplicity, we assume that the clients directly contact
a dispatcher, for instance via RR-DNS. In this case, the typical client request
is processed in the following way: 1) the client web browser uses the TCP/IP
protocol to connect to a dispatcher. 2) the dispatcher accepts the connection and
parses the request. 3) the dispatcher hands off the connection using the TCP
handoff protocol to the server selected. 4) the selected server sends the response
directly to the client.

The results in [2] show good scalability properties of the above architecture
when distributing requests with the LARD(Locality-Aware Request Distribu-
tion) policy [7]. The main idea behind LARD is to logically partition the doc-
uments among the cluster nodes, with the objective of optimizing the usage of
the overall cluster memory. Thus, the requests to the same document will be
served by the same cluster node that will most likely have the file in memory.
However, each node statistically will serve only 1/N of the incoming requests
locally and forwards (N — 1)/N of the requests to the other nodes using the
TCP handoff mechanism. The TCP handoff is an expansive operation leading
a significant forwarding overhead, decreasing the potential performance benefits
of the proposed solution.
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3 Content-Adaptive Request Distribution Strategy

3.1 Architecture

In this section, we propose a new hybrid dispatcher architecture as shown Fig. 2,
where a dispatcher reside on many, if not all, nodes in the cluster. The nodes
of the cluster are divided into two logical categories: 1) front-end nodes and 2)
back-end nodes.

The main component of a content-adaptive load balancer consists of dispatch-
ers, and TCP handoffs. A dispatcher receives a clients HT'TP requests and maps
the URL to a real server. Each dispatcher uses several data structures including
cluster table, URL table, and mapping table. The cluster table has each server’s
IP and MAC addresses, a timer for failure detection, and load information. The
URL table stores the document location, size, format, etc by URL. The mapping
table is the mapping information of real servers for serving client requests. After
the dispatcher maps a specific client to a real server, the TCP handoff sends
and receives a control message with a real server via the TCP handoff protocol.
Using the control message, the TCP connection between the front-end and the
client is taken over to a real server so that the real server can receive HTTP
requests from the client without additional 3-way handshaking.

We use several system parameters in determining which server to take over
the client requests. To minimize the response time for each request, we suggest
a heuristic based on the estimated processing cost for each request using the
following formula.

Tresponse = Tforu)ard + Tdata + TCPU + Tnetwork (1)

Ttorward is the cost to redirect the request to another node, if required. Tyq¢q is
the time to transfer the required data from the disk. T¢py is the amount of pro-
cessing time required to compute the task. Tj,erwork is the cost for transferring
the results over the Internet. To minimize Ty csponse, We concentrate on mini-
mizing T'forward and Tyqtq using the proposed hybrid architecture and Content-
Adaptive Request Distribution Strategy. To reduce communication and memory
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overhead incurred by information exchange and content replication, we consider
the optimal number of front-end nodes using the following formular.

m = (Workloadpe./Workload) - n (2)

Here, when m = 1, it becomes a centralized architecture and when m = n, a
decentralized architecture. Workloady,: is the workload of hot based on the
estimated data, Workload is the workload of all requests, and n is the number
of node in the cluster.

3.2 Content-Adaptive Request Distribution Strategy

It is well known that the performance of an Internet server greatly depends on
efficient memory usage. The performance is much better when it reads pages
from memory than disks. If all the files of the site fit in memory, the Internet
server demonstrates an excellent performance because only the first request for
each file will require a disk access, and all the following file accesses will be served
directly from memory.

In applying the CARD strategy, we attempt to achieve the following two
goals: 1) to minimize the forwarding by identifying the subset of hot files to
be processed on the front-end nodes, i.e. allowing the replication of these files
in the memories across the front-end nodes, 2) to maximize the number of re-
quests served from the total cluster memory by partitioning files to be served by
different back-end servers.

The key of the proposed CARD strategy is the use of information on the fre-
quencies and sizes of individual file, called f and s, respectively. Let Frequency-
Size be the table of all accessed files with their frequency and the files sizes. This
table is sorted in decreasing frequency order. The algorithm presented in this
section assumes that the cache replacement policy of the file cache has the prop-
erty that the most frequently used files will most likely be in the cluster memory.
Hereafter, we define ClusterMemory as the total size of all the file caches in the
cluster.

If all the files were partitioned across the cluster, the most probable files
to be in the cluster memory would be the most frequently used files that fit
into the cluster memory. The starting point of our algorithm is the set of most
frequent files that fit into the cluster memory, called MemoryFiles as shown in
Fig. 3(a). Under the partition strategy, the maximum amount of data are stored
in the ClusterMemory, at the price that (N —1)/N of the requests coming to each
node have to be handed off where N is the number of nodes in the cluster. Under
the CARD strategy, all data are represented by three groups of files as shown
in Fig. 4, Filespo and Filespariition in the ClusterMemory, and Filesongisk on
the disks.

Under the proposed strategy, MemoryFiles is composed such that m front-
end nodes use a replication strategy, and the other (n-m) back-end nodes use a
partition strategy. Then, they satisfy the following equations.

Cluster Memory = Z Memory + Z Memory (3)

front—end back—end
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Files = MemoryFiles + Filesongisk 4)

MemoryFiles = Filespo + Filespartition (5)

m - Filespor < Z Memory, Filespartition < Z Memory (6)
front—end back—end

m - Filespor + Filespariition < Cluster Memory (7)

The ideal case for Internet server request processing is when each request is
processed locally, i.e. it does not incur any additional forwarding overhead, and
each request is processed from memory i.e. it does not incur any additional disk
access overhead. Our goal is to identify a set of hot files Filesp,; that minimizes
the total overhead.

Workload = Workloadye: + W orkloadpartition + Workloadondisk (8)

First, let us analyze the overhead incurred by processing the requests to
Filespartition. Assuming all these files are partitioned to be served by differ-
ent nodes, statistically each file in the partition incurs forwarding overhead. The



Content-Adaptive Request Distribution Strategy for Internet Server Cluster 91

file will also incur one disk access on the node it is assigned to the first time it is

read from disk. This reasoning gives us the following overhead for the partition
files.

Workloadpartition = Z (Overheadsorwara + Overheadaisk) — (9)

Filepartition

Overheadforward = f : Tforward» Overheaddisk =5 Taisk (10)

Here, Overhead forwara is the processing time the TCP handoff operation con-
sumes, and Overheadg;si is the extra time it generally takes to read the data
from disks rather than from memory. Now, consider the additional overhead in-
curred by processing the requests to Filesyq. If a file belongs to the hot, then
the request to the file can be processed locally, i.e. with no additional forwarding
overhead. The drawback is that the file has to be read from disk into memory
once on all the nodes in the cluster, creating additional disk access overhead.
However, assuming that the file is accessed frequently enough, it is not so seri-
ous. So as to determine which file belongs to the hot dynamically, we need to
calculate the expected value of the number of nodes that get at least one access
to a file given a certain frequency f and a number of nodes N.

N
E(f,N)=Y_i-P(f,) (11)
i=1

Here, P(f,i) is the probability that exactly i nodes will have the file after f
references to it. The overhead due to extra disk accesses and data consistency
to hot files can then be calculated as follows.

Workloady,,: = Z (E(f,m) - Overheadgisy, + Overheadconsistency) (12)

Filespot

Finally, the request to FileSondisk Will incur additional disk overhead every time
these files are accessed, which gives the following equation.

Workloadyngisk = Z Overhead forward - Overheadgisy (13)

Filesondisk

Using the reasoning and the above equations, a set Filesy,; that minimizes the
total overhead can be computed. The next step is then to partition Filespartition
across the cluster. We chose to partition the files in a balanced manner using
information on the load and file sizes, thus trying to put the same amount of
data and load on all nodes. Given the arrival of request at a front-end node,
the dispatcher goes through the following step: 1) Analyze the request. The
dispatcher parses the HT'TP command, and then determines whether itself or
another server should server the request. 2) Distribute a request. If in hot then
serve locally, otherwise handoff to back-end node.
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4 Simulations

4.1 Simulation Model

The simulation model has been implemented using the CSIM18 package. The
model makes the following assumptions about the capacity of the Internet server
cluster: 1) Each request is executed according to the FCFS rule. 2) The cache
replacement policy is LRU. 3) The cache replacement policy is LRU.

In the simulations, we used 300usec for the forwarding overhead. The ex-
perimental results reported in [1] show that TCP handoff processing overhead
is nearly 300usec. Our goal is to assess the efficiency and performance benefits
of the CARD for the current TCP handoff implementation, and to perform a
hot analysis on how these results change if the number of hot is increased or
decreased.

In order to run the model, the requests from the original trace were split into
m sub-traces, where m is the number of front-end servers in the cluster. These
sub-traces were then fed into the respective servers. Each front-end server has a
finite waiting queue for requests stemming from the RR-DNS routing, while each
back-end server has only a forwarded request queue. The server grabs the next
request from its sub-trace as soon as it is finished with the previous request. As
for the performance metrics, we measured the average server throughput across
the servers after processing all the requests, and the cluster speedup achieved
on the processing of the entire access log.

4.2 Simulation Results

Our first goal is to check whether our analysis identifies the hot and partition
sizes close to their optimal value. In order to do this, we ran a set of simulations
with varied hot sizes. Fig. 5 shows response time by increasing the number
of nodes. CARD achieves linear speedup with increased cluster size. It shows
excellent performance improvements compared to the traditional centralized and
distributed strategy, and compares the response time to the rate of front-end
node.

Table 1 shows the simulation results of the three architectures. As can be seen
in the table, the hybrid approach outperforms the centralized and decentralized
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Table 1. Simulation results under 3 architecture

Architecture  Utilization Queue length Response time

Centralized 2.90 4.32 60.15
Decentralized 2.80 4.02 57.09
Hybrid 2.71 3.70 54.47

Table 2. Simulation results under 3 architecture

Caching policy Data access Communication Response time
overhead time overhead time

Partition 30.6 2.0 38.36
Replication 6.54 9.0 32.71
Hybrid 6.40 5.0 32.05

approaches especially in terms of the response time. Table 2 shows the simulation
results of the three caching approaches. We can see that the hybrid approach
shows better response time than partition and replication approach. The data
access time overhead of partition approach is worst, and the communication
overhead of replication is largest. So, we can conclude that the hybrid approach
has the best performance.

5 Conclusions

Researches in scalable Internet server clusters have received much attention from
both industries and academia. A routing mechanism for distributing requests to
individual servers in a cluster is at the heart of any server clustering technique.
The scalability and the performance of an Internet server greatly depend on
efficient memory usage.

We proposed a hybrid dispatcher architecture combining the centralized and
decentralized approaches, and a new content-adaptive request distribution strat-
egy which assigns a small set of most frequently used files to be served locally by
the front-end servers, while partitioning the other files to be served by different
cluster nodes. We also proposed an approach to compute the hot size by taking
into account workload access patterns and the cluster parameters.

The simulation results showed that the proposed CARD strategy outper-
forms the traditional centralized/distributed strategies and a pure partition-
ing/replication strategy. We also investigated the idea of distributed, replicated
dispatchers that use information on the previous access patterns to compute the
routing information.
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Abstract. Due to the development of wireless internet and an increasing
number of internet users, transferring and receiving errorless data in real-
time can be the most important method to guarantee the QoS (Quality
of Service) of internet. Convolutional encoding and Viterbi decoding are
the widely used techniques to enhance the performance of BER (bit error
rate) in the application area such as satellite communications systems.
As amethod to enhance the QoS of internet, a new DSP architecture that
can effectively materialize the Viterbi algorithm, one of the algorithms
that can correct errors during data transfer, is introduced in this paper.
A new architecture and a new instruction set, which can handle the
Viterbi algorithm faster, and simplify the Euclidean distance calculation,
are defined. The performance assessment result shows that the proposed
DSP can execute the Viterbi algorithm faster than other DSPs. Using
0.18 pum CMOS technology, the new DSP operates in 100 MHz, and
consumes 218 pA /MHz.

1 Introduction

Due to the development of wireless internet and an increasing number of inter-
net users, transferring and receiving errorless data in real-time can be the one
of methods to guarantee the QoS (Quality of Service) of internet. In order to
support world widely interconnected internet service, the SATCOM (satellite
communications) system is used. Convolutional encoding and Viterbi decod-
ing are the widely used techniques to enhance the performance of BER in the
application area such as satellite communications system. ATM (asynchronous
transfer mode) switching and IP (internet protocol), which use convolutional
encoding and Viterbi decoding, can guarantee high quality channels with 1078
or of higher BER[1]. Since the year 2000, demands for higher-level internet ser-
vice increased. In order to accommodate such demands for faster data process,
researches on SOC (system on a chip) technology, in the field for hardware in-
frastructure, are being increased[2-5]. Therefore, the kinds of DSP (digital signal
processor), which effectively handle the Viterbi algorithm and can easily be im-
plemented into SOC, can have considerable contributions on improvement of the
QoS of internet. As a method to enhance the QoS of internet, a new DSP ar-
chitecture that can effectively materialize one of the algorithms that can correct

W. Chang (Ed.): AISA 2002, LNCS 2402, pp. 95-[102] 2002.
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Table 1. Example of program for Viterbi decoder

for(i = 0; i < numbit + tb_depth — 154 + +){

MSG_GEN( &psbuf[0], &msgbit);
ENCODER (&msgbit, &sl, &s2, &encosrg);
CHANNEL(&s1, &s2, &rl, &r2, &ebno);
QUANTIZER(&rl, &rl_quant, &nbit, &fs);
QUANTIZER (&r2, &r2_quant, &nbit, &fs);

BRANCH_METRIC();
PATH_METRIC();
TRACEBACK();
DECODED_OUTPUT();

errors during the data transfer, the Viterbi algorithm, and has a flexibility to
form an SOC with an MCU and other peripherals as well, is introduced in this
paper.

Existing DSPs are designed mainly to process SOP(sum of product)s effec-
tively; therefore, these DSPs show good performances in applications that use
a lot of SOPs, such as filter calculation. However, in some calculations, they
show loss of performances due to low ILP (instruction level parallelism). Power
dissipation may occur when the multiply instruction is used to calculate the
Hamming distance in order to materialize the Viterbi decoding [6-7]. The pro-
posed DSP proposes a new instruction set for the Viterbi decoding algorithm
materialization, and shows a new architecture to process those instruction sets
effectively. Performance evaluation shows that the proposed DSP has the most
effective architecture to process the Viterbi decoding.

2 Instruction Set for Viterbi Decoding Algorithm

Table [ shows an programming example of a typical Viterbi decoding process.
With hard-decision inputs, the local distance used is the Hamming distance. This
is calculated by summing the individual bit differences between the received and
the expected data. With soft-decision inputs, the Euclidean distance is typically
used. This is defined (for rate 1/C') by:

c-1
local _distance(j) = Z[SDn - G.())? (1)

n=0

where SD,, are the soft-decision inputs, G, (j) are the expected inputs for each
path state, j is an indicator of the path, and C' is the inverse of the coding rate.
This distance measure is the (C2-dimensional vector length from the received
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ADD Z, X, Y

Fig. 1. Powerful ADD/SUB instructions for soft decision

data to the expected data. To minimize the accumulated distance, we are con-
cerned with the portions of the equation that are different for each path. The
terms Zg;ol SD2 and Zg;ol G2 (j) are the same for all paths, thus they can be
eliminated, reducing the equation to:

c-1
local_distane(j) = —2 Z SD,Gr(j) (2)
n=0

Since the local distance is a negative value, its minimum value occurs when
the local distance is the maximum. The leading -2 scalar is removed and the
maximums are searched in the metric update procedure. For the local distance
calculation like this, the proposed architecture has powerful ADD/SUB instruc-
tions, which enables users to add or sub signed numbers efficiently. Fig. [l shows
that new instructions such as EAA, EAS, ESA, and ESS can remove additional
cycles for negating operations. The proposed DSP supports instructions for the
ACS part, which assigns the shortest path through the Viterbi decoding process.
This means that the proposed DSP supports instructions that searches for either
the maximum or the minimum between two values and stores the paths into the
Viterbi shift registers in sequence. MAX/MIN instructions are the instructions
that can set a flag according to true/false signal, resulted from comparing two
data.

The Viterbi decoding is one of the fast calculations, when several instructions
get executed a loop. Each function forms a loop, and it is typical for the Viterbi
function to get repeatedly executed also in a loop. It has a characteristic of using
the branch instruction, to move from one loop to another, constantly. In order
to use such characteristics, the proposed DSP provides loop instructions that
can be nested into three levels. To minimize the loss of performance from using
branch instructions many times, all instructions get processed as conditional
instructions in order to be able to put into delay branch slots with no problem.
The T bit is set by a compare instruction, and can be also used by a branch
instruction. By placing conditional instructions in delay slots, the penalty from
untaken branches can be reduced. Also, since this structure prevent fetched
instructions from being issued, the power consumption becomes lower.
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Fig. 2. A system with the proposed DSP

In EREP/EREPS instructions, the type tells whether instructions in the loop
are filled in a loop buffer or not. The following example is the case of filling the
loop buffer, which can be fetched from the buffer at the next turn of the loop.

EREP (typec or typed), LABEL, #16

For Viterbi decoding, EMIN or EMAX instructions can be used. There are
Viterbi shift registers in DALU, VTSR0 and VTSR1. AC1, the DALU control
register, contains EVS bit and ESP bit. If EVS is set, the carry of EMIN/EMAX
instructions is entered into VTSRO[15] or VRSR1[15], and these registers get
shifted. If ESP is set, the pointer to the minimum or to the maximum is saved.
The following example shows the conditional instructions for Viterbi decoding.

(T) EMIN dest1, sourl || EMIN dest2, sour2 || VTRSHR instruction

3 Hardware Structure for Viterbi Decoding Algorithm

The new architecture is composed of four blocks as shown in Fig. Bl Since the
DSP was designed for a coprocessor, it can be used to implement a system with
program memories, data memories, a microprocessor, and peripherals. LBU(loop
buffer unit) fetches the current instruction, behaves as an instruction cache,
and calculates branch addresses. This block helps Viterbi decoding loops to
be executed rapidly. RPU(ram pointer unit) calculates two data addresses for
data memory access, and is divided into two regions: X region and Y region.
DALU(data arithmetic and logical unit) performs actual data calculations, and
contains two MACs, BMU(bit-manipulation unit), and an internal register file.
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Fig. 3. Viterbi decoding paths of DALU

Finally, CU(control unit) controls the pipeline flow and bus arbitration. Since
the DSP has the dual MACs, three 32-bit data buses exist for efficient mem-
ory accesses. A program bus is 32-bit wide, and four data address buses are
divided into two regions of 16-bit. Fig. [ shows the behavior of VTRSHR in-
struction; an instruction that does the Viterbi shifting. The DALU shown in
Fig.Blis the unit which performs either arithmetic or logical operations of data.
Since two EMAX/EMIN instructions can be executed simultaneously, ACS op-
erations of two butterflies can be performed and VISR0O/VTSRI registers can
save two path metrics independently. In addition, the LBU supports the efficient
processing of loop instructions. Conditional instructions considered by T flag in
a status register reduce the penalty of mis-predict branches. Fig. [ shows the
overall structure of the DALU. As shown in Fig. [, a register file contains the
registers used not only for multipliers, but also for accumulators. In addition,
some accumulators share the position with the registers of multipliers. This reg-
ister file has high performance in successive multiplications and additions after
a multiplication. Since an input register and an output register of a multiplier
are the same, successive multiplications can be executed without an additional
MOVE instruction as shown in Fig.[8l This structure enables Viterbi decoding
using the hard decision inputs to be executed efficiently.

4 Performance Evaluation and Implementation Result

To prove the performance of the proposed DSP in Viterbi decoding, a bench-
marking with other three dual MAC DSPs has been done. The results are shown
in Table 21 Although they are all dual-MAC DSPs, they are very different in
detail. For example, Teak?™DSP has no instruction cache and buffer, whereas
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Fig. 5. Efficient structure for repetitive multiplications

TMS320C55x has both of them. Also, the number of accumulators is different
among DSPs. However, all other three DSPs have the serial MAC structure to
perform SOP operations efficiently. As explained previously, the MAC struc-
ture of the proposed DSP is different from other DSPs. The structure of MACs,
which can reduce the number of additional negating instructions in BMG(branch
metric generation), increases its performance. And two independent Viterbi shift
registers having each path-metric calculation ability also makes the DSP to show
the best performance. In addition, powerful ADD/SUB instructions for signed
data, latency-free loop instructions, various MAX/MIN instructions, and the ef-
ficient ILP structure enhance the performance of the DSP. Finally, conditional
instructions in delay slots of conditional branches reduce damages of not-taken
cases by executing these instructions. Table Blshows that the proposed DSP has
the best performance of all for a Viterbi algorithm porting using code rate 1/2
and 8 delay registers.
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Table 2. Architecture comparison

Teak™ ™ DSP | DSP16000 TMS320C55z | Proposed DSP
[6] [7]18] [9]
Data bus three 32-bit a 32-bit three read 16-bit| three 32-bit
two write 16-bit
Program bus a 32-bit a 32-bit common a 32-bit a 32-bit
Instruction length| 16 or 32 16 or 32 8 to 48 31
Instruction cache None 124 bytes 24 Kbytes 124 bytes
Instruction buffer None None 64 bytes 64 bytes
2 multipliers 2 multipliers 2 MACs 2 multipliers
MAC a 3-input ALU| a 2-input ALU | a 2-input ALU | a 3-input ALU
a 3-input adder a 2-input adders
Multiplier input X0, X1, YO, Y1 XY Not specified XY
BMU ALU Separated BMU Shifter Separated BMU
Accumulator 4 8 4 10

Table 3. Benchmark results

l Procedure ‘TeakTMDSP‘DSPZMJOO‘TMSB?OC55$‘Proposed DSP‘
[BMG & ACS[ 22N [ 26N [ 22N [ 2IN |

Table 4. Implementation result

lNumber of gateslPower consumption[Fault covemgel
[ 59327 [ 218 puA/MHz [ 9382% |

The new DSP is implemented with 0.18um CMOS technology library. The
total number of gates is 59327, and DALU occupies 29.5% of these gates. The
result is summarized in Table []

5 Conclusion

The new DSP architecture is a 32-bit dual MAC DSP, and behaves like a co-
processor of a micro-controller. Regardless of the input type, whether it is hard
decision or soft decision, the following improvements are made to achieve high
performance in the Viterbi algorithm.

First, powerful ADD/SUB instructions for signed numbers is defined. Vari-
ous cases due to sign combinations of two or three numbers happen in Viterbi
decoding. In this case, without additional negation instructions, the DSP can
execute BMG operations efficiently.

Second, an efficient 3-way super-scalar structure is used. Since each instruc-
tion can perform two operations simultaneously, it can actually be regarded as
a 6-way super-scalar architecture. More ILP in the proposed DSP help higher
code-rate Viterbi decodings being performed more rapidly.
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Third, LBU-supported loop instructions accelerate the processing of Viterbi
subroutines. Latency-free loop operations enable Viterbi subroutines to be exe-
cuted rapidly.

Finally, conditional instructions reduce the mis-prediction penalty of delayed
branch. In case of mis-prediction, issued instructions can be flushed by T bit.
This scheme is meaningful because a Viterbi decoding program has many branch
instructions.

The benchmark results show that the new DSP has the best performance in
comparison with other dual MAC DSPs in Viterbi decoding. In addition, because
it is a super-scalar architecture, it has an advantage in program memory usage.
Therefore, the proposed DSP is suitable for the mobile technology, and since the
DSP behaves as a coprocessor, it can be used as in the form of SOC.
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Abstract. A new connection rerouting algorithm for handoff control
in wireless ATM networks is proposed. The proposed scheme, which we
call adapting weight rerouting(AWR) algortihm, performs rerouting by
choosing an optimal virtual path consisting of the network links with the
optimal bandwidth available under the constraint of maximum allowable
delay. The availability of network links is represented by the link weights
and the optimal path is chosen based on those values. These weight
values are maintained in a table, and the connection is performed by
table look-up method. The proposed AWR algorithm is reasonably fast,
adapts dynamically to the changing link states, and guarantees QoS by
reducing the handoff blocking probability. The performance of the AWR
scheme is analyzed by numerical simulation. The results indicate that
the proposed scheme keeps the handoff blocking probability low.

1 Introduction

With the rapid growth of digital wireless communication services, the mobile
users increasingly demand ubiquitous network connectivity in their mobile com-
munication / computing systems. They want to access the communication ser-
vices provided by the wired broadband networks such as asynchronous transfer
mode(ATM) network. As an effort to meet these demands, considerable interest
has recently been focused on wireless ATM, which is generally regarded as an
effective and economic solution for the integration of the wireless connections in
a wired broadband ATM network [12].

The integration of wireless networks and wired backbone ATM networks
poses many technical challenges [2]. Connection rerouting for handoff is one of
the important of these challenges. As mobile users move through the network
while communicating, the quality of the radio link between wireless terminal
and its radio access port may degrade. In this case, a new access port with an
acceptable link quality must be found. The handoff is the procedure by which a
mobile user’s radio link is transferred from one radio port to another to avoid
such degradation of the quality of communication link.

Handoff may require connection rerouting, i.e., a change in the optimal route
of each active virtual channel(VC) in the wired backbone ATM network. Con-
nection rerouting should be performed in such a way that the perceived QoS may

W. Chang (Ed.): AISA 2002, LNCS 2402, pp. 103-[[13] 2002.
© Springer-Verlag Berlin Heidelberg 2002
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not degenerate while the cost of the handoff is kept low. As the today’s wireless
networks tend to have micro/picocellular architecture in order to provide higher
capacity, the rate of handoff increases and the efficient management of rerouting
for handoff is crucial in providing mobility in wireless ATM networks.

The rerouting algorithms which have been proposed so far may be classified
into three categories: cell forwarding, virtual tree-based, and dynamic rerout-
ing [3]. In cell forwarding algorithm [4]5], switching function is distributed to
base stations, and when handoff occurs, an add-on connection is created to han-
dle it. Thus, this algorithm has the disadvantages that the resource is wasted
due to the overlapping of previous connection with the extension connection
and that it is only efficient in a flat network topology. In virtual tree-based al-
gorithm [6l7], multiple connections to all potential destinations are created in
advance and performs immediate rerouting when handoff actually occurs. Thus,
this algorithm is fast, but has the disadvantage that resources are wasted since
it pre-establishes connections for all potential handoffs, which may never ac-
tually occur. The NCNR algorithm [3], which is one of the dynamic rerouting
algorithms, utilizes resources more efficiently compared to virtual tree-based al-
gorithms. However its performance needs to be improved. The NCNR route is
not an optimal path. If sufficient bandwidth is not available in NCNR route,
then the handoff will be dropped.

In this paper, we propose a novel new rerouting scheme, called an adapt-
ing weight rerouting(AWR) algorithm, for supporting high-performance handoff
in wireless ATM network. The proposed AWR algorithm performs connection
rerouting by choosing an optimal virtual path consisting of the network links un-
der the constraint of maximum allowable delay. The optimal path is chosen based
on link weights, which are the values that represent the availability of network
links. These link weights are maintained in a table and are updated according to
the changing link states. The proposed algorithm is fast since rerouting is per-
formed by table look-up, is dynamic since it adapts dynamically to the changing
link states, and enhances QoS since the handoff blocking probability is reduced
by choosing the optimal path.

The paper is organized as follows. In Section [Z, the model of wireless ATM
network over which handoff problem is considered is presented. In Section[3, a
new rerouting algorithm for efficient handoff is presented. In Section[], a dynamic
resource reservation scheme is described, which enhances the QoS performance
of the handoff when combined with the proposed AWR algorithm. Next, in Sec-
tion[], the performance of the proposed AWR algorithm is analyzed by numerical
simulation. Finally, a brief conclusion is given in Section

2 Handoff Procedure in Wireless ATM Networks

Wireless ATM network consists of mobile terminals, base stations, and ATM
switches. The collection of base stations connected to fixed ATM network via an
ATM switch is called a zone [3]. A zone is managed by a zone manager located in
the zone. Two different types of handoff can be distinguished. When the mobile
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user is moving within a zone, the handoff is called the intra-zone handoff. When
the user moves across the zones, the handoff is called the inter-zone handoff. Since
the rerouting in the case of intra-zone handoff does not involve ATM network
switching, we limit our attention only to inter-zone handoff.

Inter-zone handoff occurs as mobile user moves across the boundary of zones.
As the user approaches the boundary, handoff is detected and managed by some
process. Depending on who detects and controls the handoff, the handoff control
mechanisms are classified into three types: network controlled handoff(NCHO),
mobile controlled handoff(MCHO), and mobile assisted handoff(MAHO) [g]. In
NCHO, the network manages the quality of the wireless channel and carries out
handoff procedure if the quality of channel is under its threshold. In MCHO, the
mobile terminal measures the quality of radio channel and handles the handoff.
In MAHO, the mobile terminal measures the quality of the radio channel and
informs the base station of the result periodically. Then the base station carries
out the handoff procedure. In MAHO, the handoff calls can be directly forwarded
into a candidate base station. Therefore, the signal-handling load as well as the
handoff time can be reduced compared with other methods.

In this paper, MAHO mechanism is adopted and it is assumed that the
handoff procedure basically consists of the following steps. 1)The mobile ter-
minal finds that a link of better quality exists to a new candidate radio port.
2)The mobile terminal informs the present zone manager(PZM) that it desires a
handoff to the candidate port. 3)The PZM establishes an ATM connection to the
candidate zone manager(CZM), and sends a rerouting request with a copy of user
profile to the CZM. 4)The CZM establishes ATM connection to the endpoint by
performing the proposed rerouting algorithm to be described in section Bl and
requests rerouting. 5)The endpoint verifies rerouting. Upon receiving this verifi-
cation, the CZM assigns a channel to the user, and relays the channel assignment
information to the PZM. 6)The PZM relays the channel assignment information
to the mobile terminal. The mobile terminal tunes to the new channel, contacts
the CZM, and verifies the connection. 7)The CZM verifies the connection to the
end point, and the endpoint starts sending rerouted data to the CZM.

3 The Proposed Rerouting Algorithm

In this section, we describe the proposed adapting weight rerouting(AWR) algo-
rithm. The AWR algorithm performs rerouting by choosing the optimal virtual
path(VP) and by allocating the unused bandwidth of the chosen optimal VP
to handoff call. The optimal VP is chosen based on link weights, which are the
values that represent the availability of network links. These link weights are
maintained in a table and are updated according to the changing link states.
Each zone manager process maintains a network link state table. The left-
most column and the topmost row of this table list all the ATM switches, say
S1,99,...,Sn, which are reachable from the zone manager’s node. The ij-th
entry of the table is then a pair (p;;,d;;), where p;; is the normalized weight
representing the preference of choosing the link S; — Sj(i.e., the link from
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Fig. 1. A sample network of 6 wireless ATM switches

Table 1. A link state table of the zone manager of node S;

S, S5 Ss Sy Ss Se
Si[ - [(035.2)] (0.2,3) [(0.45,3)] - -
5,[(0352)] - [(0.053)[(062) | - -
S50 (0.2,3) [(0.05,3)] - [(0.05,2)[(0.175,3)[(0.325,7)
5,[(0.45,2)[ (0.6,2) [ (0.052) [ - | (0.5,4) -
S - - [(01753)[ (054 | - [(0.675,2)
Ss| - - [(0325,7)] - [(0675.2)] -

switch S; to switch S;) and d;; is the estimated delay of the link S; — S;. At
the beginning of the link state table update period, p;; is set according to an
estimated available bandwidth of the link S; — S;. During the link state table
update period, p;; may be changed according to the result of the rerouting. The
zone manager can check the states of network links and re-establishes this table
periodically or whenever the network is not busy.

Using the link state table, the zone manager makes an optimal VP list, that is,
a list of optimal virtual paths from the zone manager’s node to all other ATM
switches in the network. The optimal VP list can be made by searching the
longest path with respect to the p;; under the delay constraint. For example, if
there are 3 candidate paths from node S; to node S; and the smallest normalized
weights of the 3 paths are 0.5, 0.45 and 0.3 respectively, the first path is selected
as the optimal path from node S; to node S;. The zone manager re-establishes
this optimal VP list each time the network link state table is updated.

For example, in the sample network shown in Fig.[Il suppose that the present
connection is between S5 and Sg and that the mobile terminal moves from the
zone of S5 to the zone of S;. The zone manager of node S; establishes a network
link state table as shown in TABLE [l Then, if the maximum delay constraint
is 9, the zone manager of the node S; would establish the optimal VP list as
shown in Table Pl Thus, for the handoff from node Ss to node Sp, the optimal
rerouting path between the candidate node S; and the end point node Sg is
‘S1 — 84— S5 —Sg’. The Fig.[l shows this optimal AWR path by bold solid lines.
For comparison, Fig. [l also shows the NCNR path by bold dotted lines.

When handoff occurs and rerouting is needed, the zone manager looks up
the optimal VP list and retrieves the optimal VP information. Then, the zone
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Table 2. Optimal VP list of node S1

destination node S;|Optimal VP from node S; to Sj
Sa 51-S2
53 Sl-SB
Sy S1-54
Ss 51-54-S5
Se S1-54-55-56

manager forwards the reroute request message to all of the switches constituting
the optimal VP. The nodes that receive the reroute request message check for
resource availability using predefined resource management scheme. If the re-
sources required by the connection are available, the necessary connections are
established. If not, the handoff attempt fails and the involved parties are noti-
fied. When the switches on the network manage resources, a dynamic resource
reservation scheme can be used to further reduce the handoff call blocking prob-
ability. Section[dl describes an efficient dynamic resource reservation scheme that
can be used with the rerouting algorithm proposed in this section.

If the rerouting of data is successfully performed, then the remaining ra-
dio level handoff procedure is continued. Otherwise, the requested handoff is
blocked. The zone manager updates the weight values in the network link state
table according to the result of the rerouting. If the requested rerouting is suc-
cessfully performed, we assume that the links constituting the rerouting path
may have plenty of unused bandwidth. Thus the normalized values of these links
are increased by pre-determined amount, say 5 % of the original value. If the
rerouting fails, it means the links constituting the rerouting path do not have
enough unused bandwidth. Thus the normalized weight values assigned to these
links are decreased.

As successive rerouting occurs, a normalized weight value for any one link
may be increased or decreased to the point that additional change does not
represent real state of the link any more. To avoid such a situation, an upper
and lower limit for a normalized weight value is predetermined. The normalized
weight can be changed between the two limits.

The AWR algorithm focuses on minimizing the handoff blocking probability
more than on minimizing the handoff time delay. Thus, the optimal rerouting
path is determined based on normalized weights representing estimated unused
bandwidth of network links. However, the normalized weight is not the actual
real-time information about the unused bandwidth. The normalized weights are
only estimated values collected by the zone manager. Thus we call the algorithm
‘the adapting weight’. The AWR algorithm is reasonably fast since rerouting is
performed by table look up. It adapts dynamically to the changes of the net-
work link states, since the zone manager periodically updates the look-up table
according to the known information about the network link states. Also, since
it always allocates optimal VP for handoff connection, it reduces the handoff
blocking probability.
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Fig. 2. State transition diagram for process X (¢) and Y (t)

4 Dynamic Resource Reservation Scheme
for Connecton Rerouting

In this section, we present an efficient dynamic resource reservation scheme which
can be used with the AWR algorithm to reduce the handoff blocking probability
and support various QoS requirements. The scheme described here is based on
the reservation scheme proposed in [9].

The total resource M of the link between any two WATM switches is divided
into two portions: the common resource Mo available for both new and handoff
calls and the reserved resource Mg available only for handoff calls. The amount
of Mg can be dynamically determined based on the information about network
traffic condition which is periodically collected by the zone manager. When the
resource is requested by a new or handoff call, resource allocation is performed
as follows. If the M resource is available, then both new and handoff calls are
accepted by using the M¢ resource. If the M resource is not available, then new
calls are blocked, and only handoff calls are accepted by using the Mg resource.
If even the Mg resource is not available, then handoff calls are also blocked.

Given Mg and Mg, the new and handoff call blocking probabilities can be
calculated by using a a Markov chain modeling of the system. For analysis, we
assume that bandwidth is the only network resource to be considered and that all
calls are of the same type requesting the same amount of bandwidth w. We also
assume that the new and the handoff calls are generated according to Poisson
process with rates Ay and Ap, respectively and that the service time of the new
and handoff calls have exponential distributions with mean 1/pu.

Let X (t) denote the number of calls being served by M¢ resource at time
t, and let Y(¢) denote the number of calls being served by Mg resources at
time ¢. Then, X (¢) is an aperiodic irreducible Markov process on the state space
S ={n € Z|lwn < M¢} , where Z denotes the set of all nonnegative integers.
Similarly, Y'(¢) is an aperiodic irreducible Markov process on the state space
S" = {n € Zjwn < Mp}. Fig. 21 (a) and (b) show the state transition diagrams
for the time-discretized versions of the processes X (t) and Y (¢), respectively.

The new call blocking probability can be calculated from the time-discretized
version of the processes X (t) shown in Fig. 2 (a). This is a M/M/m/m queu-
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ing system [10], where m is the maximum integer in S. Thus, the stationary
probability of X (¢) being in state n is

Y23

p

’/Tn:poav n:Oa1;2,"’vm, (1)
where
-1
k A A
pol ’,;] and p = QLA 2)
kes H

Therefore the probability that calls (either new and handoff calls) cannot receive
service of M¢ resource can be obtained by

Bczl—an, where S = {n € S | wn < M¢ — w}, (3)
nes

and the new call blocking probability is By = Be.

The handoff call blocking probability can be calculated similarly from the
time-discretized version of the processes Y (t) shown in Fig. @ (a). This is a
M/M/m’/m' queuing system, where m’ is the maximum integer in S’. Thus,
the stationary probability of Y (¢) being in state n is

o ’p%’H _ /
T =Po— ,n=0,1,2..m, (4)
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and thus the handoff blocking probability can be obtained by

By = 1—277; Be, where S ={n € S | wn < Mg —w} (6)
nes’

Since this scheme reserves resource for handoff calls, it surely can reduce
the handoff blocking probability By at the price of slight increase in new call
blocking probability Bx. This is a reasonable approach because users are in
general more upset when handoff call is dropped than when new call is blocked.
Another advantage of this scheme is that it can adapts to dynamic change of net-
work traffic condition by periodically modifying the amount of reserved resource
Mpg. The zone manager periodically collect the information about network traf-
fic condition (for example, Ax, Ag, and 1/u), and compute By and Bgy. Then
it compares these with the QoS requirements, and increases or decreases the
amount of My based on the result of the comparison.
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Table 3. Data assumption for numerical simulation

Traffic Type Traffic Type 1 Traffic Type 2
Service Type 11 2| 3| 4] 5] 6/ 7 8
Required Bandwidth(kbps)| 32| 64| 256| 1M| 64| 100| 256] 1M
1/p (sec) 120| 120| 180| 240| 120| 120| 180 240
AN 0.25|0.25| 0.2]0.15/0.25| 0.2|0.15| 0.1
A 0.2| 0.2/0.15/0.05| 0.2]0.08]0.05(0.025

5 Performance Evaluation

In order to verify the performance of the proposed AWR algorithm, we per-
formed numerical simulations over the sample network shown in Fig. [, using a
well-known commercial network simulaltion package SIMAN/UNIX. The traffic
parameters used for numerical simulations are shown in Table Bl In simulation,
it is assumed that the network is in normal state and the trunk capacity of
the link between any two wireless ATM swtiches is 10Mbps. It is also assumed
that the number of mobile users in each zone has a normal distribution and the
user’s call/handoff requests are gernerated according to Poisson process. We dis-
tinguish two types of traffic: the delay-sensitive traffic and the delay-insensitive
traffic. We assume that these two types of traffic are generated with the re-
leative frequency 6:4. We also distinguish 8 different service types. The different
bandwidths required by the calls of different service types are shown in Table Bl

Simulation has been performed for 3 different cases which represent different
network traffic conditions that may be encountered when the zone manager sets
up network link state table. Table[d show the network link state tables for these
3 different cases. The zone manager finds the optimal VP using the network link
state table, performs rerouting using that optimal VP, and updates the table
based on the result of rerouting. Successive connection rerouting would change
the relevant entry values in the table up to the upper or lower threshold. In
simulations, the threshold values wu,pper = 0.8 and ujoyper = 0.2 were used.

In simulations, we consdiered three different methods of choosing VP: AWR,
path(i.e., the path with the maximum weight under the delay constraint), Min-
delay path and Random path. The Min-delay path can be obtained by simply
searching shortest path with respect to the delay entry. The other two paths
are found as follows: First, all paths which meet the delay constraint are found.
Then, the AWR path is set to the one which has the maximum weight sum. The
Random path is selected randomly among the candidate paths.

The results of simulations are shown in Figs. BHAl For case 1 and 2, the
maximum delay constraint of 9 was assumed, while the maximum delay of 10 was
assumed for case 3. Fig. [ shows the result of simulation for case 1. The handoff
call blocking probability increases rapidly as the call arrival rate increases. Thus,
when the arrival rate is high(over 2Mbps), there is no difference between the
three methods. However, when the arrival rate is less than 0.5 Mbps, the handoff
call blocking probability of AWR, algorithm is about 30%(on the average) lower
compared with those of the other schemes.
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Table 4. Network link state tables for 3 different cases

Network link state table (CASE1)

S1 52 Sg S4 SS SG
S| - [(0.453)[(0.452)] (0.1,5)] - -
S2[(0.45,3)] - [(0.05,3)] (0.5,2)| - -
S3((0.45,2)[(0.05,3)] - [(0.05,4)[(0.05,3)[ (0.4,5)
5S4 (0.1,5) [(0.5,2) [(0.05.4)] - [(0.35,2)] -
Ss| - - (0.05,3)[(0.35,2)] - [(0.6,2)
Ss| - - [©45) ] - (062 -

Network link state table (CASEZ2)
S1 S5 S3 Sa Ss Se
Si| - ](0.38,2)] (0.3,3) [(0.32,3)| - -
S52((0.38,2)] - [(0.26,2)((0.36,3)| - -
S50(0.0,3) [(0.26,2)] - [(0.05,4)] (0.1,2) |(0.29,4)
S4/(0.32,3)((0.36,2)((0.05,3)| - [(0.28,2) -
Ss| - T [(01,2)[(0282)] - [(0.71,3)
Se| - - (0.29,4) - ](0.71,3)] -

Network link state table (CASE3)
S1 So Sg Sa 55 56
Si| - [(0.55,2)] (0.0,5) [(0.45,3)] - -
S52((0.55,2)| - (0.4,3) [(0.05,2)| - -
S3|(0.0,5) | (0.4,3) - ((0.05,3)|(0.05,3)| (0.5,2)
S54(0.45,3)[(0.05,2)[(0.05,3)] - [(0.45,2)] -

Ss| - - 1(0.05,3)|(0.45,2) (0.5,2)
Se| - 052 - -

052)

The simulation results for other two cases also show similar behavior. Fig.
shows the result of simulation for case 2. The handoff call blocking probability
increases rapidly as the call arrival rate increases, thus the handoff call blocking
probabilities are almost same over 1.25Mbps. This figure also shows that when
the arrival rate is less than 1.25Mbps, the handoff call blocking probability of
AWR scheme is about 28% lower than those of the other two schemes. This
result means the AWR scheme has the enhanced performance up to the point
28%. Fig. Bl shows the result of simulation for case 3. When the arrival rate is less
than 0.5 Mbps, the handoff call blocking probability of AWR scheme is about
25% lower compared with those of the other two schemes, which means that the
AWR schemee has good performance. In summary, we can say that by using
AWR scheme we can reduce the handoff call blocking probability remarkably
when call arrival rate is low.

6 Conclusion

We have proposed a rerouting algorithm for handoff in wireless ATM network
and verified its performance by numerical simulation. We have also presented an
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efficient dynamic resource reservation scheme, which can be used with the pro-
posed rerouting algorithm. The proposed algorithm performs connection rerout-
ing by choosing an optimal virtual path consisting of the network links with the
optimal bandwidth available under the constraint of maximum allowable delay.
The proposed algorithm is relatively fast since rerouting is performed by table
look up. It adapts dynamically to the changes of the network link states, since
the zone manager periodically updates the look-up table according to the known
information about the network link states. Also, since it always allocates optimal
VP for handoff connection, it reduces the handoff blocking probability. The per-
formance of the proposed rerouting algorithm has been analyzed by performing
numerical simulations for 4 different cases, each representing a different network
traffic condition. The results indicate that the proposed algorithm keeps the
handoff blocking probability very low when the arrival rate is low. The simula-
tion results show that with the proposed algorithm we can reduce the handoff
blocking probability by 20-30%.

References

1. A. S. Acampora: Wireless ATM: a perspective on issues and prospects. IEEE
Personal Communications. 3-4 (1996) 8-17

2. E. Ayanoglu, K. Y. Eng, and M. J. Karol: Wireless ATM: limits, challenges, and
proposals. IEEE Personal Communications. 3-4 (1996) 18-34

3. B. A. Akyol and D. C. Cox: Rerouting for handoff in a wireless ATM network.
Proc. IEEE ICUPC (1996)

4. R.Yuan et al.: Mobility support in a wireless ATM network. Proc. of 5th Workshop
on Third Generation Wireless Information Networks. Kluwer Publishers. (1995)
335-345

5. K.Y.Enget al.: A wireless broadband ad-hoc ATM local-area networks. Wireless
Networks. 1 (1995) 161-174

6. A.S. Acampora and M. Naghshineh: An architecture and methodology for mobile-
executed handoff in cellular ATM networks. IEEE J. Select. Areas Commun. 12
(1994) 1365-1375

7. O.T.W.Yuand V. C. M. Leung: B-ISDN architectures and protocols to support
wireless personal communications internetworking. Proc. of PIMRC. (1995)

8. M. Inoue, H. Morikwa, M. Mizumachi: Performance analysis of microcellular mo-
bile communication systems. Proc. of 44th IEEE VTC. (1994) 135-139

9. K. Jang, K. Kang, J. Shim, and D. Kim: Handoff QoS guarantee on ATM-based
wired/wireless integrated network. J. of KITE. 34-10 (1997) 33-51

10. D. Bertsekas and R. Gallager: Data Networks. Prentice-Hall, New Jersey (1987)
134-140



Optimal Buffering Strategy for Streaming
Service in Time Varying Wireless Environment

Taechul Hong and Youngyong Kim

Dept. of Electrical and Electronics Engineering, Yonsei University, Shinchon-Dong,
Seodaemoon-ku, Seoul 120-749, Korea
{taechori,y2k}@yonsei.ac.kr

Abstract. As 3G services begins and wireless LAN gets widespread,
we expect streaming service will become one of the dominant services
in wireless environment. However, streaming service in wireless environ-
ment is much difficult to support than in wired network, because avail-
able rate changes according to channel situation. Therefore, streaming
service quality is not guaranteed just by using delay jitter buffering. On
the other side, maximum rate buffering in each state incurs expensive
price. We approach optimal buffering problem for guaranteed streaming
service, using utility function [1] for cost and degradation. Finally, we get
the optimal buffering value by analyzing utility function and validate the
model by applying to practical system such as HDR [2].

1 Introduction

Streaming service[3] in wireless environment has lately attracted considerable
attention. Especially development of wireless LAN and the dawn of 3G services
bring about people’s expectation of mobile streaming service. However, it’s hard
to achieve guaranteed service quality for mobile streaming service due to time
varying wireless channel characteristics. In other words, wireless environment
often causes change of allowed rate according to channel situation, so we can’t
guarantee sustained streaming rate.

In order to ensure QoS in wireless streaming service, it is necessary to have
a sufficient amount of buffering. Judging from the above facts, size of buffer
must be greater than that of wired counterpart which requires the size of delay
jitter bound. In addition to that, low cost is needed for successful deployment of
wireless streaming services[4]. If cost of service is too high, people will be very
slow to adopt the new service.

Hence, it is evident that cost factor and size of buffer are important factors
for guaranteeing wireless streaming service. To take these into consideration,
we define utility function which is concerned with cost and degradation. In this
paper, we propose optimal buffering method for guaranteed streaming service
quality, which maximize the utility of user.

The remainder of this paper is composed as follows. Section 2 describes two-
state model of utility function. In Section 3, two-state model is expanded to
multi-state model. In Section 4, our model is applied to practical system (HDR).
Conclusions are given in Section 5.

W. Chang (Ed.): AISA 2002, LNCS 2402, pp. 115-[123] 2002.
© Springer-Verlag Berlin Heidelberg 2002
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Fig. 1. Two-State Modeling

2 Two-State-Model

2.1 Streaming Rate

(ap,aq: state transition rate, ug: transmission rate at good channel, pp: trans-
mission rate at bad channel)

In this section, we assume that wireless channel can be modeled by simple two
states Markov Chain (see Fig. 1) and assume user wants to get streaming rate
which lies between the transmission rate of good and bad channel. We denote
requested streaming rate as pp. From above model average channel rate can
be calculated as T = meuG + 7BuB. (where pug: steady state probability for
the good channel, ppg: steady state probability for the bad channel) Considering
buffering mechanism, we can classify into the following cases.

*up > [ cannot guarantee the requested streaming service rate

*pp < fi: Two Cases

(Dpr < pp: Complete guarantee

(2)up < pr < i: Need to compensate for degradation
In the next subsection, we the case of compensating for the degradation since
other cases are very trivial.

2.2 Degradation

As shown in Fig. 2, channel is continuously time varying between good and
bad state. In good channel, supporting rate is greater than streaming rate, so
degradation does not occur. However, in case of bad channel, supporting rate is
lower than streaming rate, resulting in the quality degradation. This degradation
is expressed as

. 1
Degradation = lim —(Tg, (ur — pp,) + Te,(ur — up,)

T—oo T

+T8, (w1 — ps) + )
= (pr —pB)Tp, +Tp, + T, + -]
= (pur — puB)7B (1)

(T: time duration of good channel, T: time duration of bad channel)
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Fig. 2. Channel State According to Time

In good channel, degradation is compensated through buffering, so total
degradation can be expressed as follows.

1
TotalDegradation = lim —(Tg, (ur — up,)
T—oo T

+[Ts, (ur — pB,) — Ta(pa, — pr)]
+Tp, (pr — pBy) — Ta, (kG — pr)] + -+

= lim %[Z Tp,(pr — pB,) — Z Te,(ne; — pr)]

=mp(ur — pe) — Ta(te — pr) (2)

If streaming rate is lower than average supporting rate, value of total degradation
will have negative value.

2.3 Utility Function

Whenever ISP (Internet Service Provider) serves streaming contents with full
rate, not every user can be satisfied. In other words, users want to get the
service not only of high quality but also with low cost. However, cost increases
in proportion to the rate increase in general. Therefore, optimization between
cost and quality is required. In this paper, we use utility function as objective
for the optimization. Utility function is widely used in economics. Here, we use
degradation and cost as the parameters of utility function. We define utility
function used in this paper as follows, and will explain each component later.

U=F(C,D)=Uc(C)Up(D) (3)

(D: Degradation, C: Cost)

Uc(C). Depending on the various environments, a wide variety of cost policies
can be applied[5]. In this paper, we assume simple cost policy which increases
in proportion to the service rate.

The motivation to use this type of utility function is as follows. In general,
people are discouraged to use the service as a charge increases. Therefore, cost
is in inverse proportion to utility[6]. If we set maximum value of utility to one,
utility function of cost is expressed as
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Fig. 3. Utility Function for Cost Part

Ue(C) = [1 - o+ 5], (W
TH
where CTH represents the cost of maximum rate service and 3 represents the
basic utility. Basic utility means that people who are willing to pay the maximum
charge for service exist. Fig. 3 shows graph for utility function for the cost part.
In bad channel, rate selection for compensation does not happen since the
requested rate is higher than the transmission rate in bad channel. However,
in good channel, rate selection for compensation is required when we consider
the cost. We denote the actual transmission rate in good channel as . We can
represent cost when using rate x as follows,

C(Cost) = a(rppp + Tax) (5)
where « is a proportional constant. If we apply (5) to (4), we get

a(rpup + Tax)

Uc(xz) =(1-— Crnt

+ 06) (6)

Then (6) represents utility function for the cost part when using rate x at good
channel state.

Up(D). Streaming service is very sensitive to bandwidth and delay. Therefore
we assume that degradation is partially elastic[6]. If degradation is larger than
Dry (degradation threshold), users have no utility. In other words, case of low
bandwidth has no utility. However, if degradation is lower than DTH, utility
is in inverse proportion to degradation. So we can express utility function of

degradation as
D

Un(D) = [1 - 55— (7)

We can also represent utility function of degradation through variable zx.
Inverse proportion exists in relation between service rate and degradation as
well as relation between utility and degradation. Therefore, we make degradation
model with rate z, and then we apply it to (7).

In Fig. 4(a) utility function for the degradation part is shown. We translate
rate into degradation in Fig. 4(b). In Fig. 4(b), DO is a quantity of degradation
in bad channel state, xT is rate required to compensate for all degradation
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(b)

Fig. 4. (a) Utility Function for the Degradation part (b) Degradation vs. Rate Change

accumulated in bad channel state. Now, we can express degradation in terms of
rate x as follows.

Do
ur —xr
Now, we apply (8) to (7), and finally get utility function for the degradation
when using rate z,

D= (x —x7) (8)

Do(z — x71)

Up(e) =1 - Dry(pr — x7)

(9)

Optimal Buffering Rate. By combining two utility function from the previous
sub-sections, we can get complete utility function through applying (6) and (9)
to (3).

Dy(z — x7) )1 — a(mpup + wa))

U(x) = Up(x)Uc(z) = (1 - Dru(pr — o) Crn

(10)

Finally, we get optimal buffering rate from the derivative of utility function (10),

d%fl = QAB’/TG.T + (ABWB[LB — ABWGxT — Bﬂ'G — A)
T _ —(ABmpup—ABngzr—Brng—A)
opt 2AB7g

(A= DBy B = o)

Dralpr—=z7)' " ~ Crm

and this rate will maximize user’s utility.

3 Multi-state Model

We extend two-state model used in the previous model to multi-state model.
Multi-state model is better to describe realistic situation. Figure 5 shows multi-
state model.

3.1 Degradation

Ai, pi represents for upward and downward state transition rate respectively and
S; denotes for the data rate in state i. We express St as streaming rate or target
rate.
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Fig. 5. Multi-State Model

The notion of degradation concept in two-state model can be applied to
multi-state model as well. Degradation and total degradation are expressed as
follows.

Degradation(Dg) = Z (St — Si)m;

S;<St
Total Degradation = Z (ST — S;)m; — Z (S; — St)m;
S;<St Si>St

3.2 Utility Function

Uc(C). Multi-state model has several good and bad states, in contrast to two-
state model. So cost function and utility function of cost can be expressed using
summation.

C(Cost) = af Z Simi + Z ;i) (11)

S;<Srt Si>St

_ a[ZSiSST Simi + ZSiZS’T miﬂ'i}

Uc(z)=1[1 Crnt

+ 0] (12)

We use the notions of “good” and “bad” as meaning of states with the trans-
mission rate greater than St and states with the transmission rate smaller than
ST, which is requested target rate.

Up (D). Degradation in multi-state model is expressed with degradation(Dy)
and compensation. Therefore, utility function of degradation is expressed
through equation (7).

D=Do— Y (;—Sr)m (13)

Dy — ZSiZST (xz - ST)’]T’L'}

Up(®) = [1 - e
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Optimal Buffering Rate. We get complete utility function for multi-state
model by applying (12) and (14) to (3).

_ X5, <5y SiTi + g, 55, TiTil
Cru

Do =328 = Sr(zi — Sr)mi
Dty

]
(15)

Uz) =1 Ji

If we rewrite equation (15),

U(T) = D(T)O(T) = [} aiwi + C1][Y2; bizi + Co]
a; = 77Ti/CTH501 =1- ZS@'SST % +B

D i.S'
bi =mi/Dru,Co =1~ Do ZSQST TST;
then we get the partial derivative of each z;.

8U/8CUJ = aj; [Sum1b1$l + CQ} + bj [sumiaixi + Cl]
= Z[ajbi + bjai] —+ ang + bjCl

Finally, we can get optimal buffering rate for maximizing utility, by solving simul-
taneous equation after arranging OU /0z; = 0 for each j. Solution is represented
by vector (equation (16)) with optimal buffering rate ;. for each state .

:Z.Opt = (f17*/z.27"'7§7N) (16)

4 A Practical Consideration (A Case of HDR)

HDR(High Data Rate) in CDMA2000 has eleven discrete states and associated
rates in each state[2]. Therefore, we apply multi-state model to HDR. (see Fig. 6)

When HDR system is applied to utility function of our multi-state model,
we can get equation (17).

U(z) = (0.844 — 0.0003z7 — 0.000157z5 — 0.00021 72
—0.0001219 — 0.00000183211 )
% (0.003z7 + 0.00157z5 + 0.00217z¢ + 0.001z 1
+0.000083z1; — 3.589) (17)

(Streaming rate= 400kbps, Cr =600 , Dpy=60)

In this case, our approach (3.2 optimal buffering rate) for buffering rate
poses a limitation. Optimal buffering rate through utility function may be dif-
ferent from rate possible in each state. Therefore our solution does not apply to
maximization of utility.

In HDR, eleven discrete states have eleven discrete supporting rate so util-
ity optimization problem is an integer valued optimization problem. Therefore,
optimization problem for utility function does not have compact algorithm and
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Fig. 6. HDR Model

in worst case, we may resort to the brute search method. In the case of HDR,
small number of states makes it possible to use brute search method. However, if
large numbers of states exist, one might find difficulty in solving the optimization
problem.

We apply two methods to equation (17). First method is a maximum rate
buffering which uses practicable maximum rate in each state without any policy.
Second one is an optimal rate buffering which uses rate calculated through brute
search method, for each state. The results are shown in Table 1.

Table 1. Value of Utility Function

Maximum Rate Buffering|Optimal Rate Buffering
Value of Utility Function 0.194 0.5767

The result clearly shows that optimal rate buffering scheme increases user’s
utility than no-policy. Therefore, it is reasonable to conclude that streaming
service in wireless environment needs to adapt streaming rate according to char-
acteristics of time varying channel for user’s satisfaction.

5 Conclusion

Buffering for streaming service is imperative to support quality guarantee. In
this paper, we propose the notion of optimal solution for buffering rate through
maximizing utility function. However, our solution does not apply directly to
HDR-like system, which makes us to solve integer valued optimization problem
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through brute search method. The critical contribution here is the introduction
of utility functions for the service guarantee in wireless environments. In future,
we will study rate bounded utility function and analytic solution for discrete
value of rate.
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Abstract. Optimum Ship Routing can be defined as “The selection
of an optimum track for a transoceanic crossing by the application of
long-range predictions of wind, waves and currents to the knowledge of
how the routed vessel reacts to these variables”. Generally, Optimum
Ship Routing was held prior to sail with predicted weather data, but
nowadays, with rapid development of Internet/Intranet technology, it
becomes possible to carry out real time weather data. This paper treats
the methodology how to solve optimum ship routing problem by network
modeling and shows a basic concept of the Web-Based Optimum Ship
Routing System.

1 Introduction

Optimum Ship Routing can be defined as “The selection of an optimum track
for a transoceanic crossing by the application of long-range predictions of wind,
waves and currents to the knowledge of how the routed vessel reacts to these
variables” [1].

The primary goal of ship routing is to reduce a voyage cost in various aspects
and keep safe during the period of vessel underway. From ancient times, a captain
has been selecting the best route considering the weather characteristics such
as prevailing wave, wind and current status in specific season and area. With
insufficient weather data, it is difficult to get the suitable route to save voyage
cost.

Recently, the Internet becomes a prevalent infrastructure to send, receive and
share information in many organizations. In this paper the optimum ship routing
problem is formulated as a network model and solved by a modified depth-first
search algorithm.

And this paper also shows a basic system configuration of web-based optimum
ship routing system and gives explanations of weather data transferring.

W. Chang (Ed.): AISA 2002, LNCS 2402, pp. 125-[136] 2002.
© Springer-Verlag Berlin Heidelberg 2002



126 Heeyong Lee et al.

2 Optimum Ship Routing Problem

On a spherical surface of the earth, the shortest path from a departure point
(Xs,Ys) to destination point (X4,Yy) is to sail along the Great Circle connecting
two points. If there exist heavy seas around a Great Circle route, to sail along
the route on a calm sea can save voyage time. The optimum route connecting
two points is to be determined by the function of the extent of obstruction and
a distance between two points.

A determination of an optimum ship route is to select the best route among
a number of candidate routes, which minimize a cost such as sailing time, fuel
consumption, etc considering weather condition. Decision variables of the prob-
lem are to be a control of course and speed. The kinematics of ship under sailing
can be described as the function of a time and position [2].

The voyage cost is to be determined by ship’s position P, control variable for
engine power and course C', and time ¢. The port cost B is to be determined by
arrival time t;. With these components of a cost, the ship routing problem can
be described by the formulation.

Minimize:

I:/F(P,C,t)ds—i—wB(tf) (1)

F(P,C,t): A function of voyage cost for position, control and time

t¢: Arrival time at a destination port

B(ty): A function of port cost for arrival time

w: A weight for port cost to be reflect in voyage cost

Where, P € R,C € Cy4

Regarding Ship Position P, Control Variable C as a function of time ¢, then
the optimum control C*(t) that minimizes cost I determines the optimum route
P*(t). A cost per unit distance ds is measured by sailing time, fuel consumption
and the degree of ship safety under sailing. Where w is 0, it means that a port
cost is discarded, otherwise w is regarded as a penalty term in the objective
function. Let R as a possible sailing region, then control variable C'y will be a
limit of allowable engine power and an extent of course changing.

3 Literature Survey

The ship routing problem can be categorized into three types according to the
solution algorithm, 1) Isochrone Method, 2) N-Stage Dynamic Programming, 3)
Calculus of Variation.

Among the recent researches, Hagiwara’s one that suggested a modified
isochrone method presented a remarkable result suitable to utilize a high com-
puter technology|[3].
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Fig. 1. Optimum route in the sailing region

3.1 Isochrone Method

An Isochrone Line (Time-Front) is defined as outer boundary of the attainable
region from the departure point after a certain time. If the weather condition is
constant, Isochrone Line will be a part of circle-arc.

The Isochrone Methods proposed by Hanssen G.L and R.W.James [1] had
been used for a long time because it offered an ease manual calculation meth-
ods and Hagiwara devised a modified Isochrone Methods suitable for computer
programming. The algorithm of Isochrone Methods is as follows.

3.2 N-Stage Dynamic Programming

N-Stage Dynamic Programming uses a Grid System, which divides a possible
sailing region into several cells. Each crossing points of cell boundary are candi-
date of waypoints. The solution algorithm of Dynamic Programming seek ship’s
trajectory that is composed of position (X,Y,T)x, k = 1,2,..., N, and Control
C), with initial time Ty and initial ship position.

3.3 Calculus of Variation

Generally, calculus of variation method is applied to a problem to minimize a
integral J. Let’s consider a simple formulation.
Minimize:

J= / " f (g, e, 7)de @)

This problem seeks a function y, to minimize integral J from z; to 2. In ship
routing problem, fis a cost function defined by ship position and time. The
calculation result of the function varies from the condition of sea state. The
optimum ship route problem solved by method of calculus of variation is to find
Y which minimize J [4][5][6].
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4 Network Model

4.1 Network Generation

A network is a special form of a graph that consists of nodes and arcs. A network
has numerical parameter such as the length, cost and transit time.

In this paper, a network called “Waypoint Network” is generated on the base
of great circle sailing method to make a practical routes.

Nodes Generation. Nodes in waypoint network are generated with the points
that lie on a great circle route and it’s neighborhood routes.

To make nodes, at first draw a great circle route between two points. and
seek the center point of great circle route. Then around the center point, draw
adjacent point around center point in a certain distance. The set that consists
of a center point and its adjacent points are called “A set of center points”.
Connecting departure point and the point in the set of center points composes a
half great circle routes. Similarly, connecting the point in the set of center points
and arrival point composes a half great circle routes. An algorithm to nodes
generation is summarized as follows.

Step 1. Seek center point C'on the great circle route.

Step 2. Seek course § between Dep. Point X (Laty, Loni) and Arr. Point
X¢(Lata,Lons)

Step 3. Draw a perpendicular 8’ to § , where ¢’ = — 90 or ' = § + 90

Step 4. Draw the point cy; apart from center point in certain distance (; to
direction of §’. Where, (;11 = (; + ¢

Step 5. C and cy; is a set of center points.

-z

Fig. 2. Set of center points

Course ¢ is calculated by the formulation.
0 =Dgrr/l

Where, Dgy, is Rhumb Line distance, [ = Lats ~ Laty: displacement of latitude.
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Initial Course A, of great circle route is calculated by the formulation.
havA, = secLiscsDlhavcoLy — hav(D ~ coLy))

where, havA = sin?(A/2), A.: Initial course, L: lat. of dep. point, coLs: co Lat
of dep. point, D: Distance.

Distance D is calculated by the formulation.
D = sin®LatysinLats + cosLaticosLatycosD L

The point apart from the dep. point in half distance of great circle distance is
calculated by the formulation.

sin(Dye/2) = [sin®(Laty — Laty)/2
+cos(Laty )cos(Lats)sin?[(Lony — Lony ) /2]]*/?

And a location (Lat ¢, Long \) of a point from a departure point with a certain
distance g and initial course A, is calculated by a formulation.

¢ = arcsin(singicosc + cospysinccosAz),

A = Ao + arctan[sincsinA, /(sing; sinccosA, )]

Fig. 3 shows nodes generated by the methods mentioned above. The nodes in
waypoint network spread around the basic great circle route so can prune un-
necessary waypoints compared with the grid system in dynamic programming
method.

Arcs Generation. Let ng as a start point, and n;, i / sas the candidate point
for next arrival. The course between ng and n;, i / = is J;, the distance is d;.
The limit of course changing is ©.

The condition for n; to be a next arrival point is d; <= D, ¢; <= 6. (Fig. 4)

4.2 Solution

Objective Function. The objective function of network model is to minimize
sailing time, fuel consumption, and to keep more safe navigation. To produce
a practical route, it is important to apply the real aspect of weather condition.
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[al}

Fig. 4. Generation of arcs and waypoint network

But in this network model, only the wave and current is to be considered. That
is, only the sailing speed due to weather disturbance and port cost according to
arrival time is to be regarded as components of cost estimation. The Objective
Function is to

Minimize:

J = Z T, + C% (3)
il
T;: Sailing time from waypoint 1 to 4
CT: Port cost due to arrival time T
Where, Iis a set of all waypoints in selected route.

Decision variables in ship routing problem are the controls of course and
speed but in the network model, to decrease the size of problem, a speed is
suggested to be constant and only the course is taken into account as a decision
factor.

Calculation of a Cost. To make a numerical experiment simple, the amount
of speed loss is calculated only by the effect of wave and current. The wind effect
is ignored because its relationship with wave is in linear.

1) Estimation of speed loss

The speed loss due to wave is affected by height, direction. Head seas, beam seas
and following seas are considered to estimate speed loss. Current is considered to
be a head current and a stern current. The estimated speed is v’ considering speed
loss due to wave (v,,) and current (v.) against a normal speed v is calculated by
the formulation:

v =0 — (v + V)

To apply weather effect into speed estimation, the possible sailing region is di-
vided into square cells in discrete manner called a weather cell. The weather cell
is a region, which has a constant weather condition. Usually, the course line of
two waypoints (ns,n;) lies on several cells. To calculate voyage cost exactly, it
is required to consider the sailing line as a composition of line segments cut bon
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Fig. 5. Calculation of cost on multi cell

several cells. To calculate voyage cost exactly, it is required to consider the sail-

ing line as a composition of line segments cut by a crossing points (w1, ws, ..., wy)

with a cell boundary. The Fig. 5 shows a schematic diagram of line segmentation.
The sailing time between n, and n; is calculated by the formulation.

T, =T, +Z Q+&) (4)

JEJ

Ts: A sailing time (cost) form dep. point to waypoint ng

J: A set of crossing points  d;: Distance tow;  v: A normal speed without
weather disturbance (;: The amount of speed loss due to current & The
amount of speed loss due to wave

Cost function d;/ (v — (¢; + &;)) means a sailing time. Total sailing time T
to arrival point ny is calculated by the formulation Ty = ., T;, where I is a
set of waypoints on a route. The port cost at the port X; considering an arrival
time Ty is B(Xy,Ty) then total cost is calculated by the formulation:

J =T+ B(X;,Ty) (5)
el

2) Port cost
The port cost is regarded to be a function for the arrival time. It is assumed
that the early and delayed arrival time occurs at the same cost.

Algorithm. To pick out candidate routes from the waypoint network, a mod-
ified depth-first search algorithm is used. The modified depth-first search algo-
rithm is to add one step more into original algorithm and use additional stack
structure to store generated candidate routes.

During the traverse sequence, if the visited node is an arrival point, the path
is registered as one candidate route. The gray node is arrival point and Fig. 6
shows that 5 candidate routes are generated.
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Fig. 6. Depth-First search algorithm

5 Web Based Optimum Ship Routing System

5.1 System Design

Prevalent Technologies to share computing resource under internet/intranet en-
vironment are HTTP/CGI, socket programming, Java Applet in addition to
ODBC, JDBC, CORBA and DCOM. Web based Optimum Ship Routing System
(WOSRS) used HTTP, Socket Programming and ODBC technology as shown
in Fig. 7.

There exists Weather Information Module (WIM), Interactive Modeling
Module (IMM) and Optimization Module (OM) in WOSRS client system and
WOSRS client system keep interfacing to various navigation equipments includ-
ing ECDIS and VDR under intranet environment. WIM can browse weather
information on general Web Browser such as Microsoft Internet Explorer and
Netscape Navigator. And WIM can directly connect to Weather Server on shore
side using socket-programming technology. The sequence diagram for socket pro-
gramming technology is shown at Fig. 8.

IMM and OM share optimum route information with ECDIS and VDR us-
ing ODBC technology. WOSRS uses ADO as local database instead of using
enterprise DBMS such as Oracle, Sybase, etc.

*ECDIS: Electronic Chart Display and Information System

*VDR: Voyage Data Recorder



Optimum Ship Routing and It’s Implementation on the Web

133

Ship Side

Weather Information

Optimum Ship Routing System

ECDIS, VDR

- Regquest Weather Info.

Interactive Modeling (GUD

Data Ihout Optimizer
- Mode

Generation

Route Planning

Solution - Ares Generation - Plan
- Browse Weather Info Representation - Costcakulation - Monitaring
- Produce - Record
Senzitivity optimum Route
Analysis
3 ) I

0ODBC

Socket Stream

- Mavigaton
Information

Shome Side

‘Web Server

Application Server

Weather Forcatng System
(Prediction & Statistics)
- Wind

- Wave
=Current

DBMS
- Weater Data

Fig. 7. Configuration of web-based distributed optimum routing system

Clignt?

Optimum Routing Systemt

Initialize and Log O

JI

Guery Data ard Prepare Transmittion(

U> Register Client(?

]
|
i
i
;
|
|
|

= Unregister ClientO

Fig. 8. Sequence diagram of socket connecting

5.2 Weather Server

It is clear that achieving the exact weather information plays a key role to
produce more precise optimum route. To implement weather prediction facility
into WOSRS is beyond the scope of this paper, so we limited the function of
weather server only to send weather information stored in DBMS to clients using
HTTP protocol. The configuration of Weather Server is shown at Fig. 10.
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5.3 Application Server

Application Server sends weather cell data to the connected clients via socket
connection. While Weather Server handles the functionality concerning DBMS,
The Application Server handles Security and User handling functionalities. Ap-
plication Server keeps and manages client information and sends weather cell
data according to clients’ request. The message protocol is shown at Fig. 11.
On receiving TTxProtol, the application severs carries out wave and current
information to clients using TRxProtocol

In Fig. 12, you can see weather cell information distinguished by color, trans-
mitted from application server. The spreadsheet on right corner shows weather
cell information such as cell name, wave height, wave direction, current.
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TTxProtocol TR«Protocol
—Command ; stringlidD -Command @ stingfid I}
—Cell ID ; unsigned long longtidl? -Cell ID; unsigned long longfidl}
—Wave Height : doublelid

—Wave Direction : doubled D
—-Current Direction : doubledidl)
-Current Speed : doubledidl)

Fig. 11. Message protocol
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Fig. 12. Weather cell on client system

6 Conclusion

In this paper, previous literatures are surveyed and the results are summarized.
A ship routing problem is formulated as a network model and is solved by a
modified depth-first search algorithm. Because the authors approached to the
ship routing problem as a navigator’s point of view, more practical route can
be produced than those of previous research. And WOSRS as subsystem of
intelligent navigation system was designed to be a web based distributed system
and implemented using ASP (Active Server Page) and ODBC.

The strong point of a network model is:
1. Isochrone Method and Dynamic programming methods can not produce a
perfect Great Circle route even though there exists no interference on the route,
but a network model based on great circle navigation methods can produce a
perfect great circle route.
2. Isochrone Method produce only one optimum route, but network model can
examine several alternative routes.

But this paper did not apply the real aspect of cost estimation in weather
forecasting, so still further research required to use this model in practical nav-
igation.
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Abstract. We have developed a residential gateway that centralizes de-
vice interfacing between the external Internet and internal devices as well
as appliance networks. We have also proposed the concept of a service
server to be implemented for a large scale of apartment complex or a wide
area house. The primary components of the residential gateway to be im-
plemented in this paper include a processor(Motorola MPC8240), per-
sistent storage(flash RAM, extend storage device), networking modules
(such as TCP/IP for Ethernet, ADSL), home networking(HomePNA,
IEEE1394, PLC), device interfaces(serial or PCI), home automation,
and telecommunication system(PSTN/SLT, VoIP, Video Communica-
tion), which are typically powered by a certain RTOS. Finally, we have
test results validating the effectiveness of both the residential gateway
and the service server.

1 Introduction

As the information and communication technologies including computers, soft-
wares, and the network are rapidly developed, the computer—related activities
are getting more generalized even at home. As the broadband network infras-
tructure such as an xDSL is popularized, internet is also used frequently for a
variety of purposes. Under the present conditions, people begin to use more than
one computer connected with one another, and several home appliances are go-
ing to be related closely with the network. Therefore, the home network utilized
for a simple terminal of the global network in the past is being expanded to
another part of the sub network. Because it is relatively hard to establish addi-
tional network lines in the home area, the pre—constructed telephone line or the
power cable can be effectively utilized as a proper transmission medium. In addi-
tion, the contemporary and new-future houses and apartments, the network lines

* This work is done by the MOCIE project; the Development of High-Performance
Scalable Web Servers.

W. Chang (Ed.): AISA 2002, LNCS 2402, pp. 137-[[49] 2002.
© Springer-Verlag Berlin Heidelberg 2002
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Fig. 1. Home Network

that are compatible with newly—proposed protocols need being constructed dur-
ing the building processes. For a variety of connecting home—area protocols with
the existing external network, we require a new gateway that does not only make
the home-area network operating in the sub—network but also connects to the
external network. A Residential Gateway(RG) interconnects home appliances by
means of heterogeneous network paths such as power cables, telephone lines, RF
and etc[I]. In the same way to the current gateways, the RG plays a key as a
router that makes a subnet with connecting the entire home-area network, and
translates different protocols to be matched to the xDSL or Ethernet established
externally[2]. Furthermore, the RG becomes gradually to meet the requirements
of the medium between Internet and the home appliances. It is necessary in
the course of evolution from simple home appliances to Internet information ap-
pliances. (Note that a RG generally supports the OSGi standard as a midstage
service transfer platform between the hardware and the system software.) In this
sense, the home network can be constructed with a home server which locates in
the center of Internet appliances, as depicted in Fig.[l. A home network in this
paper does not mean the existing electrical wires but the new local connection
system including the high-speed Internet communication and digital appliances.
It differs from the conventional home automation schemes focused on low-speed
simple data communications. However, there are a lot of problems to exchange
existing network environments into new home networks. For example, IP address
assigning that is a key to internet appliances can be a model problem. However,
it is well known that the IP header has only 32bit address fields in IPv4. Thus,
as upgrading home-network environments, home appliances need by for more IP
addresses, which incurs a serious IP address shortage problem. Moreover, the
adoption of dynamic IP address assigning in the current xDSL technology is an
obstacle against RG’s expansion to the home server. The dynamic method of
assigning IP address to maintain is the IP address pool by sharing the limited
IP addresses only when a certain network device requires. Therefore, the RG can
be activated as a normal server with IP address confirmation when required to
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Fig. 2. Overview of the system

be connected to the external network. In this paper, we also develop and imple-
ment a Service Server(SS) that offers the integrated managements and control
services for a variety of devices connected with the RG in the home area. The
SS can monitor, manage, and control the devices that are connected through
the wire and/or wireless methods to the external network for the internal RG
as well as the home automation devices. The SS can not only solve the dy-
namic IP Address assigning problem but also assigns local IP addresses to the
homenetwork devices through the Network Address Translation(NAT). It also
provides somewhat useful functions for the home network and the RG for other
additional services. In Section 2, we describe the basic structure of the RG by
investigating a Real-Time Operating System(RTOS) for the home server, the
software technologies of information home appliances including the multimedia
middleware, and the information appliance applications. In Section 3, we explain
the technologies associated with such key wire and/or wireless home networking
as Phoneline Network Alliance(HomePNA), Power Line Communication(PLC),
and IEEE1394. In Section 4, the structure and operation of the SS in cooperation
with the RG are also described. The paper concludes with Section 5.

2 Home Gateway Architecture

As shown in Fig. [, the basic structure of the RG to be implemented in this
paper consists of such common servers as a service server, a gatekeeper, and a
VOD server, which are equipped jointly at flexible places from a small house to
a large apartment complex. The RG essentially enables the followings:
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Fig. 3. Hardware architecture of the RG

— to offer more expanded services and capabilities to manage home appliances
by using the SS,

— to self-upgrade the softwares of the RG and other appliances to correct or
reconfigure those,

— to access to the home appliances from the external network even on an alias
1P, and

— to offer substantial efficience and convenience for remotely managing and
repairing the RG that needs not being in every housing complex or sub-
network separated logically nor physically.

2.1 Hardware Architecture of the RG

The basic hardware architecture of the RG is well depicted in Fig.[3. A MPC8240
of Motorola CPU which has 350MIPs capacity with 200MHz internal clock. The
RG requires high processing power to handle heavy workloads of tasks with
the protocol stacks and the Java Virtual Machine management. The MPC8240
utilizes up to 32 pieces of PCI devices by a built-in PCI controller in the 32bit
PowerPC core, and it has an effective memory mapping technique called PortX.
The 4MB x 3 flash memory stores such fundamental data as the OS, the Java
virtual machine, and the protocol stacks. After some initial processes, the data
is loaded onto the 64MB memory region. The first 512 KB of flash memory
region is used for the initial booting procedure. For Ethernet supporting, we
separate the internal and the external access ports. A switching chip switches
four ports for internal access. To support dual serial ports, one port is assigned
to PLC of LonWorks while supporting two video ports. For reducing the CPU
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load, the independent VCPex, DSPG, and IPsec chips operate data compression
and dissolution processes.

2.2 Software Architecture of the RG

Our developed RG has a basic software structure as displayed in Fig.[. All of the
protocols and the applications are implemented on the OS as stack structures.
This improves the manageability of the non-hardware part of the RG, which
also helps immediate and concise software upgrading. The primary OS is based
on a commercial RTOS, MQX2.40. Because the MQX offers all parts of kernel
sources and various useful kernel functions, it is quite helpful for developing
the specific OS and platforms. The device drivers are also implemented only for
the requirements of the compatibility with the standard device driver interfaces
of the MQX, as presented in Fig.[d After modifying the parts of the OS and
building the protocol stacks, we merge those with the application layer. However,
because the OSGi bundle is not standardized yet, the RG temporarily satisfies in-
company specification for the home appliances of a specific electronic company.
(Here, we adopt those of Samsung Electronics.)

3 Home Network

3.1 Home Phoneline Networking Alliance (HomePNA)

The HomePNA is a network based on the phone lines constructed earlier at
home, which allows one to equip the LAN at home without special equipments
like a hub and a router as described in Fig. Bl The primary characteristics of the
HomePNA is that additional building cost is low due to utilizing telephone lines
already available and that one can still enjoy the existing telephone services.
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However, the RG should be considered for signal attenuations induced by high
transmission losses of the telephone lines, and the random tree topology caused
by several bridged tabs on the line. The network should be able to steadily
operate under dynamic property changes of the transmission line conditions
that could be created by telephone hookup or line failures.

3.2 IEEE1394

The RG also supports IEEE 1394, the high-speed serial bus for accepting the
digital AV appliances. For the first time, Apple computer developed it by calling
FireWire for replacing SCSI[3], and the society of IEEE chose it as the standard
officially to call IEEE1394 which was basically developed as the interface among
home appliances such as computer peripherals, video camera, audio device, tele-
vision, videocassette, and VCR to readily be accessed to the home computer.
It has three kinds of data transmission speeds or bandwidths, 100MB, 200MB,
and 400MB, and supports the hot plug-in means appliances which can access
directly to the computer and sixty three units can be accessed to it maximally.
There are two basic data transmission methods in IEEE1394. One is isochronal
transmission where as the other is asynchronous one. Because the former is real-
time transmission, it is useful for transmitting the multimedia information like
video or audio data. As the latter is partitioning the data, it is suitable for the
transmission between the PC and the peripheral such as a hard disk or a printer.
The applications using IEEE1394 are being continuously developed.

3.3 Power Line Communication (PLC)

Our RG also supports the PLC. Using the PLC, it is not necessary to construct
the new lines for the home-area network. Several standards for the PLC are
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proposed, however our RG picks up LonWorks that is a common form to be
applied widely. LonWorks is the network control system that was originated
from Echelon[4], which is operated on the protocol LonTalk. LonWorks is not a
master-slave method but a peer-to-peer transmission method, that is, one node
of LonWorks is in the equal status to another. In Fig. 6] the intelligent device
is represented by each node, which consists of the neuron chip including the
LonTalk protocol and the transceiver appropriate to the transmission media.
Each neuron chip has an inherent 48-bit ID. The LonTalk can transmit data
through AC or DC power lines as well as general twisted pair lines according
to appropriate transceivers. As depicted in Fig. [0, the network of our system is
organized with the twisted pair and the AC power line. We can communication
through the LonWorks router among the networks on different physical media.

3.4 Ethernet

A contemporary apartment or a standalone house may include the communica-
tion line for the Ethernet inside the home with enhanced options. It should be
able to connect among each node with the hub on the Ethernet. The RG supplies
four ports of three-layer switching hubs. It provides one port which is separated
from the hardware and supports Point-To-Point over Ethernet(PPPoE) for con-
necting with the ADSL external network. Our RG shares the IP’s in terms of
NAT. Because this structure is located on the bridge interconnecting inner and
outer home network, all of the security problems should be solved through the

RG[3].
3.5 Open Service Gateway Initiative (OSGi)

Our gateway follows OSGi standard as a middle stage service transfer platform
between the physical system and the system software. The OSGi specification
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is a collection of standard API’s that define a service gateway. They address
service delivery and remote service administration as well as dependency, life
cycle, resources and device management. The OSGi’s core is a simply service
framework. Its main goal is to use the Java language’s platform independence
and dynamic code-loading capabilities to simplify development and dynamic
deployment of information-appliance applications to be implemented with phys-
ically poor resources. A service implies a self-contained component, accessible
through a defined service interface that includes the Java classes to perform cer-
tain functions. An application is built around a set of cooperating services and
can extend its functionality during the runtime by requesting more services. The
framework registers and installs services, while maintaining a set of mappings to
their implementations. It also manages the dependencies among those. A bundle
denotes a functional and deploying unit for shipping services. While the frame-
work manages service registration, unregistration, or property modification for
the services and bundle’s life cycles, it generates proper events according to each
case. Fig. [7] shows how the services are accessed to the framework to be oper-
ated in [5]. This pluggable framework is ideal for just-in-time service delivery,
because it allows the gateway device to download requested services over the
network only when needed. The framework also supports service updating and
versioning. It can be used not only for quickly checking the version of a service
that is running at a gateway but also dynamically updating this service from
a remote location. By using the scheme, the embedded devices checks its own
status and warns the device manufacturer on any network abnormality using the
home server.

3.6 VoIP

As depicted Fig.[§, the network between the gatekeeper and the gateway is com-
posed of Public Switched Data Network(PSDN) which is a ISDN, xDSL or LAN,
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and Public Switched Telephone Network(PSTN). The gatekeeper is connected
with PSTN as the external network. The terminals, gateways, and gatekeepers
are implemented to control data stream, based on recommendation of H.323 pro-
tocol stacks. In this paper, the RG supplies required functions relevant to VoIP
as follows; (i)the communication among terminals of other gateways in the same
gatekeeper, (ii)Internet telephony, (iii)interphone functions among terminals in
the same gateway, and (iv)general telephone calls. In the first case, the termi-
nal(like PAD or PC) at one household calls the terminal at another household,
which is located in the coverage of the same gatekeeper. The gatekeeper receives
the call signal and transmits the signal to the gateway at the receiving house-
hold by using the table that maintaines alias IP database of each household. In
the third case, each terminal communicates by using the gatekeeper’s alias IP
table. The PSDN and the PSTN are used for the second case and the fourth,
respectively.

The major operation of the the RG associated with VoIP is that the gate-
keeper stores the alias IP’s of relevant terminals and calls the terminal according
to the alias IP table. The gateway transforms VoIP into analogue telephone sig-
nals, or vice versa. Fig. [8] represents this VoIP communication scenario.

3.7 Video Communication

The H.323 protocol stack supports voice communication by default, and video
and data communication optionally. The gateways, terminals, and the gatekeep-
ers in this paper are capable of supporting all of voice, video and data communi-
cations. After the voice and video data are created through the video camera, the
gateway receives, packetizes, and synchronizes the data to exchange those with
each terminal through video communication. Because the transmitting terminals
and the receiving terminals communicate with each other in packet types, both
video and data communication mechanisms are quite similar to VoIP.
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Fig. 9. System architecture of the SS

3.8 Public Switched Telephone Network (PSTN)/
Single Line Telephone (SLT)

The RG operates like the switch for a common telephone network at home.
The RG provides one port of the public line (PSTN) and three ports of the
private line (SLT), and switches the latter three ports for each line to share the
public line. These private lines can be connected with the Internet telephony
service through VoIP. The RG supports the communication functions among
each home-area terminal such as the telephone or the home pad through the
private line.

4 SS System Architecture

The SS is a server to offer the integrated managements and with control high-
level services for various kinds of devices connected with the RG. It can also
monitor the devices those are connected through the wire or wireless channel
to the external network. Fig.[9 shows the basic system architecture of the SS,
which is constructed by the function of Authorization, Network Management
System(NMS), Home Automation System(HAS), and Management. All func-
tions associated with the management, monitoring, and control can be executed
on the web browser, through the security enhanced HTTPS protocol [1][2][6].

4.1 Authorization

There are two user levels; an administrator and a general user. The administra-
tor has an authority to monitor configurating the SS as well as investigating the
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Fig. 10. Master-Slave structure

status of the RG and the HA devices installed in the entire domain. The admin-
istrator establishes the access authorization for the RG and the HA devices for
general users, who have limited different classes of authorization for managing
and monitoring for both of the RG and the HA devices. A certain general user
can reestablish the access authorization level by the individual. The SS offers an
Access Control Table(ACL) for providing proper information about each user.

4.2 Network Management System (NMS)

The NMS of the SS manages the running software and configures the HA de-
vices and all registered RG’s. The administrator can also establish the ACL for
handling user registrations, service programs, and network port configuration.
The administrator monitors the SS and all devices those are registered in the
specific domain. Moreover, various statistical data stored in DB can be reported
by simple interfaces such as tables or graphs. The SS manages and controls in
the center by the top-down method on the basis of Master-Slave structure. As
shown in Fig. [0 the master SS in the center manages and controls the slave
SSs deployed in the apartments A and B.

4.3 Home Automation System (HAS)

The HAS controls each individual device connected with the RG. It provides
a user-friendly GUI which is based on the information acquired by automatic
or manual configuration awareness method. Because different devices generally
require different control mechanisms, the control function usage of the GUI is
statically provided. However, by using the OSGi Framework, the HAS dynami-
cally downloads the library(bundle) which can control specific devices. The HAS
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provides various GUI’s to control the HA devices, for assigning the unique con-
troller types such as a PC, a home PAD, a PDA, and a cellular phone. The SS
offers both HTTP and WAP protocols if the device has remote accessability.

[

4.4 Persistent Data Management (PDM)

The PDM stores and manages for the persistent data generated by the HA de-
vices and all registered RGs in the specific domain. The persistent data contains
all information associated with the home and the users, the RG, home automa-
tion devices, media data, and log messages.

4.5 Software Management

The Software Management checks the authorizations required by the RG for
the version checking and upgradeing of the software. In contrary, the RG avoids
hacking by authenticating the SS. The RG has the flexible structure which takes
various versions of the software in each module for efficient upgrade. The effective
management of the version history makes it easy to rollback to the previous
version if required.

4.6 Security Management

The Security management is divided into Intrusion Detection System(IDS) and
data security. By using the IDS the SS improves the security level, which offers
the functions of a two-level protection mechanism. It can detect and block the
intrusion of unauthorized data access. A firewall service is required for the first
level of security guarantee. Building the IDS according to the demanded security
level, it detects in advance illegal accesses to the RG. Approaches through the
web can be blocked by the HTTPS, which encapsulates the data before trans-
mission. In case of TELNET, both login ID and password can be encrypted by
loading the Secure Shell(SSH) access.

5 Conclusion

The implemented RG in this paper has somewhat distinguished characteristics
as follows. It does not only guarantee the high-speed data transmission among
home automation devices placed in the home but also has the standards of
common access methods connecting the communication devices and home ap-
pliances through both external and internal networks. It maximizes the degree of
utilization of currently—available telephone lines and CATV coaxial cables while
minimizing the additional cost for newline installation. The RG can be embedded
in an independent topology with other access networks, which makes it possible
to achieve independent network topologies at single residence. The high adopt-
ability of the RG helps the unification of heterogeneous communication lines at
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home. It also prevents the overlapping investments for infrastructure and pro-
vides the adoptability to the technologies for subscriber services, for example,
combining broadcasting and tele/internet communication, offering multimedia
services, using wire and/or wireless channels. The RG is, thus, basically suitable
for a large scale of the apartment complex employing the SS, to be available for
new services by integrating a number of functions for the home server. It offers
an interface with the HA devices which is evolving in various ways. The home
gateway keeps developing with the changes of external networks, home networks,
access networks, and market trends. To meet the rapidly-changing customer’s
requirements, the existing plug-in type home networking modules will gradually
be changed into the form of integrated box. Therefore, it is urgent to make a
standard for the core devices of the home gateway which can support various
multimedia services, deliveries, and shares the data provided by the network
devices at home through Internet.
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Abstract. Space-time block codes (STBC) have no coding gain but
they provide a full diversity gain with relatively low encoder/decoder
complexity. Therefore, STBC should be concatenated with an outer code
which provides an additional coding gain. In this paper, we consider the
concatenation of multiple trellis-coded modulation (MTCM) codes with
STBC for achieving significant coding gain with full antenna diversity.
Using criteria of equal transmit power, spectral efficiency and the num-
ber of trellis states, the performance of concatenated scheme is compared
to that of previously known space-time trellis codes (STTC) in terms of
frame error rate (FER). Simulation results show that MTCM codes con-
catenated with STBC offer better performance on slow fading channels,
especially much better on fast fading channels, than previously known
STTC with two transmit antennas and one receive antenna.

1 Introduction

Space-time block codes (STBC) are one of remarkable modulation techniques,
which were first discovered in [I]. Using 2 transmit antennas and M receive an-
tennas, STBC provides a diversity order of 2M at the receiver. STBC does not
require any feedback from the receiver to the transmitter. An important issue is
the ability of STBC to obtain maximum advantage under different fading situ-
ations. STBC is not designed to achieve an additional coding gain. Therefore,
STBC should be concatenated with an outer code which provides an additional
coding gain. In [2], it was shown that optimal trellis codes designed for AWGN
channels are also optimal for use with STBC in slow Rayleigh fading environ-
ments in terms of error event probability. But the results are not necessarily
optimal if the channel conditions are changed, or if bit error rate (BER) or
frame error rate (FER) is considered as a performance measure.

Divsalar et al. [3] have shown that the multiple trellis-coded modulation
(MTCM) codes, transmitting k* M-ary signals per trellis branch, provide per-
formance gains on the fading channel. Periyalwar et al. [4] have modified the
MTCM codes and proved that additional gain can be obtained on Rician fad-
ing channels. In fading channels, MTCM codes show better performance than
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Ungerboecks TCM codes [§] for the increased design parameters and additional
temporal diversity effect when fading variation is relatively fast. There are sev-
eral papers on the concatenation of TCM codes with STBC [5], but very few on
the concatenation of MTCM codes with STBC. The main purpose of this paper
is to investigate and validate the use of MTCM codes as an outer code with
STBC.

In this paper, we consider the concatenation of MTCM codes with STBC
for achieving additional coding gain with full antenna diversity. Furthermore,
a closed form of the pairwise error probability is obtained for both fast and
slow fading channel under the assumption of perfect channel state information.
Using criteria of equal transmit power, spectral efficiency and the number of
trellis states, the performance of concatenated scheme is compared to that of
previously known space-time trellis codes (STTC) in terms of FER.

2 System Model

We consider a wireless space-time coded systems with two transmit antennas
and one receive antenna. The channel is frequency non-selective fading and it
is assumed that channel state information is known to receiver perfectly. The
received signal at time t is given by

2

T = Z hicin/Eq +n; (1)

i=1

where h¢ is the complex Gaussian channel path gain from transmit antenna i; E
is the energy per symbol; ¢! is space-time block coded symbol transmitted via
transmit antenna ¢ at time ¢ ; 7, is the additive complex white Gaussian noise
at time ¢ with zero mean and variance Ny/2 per dimension.

The amplitude of the envelope of the received signal is a normalized random
variable with a Rician probability density function given by

p(hi]) = 2|hi| (14 K)e Xm0 O 10 bl KA+ ), |hi] =0 (2)

where the Rician fading parameter K represents the ratio of the direct and
specular signal components to the diffuse component and Iy () is the zero order
modified Bessel function of the first kind. As a special case, K = 0 yields Rayleigh
fading, and K = oo describes the AWGN channel.

Fig. [ illustrates the block diagram of the considered system employing
MTCM concatenated with STBC. In Fig. [, the block size of the interleaver
is N in symbol duration and the interleaver output is defined by mapping func-
tion f(t). STBC encoder/decoder blocks are used for giving full antenna diversity
gain to conventional MTCM codes and they consist of relatively simple block
coding technique. Then, the outputs of the STBC decoder are sent to MTCM
decoder using the conventional Viterbi algorithm.
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Fig. 1. Concatenated system of TCM/MTCM codes with STBC

3 Performance Analysis

Assuming that the MTCM encoder sends a codeword x = (z129 - @ - - 2;) to
the STBC encoder where [ is the codeword length and x; is a trellis-coded symbol
at time t. Then, space-time block coded symbol ¢; = (cf,c?) is transmitted to
receiver via fading channel and it is assumed that the fading coefficient hi is
constant across two consecutive symbols for STBC decoding [1], i.e., h, ; =

3

2n*

It is assumed that a codeword x was transmitted, the conditional pairwise

error probability p (x — x’|h',h?) that a maximum likelihood decoder erro-
neously chooses the codeword x’ = (z{z5-- -z} - - x]) can be written as

p (X —x ’hl,h2) <Pr {m (r,x/;hl,hz) >m (r,x;hl,hQ)}

1 2 1 2
=Pr {Z m (Tzn—h Ton, 'r/f(Qn—l)’ 33}(271)% han—1> Mo 15 hap, h2n>

n

> Z m (7‘271—17 T2n, L f(2n—1), L f(2n); h%n—lv hgn—lv h%na hgn) } . (3)
n
Decoding error occurs when soft decision metric m (r,x’;h',h?) is larger than
metric m (r,x;h',h?), where r and h’ are given by r = (riro -7y --7), hi =
(RiRY - hi---RhY), respectively.

After some manipulation by using the Chernoff bound, the pairwise error
probability conditioned on the fading coefficient h', h? is well approximated by

p(x = x'|h',h?) <exp {—5\;0 Z <|h%n’2 + |hgn|2)

)

2
X (‘xf(Qn—l) - x}(Qn—l)‘ + ‘xf(%) - xlf(%)
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We may rewrite (@) as

E
oo ) <o (<5 (o
ten

where 7 is the set of all ¢ such that z; /=].

2 2
+ ‘hf*(t)

Vi - x;|2> 5)

3.1 Fast Fading Channels

Let us assume that codeword lengths tend to be much smaller than the inter-
leaver size, i.e., N > L. In that case, the entire ‘h},l(t)

hiip| int €n
are independent samples of Rician random variables with Rician parameter K
in fast fading channels. Then the pairwise error probability can be obtained by

averaging (5) over the pdf of h', h? and can be written as

9

2
, 1+ K K& lo — il
p(x%X)SH i3 s A OE 12 :
ien \1+ K + 53 |2 — 2 14+ K + 55 |z —
(6)

If K — 0, the channel yields the Rayleigh fading channel and (@) can be written
as

plx = x) < (E 2 — ) (7)

If K — oo, the channel describes the AWGN channel, and (@) can be ap-
proximated to (g)

E )\ E 2\”
/ s / o s ’
p(x = x') <exp <_4No E lze — ) = exp (_4N0 [x — x| ) - (8)

It is worthwhile to note that in (7)), the pairwise error probability of the MTCM
codes concatenated with STBC varies inversely proportional to the product
of the squared Euclidean distances to the second in Rayleigh fading channel
(i.e., K — 0). As the Rician parameter K approaches to infinity, the pairwise
error probability largely depends on the squared Euclidean distances between
the correct and the incorrect codeword. When K is moderate value (i.e., 0 <
K < 0), the code performance can be explained as follows. At the low E,/Np,
the pairwise error probability is greatly influenced by the squared Euclidean dis-
tances between the correct and the incorrect codeword. It is important to note
that the product of the squared Euclidean distances can be used as a dominating
parameter for the pairwise error probability at high Fy/Ny.

3.2 Slow Fading Channels

Now it is assumed that the entire fading coefficient in error event path is con-
stant in slow fading environment, i.e., h;y = h* for all ¢. Then the pairwise error
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probability can be obtained by averaging (B) over the pdf of A, h? and can be
written as

1+ K

p(x = x') <
1+ K+ £ 3 |y — o)
ten

2
K% t; |2 — @y
n
xexp | — w 5 : (9)
1+ K+ 4%0t§|xt—x;|

If K — 0 (Rayleigh fading), (@) can be written as

—9 o
Eq 2 Es 2
4NOlet—x;|> < (g lx=xI?) - o

ten

p(x—x)< <1+

If K — 0o (AWGN), ([@) can be approximated to (§). In slow fading channels,
the pairwise error probability of MTCM concatenated with STBC varies on the
squared Euclidean distances between the correct and the incorrect codeword
for any Rician parameter K, and it is also expected that code with large free
distance will show better performances.

4 Simulation Results

In this section Monte Carlo simulations of the considered codes are achieved.
We consider transmitting a frame of 192 information bits in 20 msec. The 12 x 8
block interleaver is used for symbol interleaving. The carrier frequency is 2 GHz
and it is assumed that the channel state information is known to the receiver. For
outer code of STBC, we consider TCM and MTCM codes with 4-state and 8-PSK
signal constellation proposed by Ungerboeck [§], Divsalar [3], and Periyalwar [4]
for spectral efficiency of 2 bit/s/Hz, which have the same number of state and
spectral efficiency as the STTCs proposed by Tarokh [6] and Firmanto [7]. In
Fig. [ - Fig. B, the FER curves are plotted against the signal-to-noise ratio,
defined as SNR = 2E/Ny.

Fig. Bl shows the FER of the considered space-time codes on fast Rayleigh
fading channels. It is worthwhile to mention that diversity advantage refers to
the slope of the FER curves versus SNR. In Fig.[3], it is shown that the Divsalar
code with STBC and the Periyalwar code with STBC have steeper slope than
the Ungerboeck code with STBC and the STTCs. At the FER of 1072, the
performance gain of the Divsalar code with STBC over previously known STTCs
is about 7dB. This is due to the fact that the Divsalar code with STBC and
the Periyalwar code with STBC can achieve additional temporal diversity gain
using multiple modulation symbols per trellis branch, while the STTCs and the
Ungerboeck code with STBC have the diversity order of 2. It is well known that
some space-time trellis codes achieve an additional horizontal shift of the FER



156 Uiyoung Pak et al.

10 8
107"
2
g107% ¥
g
m
£
107 '
[T
1070 = TCM (Ungerboeck) + STBC
—— MTCM (Divsalar) + STBC
—4— MTCM (Periyalwar) + STBC
- STTC (Tarokh)
5|l ©~ STTC (Firmanto)
10 T T T Il Il Il
6 9 12 15 18 21 24 27
SNR

Fig. 2. Performance of space-time codes on fast Rician fading channel ( K = 10 dB, 2
bits/s/Hz, mobile speed =120 km/hr)

curves which is called coding gain. At the FER of 1072, the coding gain of the
Ungerboeck code with STBC over the Tarokh code is about 4 dB, and is about
2dB over the Firmanto code. It is in good agreement with [7] that the Firmanto
code shows better performance than the Tarokh code, but the concatenated
codes outperform the two kinds of the STTCs (i.e., Tarokh code and Firmanto
code).

Fig. Plillustrates the performance of the considered space-time codes on fast
Rician fading channel with Rician parameter K = 10 dB. It is noted that as
predicted by the performance analysis results in the previous section, the Unger-
boeck code with STBC shows better performance than any other scheme. This
result can be explained by the fact that the free distance of the Ungerboeck
code with STBC is the largest among the considered TCM or MTCM codes. It
is also noted that as the SNR increases, the Periyalwar code with STBC out-
performs the other considered codes. At the FER of 1072, the Ungerboeck code
with STBC offers an improvement of about 3.5dB over the Tarokh code on fast
Rician fading channels. In Fig.[l- Fig. Bl it is shown that the performance of the
considered space-time codes on slow fading channels. In slow fading channel, as
previously mentioned, the FER is mainly determined by the free distance, and
it is worthwhile to notice that the Ungerboeck code with STBC shows the best
performance among the considered codes. In slow Rayleigh fading channels, the
coding gain of the Ungerboeck code with STBC over Tarokh code is about 3 dB
at the FER of 1072, which was also observed in [5].
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In both fast and slow fading channels, the MTCM codes concatenated with
STBC offers better performance than the previously known STTCs. Moreover,
the MTCM concatenated with STBC shows much better performances than the
TCM concatenated with STBC on fast fading channels, and almost the same
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performances as the TCM concatenated with STBC on slow fading channels.
It is worthwhile to mention that the significant coding gain in addition to the
diversity advantage can be achieved while the decoding complexity is mainly
determined by the trellis complexity of the outer codes.

5 Conclusions

We have shown that the MTCM concatenated with STBC outperforms previ-
ously known STTCs with two transmit antennas and one receive antenna in both
fast and slow fading channels. From the simulation results and the analytical
comparison, it is shown that the performance improvement of MTCM concate-
nated with STBC is significant in fast fading channels and the improvements
are mainly resulted from the additional temporal diversity gain and coding gain.
In slow fading channels, the performance of MTCM concatenated with STBC is
also better than the previously known STTCs. Moreover, it is shown that the
performance improvement can be obtained while keeping the complexity almost
the same as the STTCs.
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Abstract. Operators require new features and capabilities for current
wireless systems to support increasing demand of high speed data ser-
vices. Packet Control Unit (PCU) is a new node in a Base Station Con-
troller (BSC) to provide high speed packet data service. The major re-
sponsibilities of PCU are as follows: segmentation/assembly of Point-
to-Point (PPP) frames to/from ACN stream, session management, flow
control and congestion control, DCR PLICF, and short data burst man-
agement for dormant calls. In this paper, Medium Access Control (MAC)
layer in the PCU is analyzed for cdma2000 wireless network. With re-
spect to QoS functionality in MAC layer, session setup delay is observed.
In the simulation, it is assumed that the maximum transmission rate for
forward link is 153.6 kbps while the transmission rate for reverse link is
fixed to 9.6 kbps.

1 Introduction

The cdma2000 standard is essentially a stepping stone to true 3G technologies
and it enables to offer significant benefits and capabilities to both users and
service providers. Most notable among these are high packet data for users and
better usage of the RF link for service providers. It is also important to note that
the cdma2000 can be implemented in exiting network infrastructures (IS-95) with
little new hardware requirement. One of new hardware features of the cdma2000
is PCU which provides the BSC connectivity to the Packet Data Service Node
(PDSN). In this paper, Medium Access Control (MAC) layer in the PCU is
analyzed for cdma2000 wireless network. With respect to QoS functionality in
MAC layer, session setup delay is observed. In the simulation, it is assumed
that the maximum transmission rate for forward link is 153.6 kbps while the
transmission rate for reverse link is fixed to 9.6 kbps.

A block diagram of wireless communication system is presented in the Fig. [Tl

1.1 Base Station Transceiver System (BTS)

The BTS is the cell site equipment that links the mobile units with the Base
Station Controller (BSC). The BTS incorporates the transmitter, receiver, power
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Fig. 1. A block diagram of wireless communication system

amplifiers, timing, and channel signal processing. Multiple BTSs are connected
to the BSC via T1/E1 links. The bandwidth of T1 link is 1.536 Mbps and 2.048
Mbps bandwidth for E1 link. For cdma2000, the BTS has new features to handle
not only voice traffic but also packet data traffic.

1.2 Base Station Controller (BSC)

The primary functions of BSC are voice coding, echo cancellation, processing
handoff related messages, and providing power control. For IS-95, the BSC con-
tains the resources, for example, Circuit Control Unit (CCU), for setting up
and maintaining circuit voice and data traffic channels between BTS and Public
Switched Telephone Network (PSTN). To support high speed packet data ser-
vice for cdma2000, Packet Control Unit is introduced and is responsible for the
termination point for the BSC connection to the PDSN. The physical connection
between PCU and PDSN is either 10Base-T Ethernet (10 Mbps) connection or
OC-3 (156 Mbps) connection to support high speed data throughput.

2 PCU Software

Fig. [ illustrates the software entities of the PCU and detailed description of
each entity can be found in [I]. The following subsections provide a high level
view of the PCU software.

2.1 MAC Control Plane Entity

DCR PLICF: Dedicated Common Router Physical Layer Independent Control
Function is responsible for providing the control and status information to
the corresponding DCR data plane entity. It is also responsible for setting up
and tearing down packet sessions. DCR PLICF operates in three states: Null,
Active, and Dormant. The Null state is its default state prior to activation of
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data service. When the data service is invoked and after the service option
is connected, then it transitions to the Active state. When the dedicated
resources which were assigned to the packet data service are released, the
DCR PLICF transitions to the Dormant state. In the Dormant state, the
DCR PLICF directs packet data traffic through short data bursts over a
common traffic channel.

Session Manager: The Session Manager is responsible for managing resources
for packet sessions. It takes and processes requests from mobile station for
setting up and releasing packet sessions with the PDSN.

RP: The Radio Protocol entity encapsulates Point-to-Point Protocol (PPP)
frames into RP frames and tunnels them through to the PDSN.

2.2 MAC Data Plane Entity

DCR: The main functionality of the Dedicated Common Router is to send the
data packet to the dedicated channel using Radio Link Protocol (RLP). The
DCR is involved only in the forward direction.

RR: The Reverse Router entity is responsible for routing data packets from
mobile station to the PDSN.

2.3 Priority Scheduling

Data traffic has absolute higher priority than signaling message and especially
reverse direction traffic has strict higher priority than forward direction traffic.
Within the control plane entities, higher priority entity starts with the order of
Session Manager, Packet Session, and RP. The PCU controls the usage of CPU
by serving higher priority buffer first. A lower priority buffer is preempted when
a higher priority buffer is requested to serve.
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3 MAC Layer Call Flows

This section provides MAC layer call flows with the emphasis on the PCU.

3.1 Null to Active or Dormant to Active State Transition

Fig. Bl illustrates message flows of session initiation or dormant to active state
transition.

The mobile station sends SessionAllocateReq to the Session Manager on the
PCU. This message contains Callld among other parameters. Then the Session
Manager allocates a Packet Session object and responds to the mobile station
providing the Packet Session Id, the signaling ACN address of the Packet Session
in the SessionAllocate Rsp message. The mobile station now sends a SessionCon-
nectReq to the Packet Session. The Packet Session initiates the setup of the RP
connection by sending ConnectReq to the RP control entity which sends an In-
coming Call Request message to the PDSN. Then the PDSN responds with an
Incoming Call Reply message to RP and RP indicates the successful connection
setup to the Packet Session. After mobile station receives SessionConnectRsp
from the Packet Session, PPP session is established between the mobile and the
PDSN.

3.2 Active to Null or Dormant to Null State Transition

Fig. @ illustrates message flows of active to null or dormant to null state transi-
tion.

For PPP termination with session release, the mobile station sends Ses-
stonDisconnectReq to the Packet Session. The Packet Session terminates the RP
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connection to the PDSN by sending DisconnectReq to the RP entity which sends
Call Disconnect Notify message to the PDSN. As soon as the CDN is reliably
delivered to the PDSN, the RP control entity clears all references to this Packet
Session’s data layer entities and responds to it with DisconnectRsp message.
The Packet Session responds to the mobile station with it SessionDisconnectRsp
and transition to null state. The mobile station initiates a deallocation of the
packet session object by sending SessionDeallocateReq message to the Session
Manager which deallocates the packet session and sends SessionDeallocateRsp
to the mobile station.

4 Simulation Setup

In our simulation, every session, for example, WWW or ftp, is assumed to cor-
respond to a distinct mobile user. The session arrival is assumed to be Poisson
distributed random variable and the session inter arrival time is exponentially
distributed random variable. The average session holding time has exponential
distribution with mean 180 [sec]. The active and dormant call holding time is
exponential distribution with mean 20 [sec], respectively, so that the average
number of active calls per session in five. During the active time, packet is ar-
rived at every 20 [msec] for reverse traffic. The packet inter arrival time for
forward traffic depends on the data transmission rate. It is assumed that the
maximum data rate for forward direction is 153.6 kbps while the data rate for
reverse direction is fixed to 9.6 kbps. The steady state PCU CPU utilization for
high data rate traffic is assumed as given in Table [1l

The average setup delay to transit to active state is shown in Fig. Bl In this
case, it is assumed that all session users use the same data rate. Since 2X calls
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Table 1. Steady state PCU CPU utilization for each data rate traffic

Data Rate CPU Usage CPU Usage Total CPU Usage
kbps for Forward Traffic [%] for Reverse Traffic [%)] (%]
19.2 (2X) 0.073 0.073 0.146
38.4 (4X) 0.164 0.073 0.237
76.8 (8X) 0.3 0.073 0.373
153.6(16X) 0.66 0.073 0.733
12 !
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Fig. 5. Average null to active or dormant to active setup delay with respect to simul-
taneous active calls: data rate is fixed to certain rate

utilize less CPU than higher data rate calls, it is allowed more simultaneous 2X
calls before the call setup delay increases abruptly. With the CPU defined in
Table [, the number of allowable simultaneous active calls is 80, 160, 310, and
470 for 16X, 8X, 4X, and 2X, respectively. If the number of active call in the
PCU is above those numbers, the average setup delay is significantly increased
and it reached beyond the upper limit of allowable setup delay in QoS point of
view.

In Fig. B the data rate is mixed based on a certain distribution which is
assumed that 6% for 16X, 8% for 8X, 10% for 4X, and 76% for 2X calls. The
average setup delay is abruptly increased at the utilization factor, the ratio of
active call arrival rate in the PCU to PCU service rate, is about 0.85 and the
simultaneous number of active call is about 350.

5 Conclusion

In this paper, the average null to active or dormant to active setup delay was
observed for PCU which is a new component to serve high speed packet data
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traffic. As the demand of high data packet usage is increased, it is recommended
to use faster CPU to process large number of simultaneous active calls. The
flow control and congestion control study for MUX device shown in Fig. [[] are
important to satisfy different QoS requirements for voice and data, less voice
packet delay and less data packet loss.
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Abstract. Object-oriented frameworks require thorough testing as they
are reused repeatedly in developing numerous applications. Moreover,
frameworks must be retested each time they are adapted and extended
for reuse. Frameworks, however, have properties that make it difficult to
control and observe the testing of the parts that were modified or ex-
tended. This paper describes a scheme of encapsulating test support code
as built-in test (BIT) components and embedding them into the hook
classes of an object-oriented framework so that defects caused by the
modification and extension of the framework can be detected effectively
and efficiently through testing. The test components built into a frame-
work in this way increase the testability of the framework by making
it easy to control and observe the process of framework testing without
incurring changes or intervention to the framework code.

1 Introduction

One of the current trends in object-oriented technology is to develop software
as a framework[1l2]3]. A framework supports efficient software development by
providing a pre-implemented architecture common to a family of applications to-
gether with hot spots designed to be adapted to each particular application. An
object-oriented framework consists of various cooperating abstract and concrete
classes[4]. Some of the classes in the framework are designed as hook classes to
serve as the hot spots that can be adapted and extended within the limits the ar-
chitecture permits. That is, the framework is reused in application developments
by adapting and extending the hot spots provided as hook classes according to
the class inheritance and object composition mechanism.

Since frameworks are to be reused repeatedly in many application develop-
ments, they need thorough testing. Moreover, each time a framework is extended
for reuse, it requires additional testing to check for possible progressive faults
and regression faults. Systematic testing on a framework is therefore crucial
for the reliability of framework-based applications. Frameworks, however, have
properties that make it difficult to control and observe the process of framework
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testing needed whenever they are modified and extended for reuse in developing
applications.

Usually, the execution of the extended parts of the framework is controlled
by the framework itself, which makes it difficult to set up initial test conditions
of the framework and to drive test execution. Since it is not easy to predict the
starting point of the execution and to observe the result of the test, it is also
difficult to detect occurrences of malfunctions. Consequently, it is not easy to
force the classes adapted and composed for reuse to satisfy the constraints the
framework assumes, or to discover constraint violations in advance. If changes are
made to framework code arbitrarily to intermingle it with test support code to
enhance the controllability and observability of framework testing, the reliability
of testing can be compromised due to possible interferences of test code with the
framework code.

In order to overcome such problems, this paper proposes a scheme for embed-
ding test support code as BIT(Built-in Test) components into the hook classes of
the framework without incurring changes or intervention to the framework code.
The test components built into the framework in this way make the testing of
the adapted framework more controllable and observable, and thereby enable
us to effectively detect, through tests, the faults generated during framework
adaptation or extension.

This paper is organized as follows. Sect. 2] reviews related work. Sect. [3 and
Sect. [ discuss the testability and hot spots of a framework, respectively. Sect.
presents our proposed design scheme for embedding built-in test components
in framework hot spots. Sect. [0 describes a case study in which we applied the
design scheme to the testing of a sample framework. Sect. [f]concludes this paper.

2 Related Work

Many testing methods for object-oriented software have been proposed [5J6I[7I8JOITOITTITZ].
For example, ASTOOT/7] offers an algebra-based class test method and sup-
port tools, while ClassBench[8] provides a state-based class test method and its
support environment. An incremental test for the class hierarchy[9] and object-
oriented integration testing methods|[I0] have been also introduced. Binder[6/11]
comprehensively presented test design patterns and methods to construct a test
support environment for object-oriented software. The XUnit[T2] provides test-
ing frameworks for many programming languages to support writing repeatable
unit tests of classes. For example, the JUnit[I3] framework, which is a version
of XUnit framework for Java, can be extended to implement a suite of test
cases for a Java class, and any other test support code necessary to automate
running the test cases. Edwards[14] proposed a strategy for automated gener-
ation of test drivers, test cases, and test oracles as BITs for components (or
classes) given their specifications. As with our testing approach, both the XU-
nit’s and Edwards’ strategies separate the testing infrastructure code from the
units under testing. Difficulties in testing adapted frameworks are well-known,
and several solutions have been proposed in the literature[6ITH/I6IT]. Fayad, et
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al.[17] presented a method in which the test-case generating codes, packaged in
Built-in tests(BITs) classes, are embedded into the framework, and reused in
framework testing, being inherited and adapted during framework adaptation
and extension.

Although all of the testing approaches and methods mentioned above are
useful for framework testing, they do not address explicitly the testing problems
specific to the hot spots of a framework in which modifications are made when-
ever the framework is reused for developing applications. Our approach differs
from, and complements the previous work in that it focuses directly on increas-
ing the testability of the variable parts of a framework that need more frequent,
and so, more efficient testing than other parts of the framework.

3 Framework Testability

Software testability means ease of revealing software faults through tests[TT/T8/19].
For effective framework testing, high testability must be maintained when devel-
oping, adapting or extending a framework. Software testability can be affected
directly or indirectly by many factors[I1]. In this paper, we focus on the following
four factors that have direct influence on framework testability:

1. controllability: the ability to set up and control test conditions

2. sensitivity: the ability to capture and expose traces of malfunctions in re-
sponse to tests

3. observability: the ability to observe test results externally

4. oracle availability: the ability to determine or obtain expected test results

Besides testability, there are other important quality factors such as reliabil-
ity, robustness, flexibility, modularity, and performance that a framework must
maintain at a high level. Though testability is generally complementary to other
quality factors, it could conflict with them in some cases. For example, increas-
ing a framework’s test sensitivity could cause malfunction by faults to occur
more frequently, and consequently to reduce reliability and robustness. To take
another example, if a framework’s controllability and observability get higher,
then reliability, flexibility, modularity or performance could be degraded since
concealed information could be revealed and components of the framework might
be possibly interfering with each other.

In order to increase framework testability without adverse effects on other
quality factors, we designed a scheme for encapsulating test support codes as
a set of tester components separated from the framework under testing and
embedding them into the framework with little change to the framework. Since
test support codes are embedded as BIT components with little interference to
the framework under test, enforcing testability does not sacrifice other quality
factors such as reliability and modularity. Furthermore, the tester components
are designed to be attached or detached as needed so that framework testability
can be higher during tests and lower in operation in order to avoid performance
degradation due to the overhead incurred by the execution of tester components.
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4 Framework Hot Spot

A framework is composed of frozen parts designed to be shared among appli-
cations without modification, and hot spots designed to be adapted to specific
needs of the application . A framework also prescribes rules of composi-
tion and interaction among the system components which must be observed
when adapting hot spots. Those rules can be defined precisely using the design
by contract principle[22/23124].

The frozen and hot spots of an object-oriented framework are encapsulated
in methods of classes. The method for a frozen spot is called a template method,
and the method for a hot spot is called a hook method[2002T]. The class that
contains template methods is called a template class, and the class that contains
hook methods is called a hook class. The template class and the hook class can
be of different classes or the same class. When they are different, the hook class is
adapted and extended by composing an object from a subclass of the hook class
into the template class through an instance variable which references the hook
class object. When they are same, the hook method is adapted and extended by
subclassing the unified template/hook class.

Framework P Extensions |
Component,
i hivlethod()
Frozen part Hot spot i
me=eeresgrn L S0 o RiEE
Template o S Hook T
[~ '7{'1_:_;_ *

T I e : -
Mlethod( ) hiethod() i o
attachicmp: Hook) ] :
detach{cmp: Hook) . W

hivlethod()

P i
] T
¢ | nRef-=nMEthos) '

Fig. 1. Framework Hot Spot

Pree classified the composition among the template and hook classes of a
framework into 7 patterns[20]. An application built from an object-oriented
framework provides its functions through interactions allowable among the tem-
plate and hook class objects compounded according to the composition patterns.
The variable functions implemented through adapting and extending the hook
classes, and the interactions among the frozen spots and extended hot spots of
the framework must be (re)tested to check for possible progressive faults and
regression faults. Fig. [l shows a framework hot spot in which a template class is
associated with its hook class that can be extended into subclasses as represented
by Component,;.
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Fig. 2. Class Structure of BIT-Embedded Framework Hot Spot

5 The Design Scheme
of BIT-Embedded Framework Hot Spot

This section describes the proposed design scheme for embedding tester compo-
nents into the hook classes of the framework in order to facilitate testing whether
the framework’s functional contracts are observed when the hook classes are ex-
tended to adapt to an application. The design scheme is illustrated using the
UML diagramming notations and the C++ language.

The types of test support components we devised to enforce framework testa-
bility are test controllers, test sensitizers, test monitors, test oracles, and test
loggers. The test controller increases controllability by setting up and initial-
izing test conditions for framework hot spots. The test sensitizer increases the
framework’s sensitivity to faults by capturing and leaving traces of malfunctions
during test execution. The test monitor increases observability by monitoring
actual results of test execution and judges pass/fail of the test by comparing
the actual with the expected results. The test oracle helps the monitor judge
pass/fail of the test by giving expected pre-conditions, post-conditions and in-
variants of the test cases. The test result, passed or failed, is sent to the test
logger by the monitor. The test logger records and stores the test result according
to the current test context.

The class diagram in Fig. Zlshows the composition pattern of a BIT-embedded
framework hot spot in which the tester components are embedded into a hook
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class of the framework. Subclasses that extend the hook class is the framework
CUTs (classes or components under test). The classes in the dotted area of the
diagram represent the tester components embedded or attached to the frame-
work hot spot. The TestController and TestLogger are the tester components
attached from the outside of the CUT, while the other components are BITs
embedded into the CUT. The CutTester is an abstract base class of the BIT
components which provides the same interface as the CUT for the template class
object through the hook class. The CutSensitizer and CutMonitor are designed
as subclasses of the CutTester class, which is a subclass of the hook class. The
BITs and the CUT form a chain structure connected through the tCut, which
is an instance variable of the CutTester class. The Template object is composed
with the CUT through the Hook class interface referenced by the hCut variable.
Via a chain of the BIT components in between, the template object is connected
to the CUT located at the end of the chain.

When its hMethod is called, each of the tester components embedded into
the CUT as elements of the chain structure performs its own testing function
before and after forwarding the hMethod call to the successor component con-
nected through the tCut variable until it reaches the CUT. During the process,
however, the functional behavior between the Template object and the CUT is
not interfered with by the tester components attached to the CUT. The design
pattern of the tester components is similar to the Decorator design pattern[4].
Testing functions on the CUT are distributed over, and encapsulated by the
tester components. The outermost CutMonitor plays the role of a proxy which
watches the template object have access to the CUT[4].

The CutSensitizer in Fig. [2 captures the clue data critical to the testing of
the CUT before and after it calls the hMethod through tCut. For example, the
CutSensitizer keeps the state before the CUT is called, so that it is possible to
inspect post-conditions and invariants after calling. The CutMonitor checks if
the contract is violated by inspecting the pre-, post-conditions, and invariants
before and after the CUT calls the hook method. The test results are collected
and recorded by the TestLogger.

The CutOracle referenced by the CutMonitor calculates the expected result
after the CUT executes the hook method. The CutMonitor judges pass or fail
of the test by comparing the expected result obtained from the CutOracle with
the actual result obtained from the CutSensitizer.

The TestController initializes the other tester components and drives the test
execution. Before starting the test execution, it generates an object structure
instance of the CUT and BIT components, and embeds the generated BITs in
the CUT instance. It then initializes the BIT-embedded CUT and the TestLogger
to the condition required by the current test case.

Fig. B shows an object structure which has a test monitor, sensitizer and
oracle between the template object and the CUT object instantiated according
to the BIT-embedded composition pattern in Fig. 21 Fig. dl shows a sequence
of interactions among the template, CUT and tester objects of Fig. B when the
tMethod of the template object is called by the TestController.
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Fig. 3. Object Structure of BIT-Embedded Framework Hot Spot

Referencing the hCut variable, the tMethod of the template object calls the
hMethod of the hook class object. The invocation of the hMethod is forwarded
to hMethod of the CUT by way of the CutMonitor and the CutSensitizer. The
execution result returns to the tMethod of the template object by way of the
CutSensitizer and the CutMonitor. With the help of the CutOracle, the Cut-
Monitor checks the pre-, post-conditions and invariants of the CUT before and
after the hMethod of the CutSensitizer is called, and passes the inspection result
to the TestLogger. The CutSensitizer captures and stores the states of the CUT
before and after the hMethod of the CUT is called. During this process, however,
the interaction between the template object and the CUT is not interfered with
by the CutMonitor, CutSensitizer and CutOracle.

The object structure of the hot spot in Fig. B and Fig. @l shows a 1:1 com-
position of a hook class object and a template class object. The BIT embedding
method proposed in this paper supports the framework testing for 1:n compo-
sition where a template object is compounded with many hook class objects,
as well as for 1:1 composition. For example, in the object structure allowed by
Fig. [, where a template object is 1:n compounded with many hook objects,
the BIT components are embedded into each of the hook objects. Although this
paper exemplifies a case with only one hook method, testing can be easily ex-
tended to the interactions between a template object and a hook object that has
several hook methods. In such a case, the BIT-embedding process is defined for
each hook method in the same way as the BIT components are embedded in the
hMethod in Fig.[2

6 A Case Study

This section describes a case study we performed to justify our approach. The
framework exemplified here is an alarm monitoring framework that we imple-
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mented in C++ for use in applications such as process control monitoring sys-
tems. The framework can be extended to an alarm monitoring system which
raises an alarm upon change to an abnormal state according to the current
measurement and configuration.

The class diagram in Fig. [ shows a part of the composite structure of the
alarm monitoring framework. The InPoint is the class which directly inputs mea-
sured values from the outside. The DerivedPoint class calculates new measured
values or state values, using the measured values acquired from other Point
class objects. AlarmMonitor, a subclass of the DerivedPoint class, senses state
changes, depending on the changes of measured values, and gives an alarm upon
change to an abnormal state. AlarmMonitor is a hook class compounded into
the Point class, and can be extended to various subclasses depending on the
applications.

The AlarmMonitor will be the CUT to which the tester components are at-
tached in the example framework, and have the state behavior which is specified
in the Statechart[25] shown in Fig.[d. If the measured values received as param-
eters when the update operation is called exceed either high or low limits, the
AlarmMonitor raises high or low alarm. It also has deadbands to avoid repeating
alarms that might occur when the measured values fluctuate between upper or
lower boundaries. Fig. [7] shows one possible sequence of interactions between
the objects of an alarm monitoring system when a sequence of measured values
comes from a single input source.
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Fig. 8 shows a class structure in which tester components, as BITs, are em-
bedded into the CUT, AlarmMonitor. The classes in dotted area of the diagram
indicate the embedded BITs, which are CutMonitor, CutSensitizer and CutOra-
cle. The CutMonitor and the CutSensitizer are connected to each other through
tCut, an instance variable of their superclass, CutTester. The CutSensitizer in-
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spects and captures the internal states of the AlarmMonitor before and after it
calls the update function through tCut. The CutOracle is designed to simulate
the state behavior in Fig.[6 The Cut Monitor is designed to check if the CUT
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violates the pre-, post-conditions and invariants, comparing the actual behavior
from the CutSensitizer with the expected behavior from the CutOracle. Other
tester components, such as a test controller which initializes test conditions and
drives the framework testing, or a test logger which collects and records the test
results, are also designed to be attached to the framework under testing. As
test cases, we used sequences of update function calls whose parameters are the
measured values. Each of such test cases represents one of the paths of a state
transition spanning tree whose paths are the state transition sequences allowable
within the operational mode in the statechart in Fig.

At the initial stage of the testing, the test controller instantiates the tester
components and embeds them into the CUT. When the test controller attaches
an AlarmMonitor to the InPoint object, the BITs embedded in the AlarmMon-
itor are also attached together with the AlarmMonitor. The tester components
were implemented in such a way that they were integrated with the framework
under testing without incurring changes or intervention to the framework codes.
The tester components can be dynamically detached and attached as needed at
run-time.

Fig. @ shows how the tester component objects, designed according to the
pattern in Fig. Bl are embedded into the AlarmMonitor object which is com-
pounded as a hook class object into the InPoint object. Upon testing, not only
establishing test conditions but also monitoring test results are done transpar-
ently without intervening in the alarm monitoring function of the system.

In order to check if the tester components work properly in testing the BIT-
embedded alarm monitoring system, we planted some errors in the system that
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may not be easily detected but cause abnormal state changes, and performed
testing with test patterns as explained in the previous section. Two cases of
testing have been done: with and without embedding BITs. In the case of tests
with BITs, abnormal state changes caused by errors were recorded by the test
logger without any omissions, though not all the known errors were detected.
Meanwhile, in the case of tests without BITSs, only a subset of the errors that
could be detected by the BITs, such as giving a false alarm by misjudging a
normal state to be abnormal, were detected by the alarm logger.

Though Fig. @ illustrates only a simple case in which a single input and a
single alarm monitor are involved, we did successfully apply our testing scheme
to more complicated cases in which multiple input sources and multiple alarm
monitors were involved in a variety of configurations. Fig. [[0] shows one of such
cases in which each alarm monitor has its own set of built-in test components
except for the test controller and the test logger that are shared by the system.

7 Conclusion

This paper has described a scheme for increasing the testability of an object-
oriented framework by encapsulating test support code as built-in test (BIT)
components and embedding them into the hook classes of the framework. Test
components built into a framework in this way make it easy to detect defects
caused by the modification and extension of the framework through testing. Us-
ing our scheme, the test components can be attached and detached to/from the
framework at run-time as necessary without incurring changes to the framework
code and without affecting its functional behavior. We showed how the pro-
posed testing scheme worked for testing of a particular framework. The example
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framework with which we performed the case study was, however, a small one
compared with the real-world frameworks in actual use. We plan to elaborate
our testing scheme with more case studies so that it can scale up well for testing
larger frameworks.
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Abstract. Due to the explosive growth of the Internet, stream services
are becoming more popular. The large media servers supporting thou-
sands of concurrent media streams have to satisfy us with both good
throughout and high availability. Although they are reciprocal from the
viewpoint of system performance, the stream service continuity, as well
as throughput, should be considered in clustered media servers. This is
because media stream services should be continuously available to the
clients even on the event of system failure. In this paper, we propose
LSS and RRD mechanisms for the purpose of guaranteeing continuous
stream services. These mechanisms provide additional functionalities for
the traditional media servers. This paper focuses on how to apply these
mechanisms to clustered servers with the minimum overhead according
to the cluster size.

1 Introduction

A wide range of applications in entertainment, business, and education require
the development of scalable multimedia servers that can support efficient means
of storing and delivering digital audio and video objects to many clients. For
example, video-on-demand applications require supporting thousands of con-
current video streams and storing a large number of video objects. Clustered
multimedia servers consisting of a set of processing nodes, each with a local
disk array, connected by a high bandwidth network, have been proposed [T2/3]
to provide a scalable solution that meets the requirements of concurrent media
streams.

In general, the basic requirement for any continuous media servers is the
delivery of isochronous streams. A second key requirement is providing high
availability and continuous delivery in the presence of failures. Availability is
more critical in a scalable server such as a clustered system. However, as the
number of components (nodes and disks) in the clustered systems increases, the

W. Chang (Ed.): AISA 2002, LNCS 2402, pp. 183-[[93] 2002.
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probability of system failure increases, resulting in the outage of media stream
services to clients. In conventional clustered systems, when a system failure oc-
curs, the clients have to wait until the services resume. This is unacceptable
for continuous media applications like as video-on-demand and Internet broad-
casting. These applications require that media contents should be continuously
available to the clients even on the event of system failures.

Consider the example of a home movie theater. In the event of a system
failure, it would be certainly more desirable to watch the movie continuously
within a short time than to stare at the blank screen. To do this, it is nec-
essary that streams from the failed nodes must be reassigned to some healthy
nodes with minimum service disruption [4]. Component faults causing the over-
all system failure can roughly be classified into the storage system faults and
the service delivery system faults. Most of current works in this field address
the high availability of storage systems because it causes a system-wide impact
and plays an important role in media contents management. However, this alone
cannot guarantee the overall service continuity. To guarantee the service conti-
nuity, we should address not only the availability of storage systems to deal with
storage system faults, but also continuous stream services to deal with service
delivery system faults. In a popular mobile Internet, the mobility and the limi-
tation of power and resources in mobile devices could result in frequent service
disconnection during stream services.

This paper proposes three mechanisms for guaranteeing continuous stream
services in the event of system failures happened during service delivery, and
investigates the impact on the performance caused by using them. The basic
concept of our mechanisms is the management of status, which is used to resume
the closed service. It is important how to exactly resume the closed service
within a short time. These mechanisms provides additional functionalities for
the traditional media servers, so that our main focus of this paper is to find out
how to apply these mechanisms to clustered servers with a minimum overhead
according to the cluster size.

The rest of the paper is organized as follows. In Section 2, we describe the
previous works related to this research project. Section 3 describes a general
clustered architecture for media servers. Section 4 introduces the proposed mech-
anisms for guaranteeing service continuity, and formally describes the goal of our
mechanism. Simulation results are presented and analyzed in Section 5. Finally,
we present the conclusions and discussions for the future work.

2 Related Works

Most of the previous works on high availability in media servers focus on storage
systems because the media contents stored on them are the most important re-
sources in the media streaming service. Some of them [7RI9IT0] focused on RAID
schemes across disks within a single server, while others [3I11] addressed disk lay-
outs for real-time multimedia applications without considering high availability.
So as to guarantee quality of service, we have to address real-time issues as well
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as high availability in stream services. Tewari et. al. [0] studied mirroring and
software RAID schemes with different placement strategies that guarantee high
availability in the event of disk and storage node failures on clustered system,
while satisfying the real-time requirements of media streams.

Recently there have been some researches for designing a failure and overload
tolerance mechanism for continuous media servers [4]. They proposed solutions
for graceful recovery from overload scenarios arising out of server failure or cus-
tomer interactions, but they did not consider the recovery mechanism to resume
the closed service. In other words, they focused only on the overload management
of media streaming service in the event of failure. Another work [12] related to
this paper investigated the suitability of a clustered architecture for designing
scalable multimedia servers. Specifically, it evaluated the effects of both architec-
tural design of cluster and read-ahead buffering and scheduling on the real-time
performance provided by the server.

3 Clustered Server Architecture

A clustered server architecture, illustrated in Fig. [Il consists of a set of nodes
connected by a inter-cluster network. Here we briefly outline the architecture
aspects required in the subsequent sections of this paper. Each node has a set of
local disks attached to it. The nodes of a clustered architecture can be divided
into two logical categories: delivery nodes and storage nodes. The clustered server
can be configured to behave as a flat architecture or a two-tier architecture [3]. In
the flat architecture, each node provides functionalities of both storage node and
delivery node. However, in the two-tier architecture, the nodes are partitioned
into two categories, respectively. In either architecture, the delivery nodes send
media streams stored in their disks to clients through Intranet or Internet.

In this paper, we assume the high availability techniques for disks such as
software RAID [B]. The failure of a delivery node will result in the loss of all
streams served by that node. All streams using failed node for delivery will lose
their connection, so that these streams should be resumed from another delivery
node after a new connection is established. In this case, the service continuity is
not guaranteed
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4 Proposed Mechanisms for Service Continuity

This section describes the proposed mechanism for continuing media stream
services on the failure of delivery node at a clustered architecture. The purpose
of our proposal is that closed services resume within a short time from a near
stream position terminated on the failure.

4.1 Schemes for Service Continuity

In order to guarantee continuous playout, the failure of delivery node and storage
node including disks must be considered. In case of the failure of storage system,
its availability scheme was studied in the previous papers [3J67/SJ9JI0]. The
typical MTTF (Mean Time To Failure) value for a single node is around 18,000
hours. This means that the MTTF of some node in a ten-node clustered system
is on the order of 1,800 hours (approximately 75 days). Handling node failures
becomes increasingly important because they not only occur more frequently
but also cause more disruption to service [8]13]. The key concept of the proposed
scheme guaranteeing continuous services at delivery node is status monitoring,
by which we can decide the position to resume the stream services during failure
recovery.

In Fig. [@, at time t3, a primary process has carried the video stream of
position p2 to a client, and a backup process kept up the streams delivery status
(position p2). At time t, let Pprimary and Pygckup be the stream positions of
the primary and backup processes, respectively. Then the equation, Pyockup <
Pprimary, is always satisfied because the backup stream follows the primary
stream. The synctime is the time taken to finish status synchronization, and
it depends on the size of status information and network capacity. Assume that
a fault occurs on a delivery node at time t4 before the completion of status
synchronization. Note that the stream position of the backup process is p2. Also
assume that the status is synchronized at every two-stream period (As). Then
there is a position difference (Ap) between the primary and backup streams.
This means that the client gets the stream between p4 - Ap to p4 positions
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twice, once by the primary before the failure and once again by the backup
process after recovery from the failure. To reduce Ap, we have to reduce the
synchronization period As. By reducing the period, we can provide more smooth
service continuity for clients, but additional system overload is required. Also,
since it is not desirable for clients to stare at the blank screen for long time, the
resumption time (Ar) should be reduced. This paper suggests the mechanisms
guaranteeing continuous stream services with the objective of minimizing the
resumption time. The proposed mechanisms provide additional functionalities
to the traditional media servers and are explained below. The main focus of this
paper is how to apply the proposed mechanisms to clustered servers with the
minimum overhead according to cluster sizes.

LSS (Log Streams Status) Mechanism. LSS is a technique that logs the
status of streams that were already sent via each delivery node. So as to apply
the LSS mechanism, we assume that there is a fault-tolerant node called the log
node in the clustered server, which logs the status of streams from each delivery
node. Among the status information are the movie title, the client identification,
the stream position, and so on. Among them, the stream positions should be
updated to the log node at every synchronization.

For example, let us assume that there are ten processes that deliver MPEG-2
movies (90 minute) into ten clients at 4.5 megabits per second. Then, the log
node gets 54,000 updates for ten movies. If the synchronization period is very
short (i.e., Ap is very low) or the client requests are overflowing, the number
of log updates becomes extremely high. This phenomenon brings a serious bot-
tleneck to the log node. Even though this mechanism is simple, it takes a long
resumption time (Ar) for another process to resume the closed service, since
the initial operations such as process creation, resource allocation, and media
accesses should be redone.

RRD (Ready Resource for Instant Delivery) Mechanism. In this mech-
anism, whenever a primary process starts a stream service, a backup process is
created on another node with the purpose to takeover the service when a fault oc-
curs in the node where the primary process runs. Let us assume that the number
of backup process for one primary process serving a normal stream service is one
in this paper. Considering the above example again, there are twenty processes
during ten movies playout. The primary process forwards the status information
to its backup at every synchronization. With this scheme, the backup process is
always ready to resume the stream service when the primary process fails. By
doing this, compared with the LSS mechanism, the RRD mechanism can reduce
the resumption time (Ar) dramatically.

We propose two methods for the backup process to prepare media contents
to resume the stream service. With the first one called RRD-disk, the backup
process uses its local disks on the assumption that all media contents are in the
disks of all nodes. Therefore, the RRD-disk requires at most two times as much
as normal IO operations to IO subsystem. In the second method called RRD-
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net, the primary process forwards the media contents instead of the status to its
backup. By doing this, the RRD-net method be able to resume the stream service
directly from the latest contents. The RRD-net brings overload to the network
subsystem. In the above example, let us assume that there are four nodes in the
clustered server. While the RRD-disk requires additional disk read of 29.6GB
(7.4GB/node), the RRD-net requires additional 29.6GB network traffics at inter-
cluster network. Both methods reduce the service resumption time, but waste
system resources to make the backup process ready for service resumption.

4.2 Overhead Analysis

In this subsection, we analyze the overhead imposed by applying the proposed
mechanisms to the traditional media servers for service continuity in case of
failures. We first define some notations as follows

— Nyode : the number of nodes in a clustered server

— Npproc : the number of primary processes

— Niproc : the number of backup processes

— Tyiskio : disk access time for retrieving media contents

— Tproc : additional execution time for continuous service in the primary and
backup processes

— Trss : synchronization time for updating status at LSS (refer to Fig. 2]

— TRrRD—disk : synchronization time for updating status at RRD-disk

— TRRD_net : Synchronization time for updating status at RRD-net

— ForwdOH : overweight delivery time in inter-cluster network than normal
condition due to traffic congestion

— SyncRate : the rate of status synchronization (refer to Fig. 2]

First, as for the case of LSS, there is only the overhead of forwarding sta-
tus information to the single node. The overhead is expressed in the following
equation:

3 T . .
Npproe - PTOC
OHpsg = —=——

e + Z Trss X ForwdOH (1)

Npproc

where the first term is trivial since there is no backup processes in LSS and
primary processes only send simple status information. The second term is time
for delivering status information to the log node. Second, the RRD-disk creates
a backup process for each primary process. Each primary process forwards its
status to the backup process, which then prepares media contents for reducing
the service resumption time. So, we can express the overhead as follows:

2N,

p

proctNoproc Tproc " ZNWW Taiskio X SyncRate
Nnode Nnode

+ Z TrRD—disk X ForwdOH  (2)

Npproc

OHRRrp—disk =
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where includes the execution time to deliver and receive media contents both at
the primary and backup processes. The second term is due to the disk access
time for preparing media contents. The last term is due to the delivery of status
information to each delivery node. Finally, in the RRD-net, each backup pro-
cess gets the media contents from the primary process instead of its local disk,
resulting in the following overhead equation:

2 Nyproet Nuproe Lproc
Nnode

+ Z TRRD—net X ForwdOH (3)

Npproc

OHRRD—net =

where the second term is due to the delivery of media contents to each delivery
node. Note that, as for the synchronization time, the following inequality satisfies

TrrD—disk < Trss < TRRD—net (4)

Let us analyze the above overhead equations. In equation (), the overhead is
directly proportional to the ForwdOH variable that increases linearly with the
number of nodes and status synchronization. This is because we assume the single
log node. In equation (@), the second term can cause somewhat overload due to
heavy disk accesses, but its overhead is inversely proportional to the cluster
size. As for the RRD-net, since Trrp—_net is larger than Trss and Trrp—disk,
the cluster size gives a great influence on the overhead by the second term in
equation (B). Through the above equations, we can conclude that, with the same
number of concurrent clients, the RRD-disk gets better than the others in terms
of the overhead as the cluster size increases. A large cluster size causes a serious
overload in both LSS and RRD-net.

5 Simluation Results

This section presents the simulation results for the proposed service continu-
ity mechanisms. The simulation model is implemented using CSIM [14]. Every
resource (delivery nodes, disks, inter-cluster network device) in the simulation
model is modeled as a single server queue. The model assumes the followings:

— The client requests are uniformly distributed into delivery nodes

— The throughput of inter-cluster network is two times higher than that of

disks

The throughput of inter-cluster network decreases ten percent whenever the

number of node becomes double

— Disk throughput decreases in proportion to the number of processes accessing
the file system

— A clustered media server concurrently processes 500 clients

Buffer cache for disk read is not considered

The main goal is to analyze the impact of the proposed mechanisms on the
performance of the clustered media server. In order to do this, we ran a set
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of simulations with various synchronization rates and cluster sizes. We show
the simulation results for two-, four-, and eight-node clusters with various syn-
chronization rates. The x-axis indicates the rate of status synchronization. The
higher the number in the x-axis is, the more accurate the consistency is. Let us
consider the example (90 minute movies) described in Subsection 4.1. If we keep
up 50% status consistency, there are 2,700 synchronizations per a client. The
y-axis indicates the number of streams delivered to clients per second.

Fig. Blshows that the LSS mechanism imposes 2%-9% of performance degra-
dation on the traditional media server, which is indicated with the normal line,
when the cluster size is as small as two nodes. Both the RRD-disk and the
RRD-net show severe performance degradations because of the heavy disk traffic
and network traffic, respectively. Among two RRD schemes, RRD-net demon-
strates up to the average 25% performance improvement over RRD-disk except
for around 100% synchronization rate. After 70% synchronization rate in RRD-
net, the media server throughput is a little decreased due to frequent network
traffics. On the other hand, the performance of RRD-disk is smoothly decreased
according to synchronization rates.

However, as shown in Fig. [, as the size of the cluster server increases, the
performance of the RRD-disk gets better. This is because the processing power
increases to handle disk 10. Compared with two-node cluster, RRD-disk demon-
strates up to 25% performance improvement. As for LSS in four-node cluster,
the node increase has strong impact on the media server throughput. This shows
up to 10% degradation in throughput compared with LSS in two-node cluster.
Besides, according to the synchronization rates, the throughput is smoothly de-
creased, although there is a little change in two-node cluster. In case of RRD-net,
it is the similar phenomenon as LSS. However, around 70% synchronization rate,
the throughput is more dramatically decreased than before.

The performance gaps between RRD-disk and the other two become bigger
as shown in Fig. Bl This is because, as explained in the previous section, the
performance overheads of the LLS and the RRD-net increase with the server



Guaranteeing the Continuous Stream Service in Cluster Media Servers 191

350 x x x x
L ¢ i
300 PR
250 |- g—= = —d
...... Moowun L, %
200 - |
stream /sec T
150 normal <— T
LSS +
100 = RRD-disk =— 7
50 + RRD-net -x-- —
0 l l l l
30 50 70 100

rate of status synchronization

Fig. 4. Media Throughput under Service High Availability (Cluster of 4 nodes)

800 x x x x
700 F 2 o= &
600 | D GCRE I >(“‘ to + _
500 - e ]
stream/sect00 - X4

normal <—

300 LSS + 7
200 - RRD-disk B— —
100 - RRD-net X - _

0 ! ! ! !

30 50 70 100

rate of status synchronization

Fig. 5. Media Throughput under Service High Availability (Cluster of 8 nodes)

size, but that of the RRD-disk does not. In all cases, as expected, the per-
formances decrease as the synchronization rates increase. Specially, in case of
RRD-net, the symptom of performance degradation happens more early than
other mechanisms. The RRD-disk shows a much smoother degradation than
other two mechanisms, and shows more up to 18% performance improvement
than four-node cluster.

So as to assess the degree of scalability of the proposed mechanisms, we
performed another simulation. The results are shown in Fig. [6, which shows the
number of streams per node per second, as the cluster size increases from two to
eight nodes. This figure shows that the performance of the RRD-disk is getting
closer to that of the normal case than those of the LSS and the RRD-net, as
the size of the cluster server increases. This means that the RRD-disk is more
scalable than LSS and RRD-net mechanisms, although they are also scaled up
with cluster size.
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From the above two simulations, we can conclude that the RRD-disk shows
much better performance as the size becomes large, and the LSS and RRD-net
are useful in small cluster size. Also note that the resumption time of the RRD
is much shorter than that of the LSS mechanism.

6 Conclusions

In this paper, we proposed three mechanisms guaranteeing continuous stream
services on failures happened during service delivery in wired or mobile Inter-
net. The basic concept for supporting service continuity is the management of
status by which we resume the closed services within a short time in the events
of failure. Since these mechanisms provide additional functionalities for the tra-
ditional media servers, we have to minimize the performance overhead imposed
by applying the mechanisms on the traditional media servers. So as to do that,
we analyzed and simulated the performance overheads. The simulation results
showed that the mechanism overhead was variable according to the cluster sizes
and status synchronization rates. Compared with normal throughput provided
by traditional media servers not supporting high availability, three mechanisms
showed 2%-47% performance degradation. Therefore, we finally knew that se-
lecting a proper mechanism according to the cluster size we could provide con-
tinuous stream services for multimedia applications with the minimum overhead.
As future works, we are studying the recovery algorithm based on LSS and RRD
mechanisms, and also analyzing the cost performance of three mechanisms.
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Abstract. Emerging IT technologies, specially Internet communication
and webbased technologies are adopted to the modern distributed con-
trol systems. This paper defines a functional framework for the web-
based applications of a distributed control system connected by Internet.
XML(eXtensible Markup Language) is used for representing a control
system and control devices. These IT technologies make a distributed
control system more flexible and scalable than existing distributed con-
trol systems with the standard RMI protocols such as CORBA or DCOM.

1 Introduction

Modern Internet and information technologies(IT) enable the control systems
to utilize the distributed environment connected by computer networks, such
as field-buses, Ethernet, ATM, and wireless networks. By adopting these in-
formation technologies in WAN(Wide Area Network), the geometric range for a
distributed control system becomes wider and wider, and in turn, a new software
framework is required for this new environment [1].

A software for the Internet-based distributed control systems is used to be
designed using the standard software components that operate on the top of
the industry standard middlewares such as CORBA (Common Object Request
Broker Architecture) from OMG (Object Management Group) [2/3] and COM
(Component Object Model) from Microsoft [J5]. Using these kinds of middle-
wares that support the network-based software components makes a distributed
control system more flexible and manageable.

However, because these middlewares primarily aim the general Internet-
based applications, they have important problems to be directly used for the
distributed control systems [6//7].

— Since two major middleware standards, DCOM and CORBA, are not com-
patible with each other, it is hard to maintain the interoperability between
them [§].

— Since the network messages for these middlewares hardly pass through the
security barrier like a firewall, they are not likely used in the distributed
control systems across the WAN boundaries.

W. Chang (Ed.): AISA 2002, LNCS 2402, pp. 195 2002.
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Fig. 1. Global Control Domain

— Since these middlewares are primarily developed for the general-purpose
operating systems such as Microsoft Windows or Unix, it is difficult to apply
them to the embedded control systems directly [9UI0].

To overcome these difficulties in using CORBA or DCOM, a new protocol,
SOAP (Simple Object Access Protocol), is proposed as a RMI(Remote Method
Invocation) for the Web-based applications. Since SOAP uses HTTP (Hyper Text
Transfer Protocol), it is suitable for designing a control systems in WAN environ-
ment like Fig. [l. However, the current version of SOAP standard defines only a
simple protocol format for a remote method invocation, a SOAP message struc-
ture should be defined in detail to use SOAP for a distributed control system.
This paper defines the SOAP message structure for a distributed control system
for the remote monitoring and control. This paper is organized as follows. Section
2 introduces the background technologies that are needed to design the control
system. Section 3 proposes a control domain and SOAP message structure. Sec-
tion 4 demonstrates the implementation example. Finally, Section 5 concludes
this paper.

2 Background Technology

2.1 eXtensible Markup Language (XML)

XML, a standard protocol defined by W3 organization, is a meta-language to
describe other languages [I1]. Since the underlying philosophy of XML aims flex-
ibility and portability, it is possible to design a platform-independent RMI using
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XML. XML can be considered as two kinds of objects: a document and data.
XML as a document, is used to make a document and define tags and technolo-
gies. XML as a data, is considered as a transfer syntax as well as data types
[12]. In addition, hierarchical data structure of XML is very useful to convey
the internal data structure between the distributed control systems. Recently,
to utilize XML data more efficiently, XML Information Set(XML InfoSet) is
proposed. With XML InfoSet, network traffic can be reduced for the realtime
communication.

2.2 Simple Object Access Protocol

SOAP (Simple Object Access Protocol) is a HTTP-based RMI(Remote Method
Invocation) protocol and has a message structure defined by XML standard [13].
Since only a web server module is necessary to use SOAP, ranges of embedded
control systems are able to maintain interoperability with other platforms using
SOAP. The packet format of SOAP is similar to that of existing ORPC(Object
Remote Procedure Call) that is used in DCOM or CORBA IIOP/GIOP. This
similarity makes it easy to convert most of the existing objects and methods
written in DCOM or CORBA to SOAP-based objects and methods. SOAP uses
URL(Uniform Resource Locator) and URI(Uniform Resource Identifier), for the
object references and method requests [14]. Even SOAP has the same func-
tion as ORPC, SOAP has following advantages over other RMI methods: First,
since SOAP is a plain text, it is easy to bind various protocols. Second, while
ITOP(Internet Inter-ORB Protocol) of CORBA and Java RMI requires very
bulky infrastructure for a remote object reference or a garbage collection, SOAP
doesn’t require it.

3 Web-Based Framework for Control Domain

This section defines the SOAP message format and XML document for the
application software for a distributed control system.

A large distributed control system, defined as a control domain, consists
of several sub-domains that include multiple devices as shown in Fig. [[} Inter-
networking between control domains is gated by a proxy server. The proxy server
between control sub-domains gives several merits. First, the proxy server can
moderate the network traffic, that is a very important issue for the real-time
operation of the control systems. If a real-time control system is open to the
public Internet, it experiences high network load as well as attacking from out-
side. For the real-time operation, the network between control devices should
be isolated from the public Internet. This isolation is easily achieved by us-
ing the proxy server, with which each control devices exchange their data with
each other without being interrupted from the outside traffic. Second, the proxy
server can maintain a high level of security. Real-time control system can be
efficiently protected from the active attacks such as DOS(Denial of Service).
Last but an important point is to compensate the inherit stateless property of
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domaininfomation
+domainName : String 1 1 deviceList
+deviceCount : Integer [ —<@+device : device
+deviceList
1 -List
* -Device
device

+deviceName : String
+deviceAddress : String

Fig. 2. Domain Description Language for a Control Domain

HTTP. Without any state information, maintaining the control information effi-
ciently is almost impossible and large network load is usually injected. But with
a proxy server, state-oriented communication can be efficiently managed even
SOAP itself doesn’t support it [15].

3.1 Control Domain Abstraction

To use SOAP for a control domain, a control domain itself as well as the ser-
vices provided by the control devices should be well defined in XML format.
These definitions are called Domain Description Language (DDL) and Service
Description Language (SDL) respectively, and they reside in the proxy server
that represents a particular control domain.

Fig.[2 shows the proposed XML schema of DDL for a control domain. A DDL
consists of three major elements: domainName, deviceCount, and deviceList.
domainName represents the name of current control domain. deviceCount stands
for the number of devices registered in a control domain. The devices within
a control domain is described in the deviceList that has two elements:
deviceName and deviceAddress. With deviceName element, user can fetch its
SDL (deviceName.sdl) from a proxy server, and, in turn, get services and pa-
rameters. A deviceAddress element is used to inform the proxy server of the
physical address of a device. In Internet, deviceAddress is represented by IP
Address or the hostname.

3.2 SOAP Message for Control Domain

This section proposes a SOAP message format for a control domain whose ab-
straction is defined in the previous section. Since current SOAP standard defines
only the minimal set of SOAP header, the detail structure of header and body for
a specific domain should be defined. Fig. [3 shows the SOAP message structure
for the control domain proposed in this paper.
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Fig. 3. SOAP Message Format

<!ELEMENT SOAP-ENV:Envelope (SOAP-ENV:Header)>

<!ATTLIST SOAP-ENV:Envelope xmlns:xsi CDATA #REQUIRED
xmlns:SOAP-ENV CDATA #REQUIRED >

<!ELEMENT SOAP-ENV:Header (trans:transfer , const:constraint )>

<!'ATTLIST SOAP-ENV:Header  xsi:type CDATA #REQUIRED >

<!ELEMENT trans:transfer (trans:to , trans:from )>

<!ATTLIST trans:transfer xmlns:trans CDATA #REQUIRED
xmlns:agr  CDATA #REQUIRED
SOAP-ENV:mustUnderstand CDATA #REQUIRED>

<!ELEMENT trans:to (trans:address )>

<!ELEMENT trans:address EMPTY>

<!ATTLIST trans:address xsi:type CDATA #IMPLIED >

<!ELEMENT trans:from (trans:address )>

<!ELEMENT const:constraint (const:timestamp , const:timeout )>

<!ATTLIST const:properties xmlns:const CDATA #REQUIRED
SOAP-ENV:mustUnderstand CDATA #REQUIRED>

<!ELEMENT const:timestamp  (#PCDATA )>

<!ELEMENT const:timeout (#PCDATA )>

Fig. 4. SOAP Control Tags

Control Tags. Fig. [4 shows the internal structure of SOAP header. As de-
scribed above, the control domain defined in this paper uses a proxy server, all
information related to message transfer should be registered in the proxy server.
This information includes address information and timing constraint required
for the realtime control. To provide information of control devices for the proxy
server, control tag is defined in SOAP header, that includes two tags.

transfer tag
In the control domain proposed in this paper, since control devices are iso-
lated from the external domains as described above, user should provide all
of the information to drive a device in order that a proxy server could inter-
face with control devices instead of clients. For this purpose, a mandatory
element, transfer tag, is de- fined. transfer tag includes the location
information of SOAP message source and destination.
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constraint tag
A constraint tag contains the timing information to decide whether a tran-
ferred message meets the real-time constraints or not. Sender records the
timestamp in a timestamp element, and timeout value in a timeout ele-
ment. If the timeout value is expired, a message is considered as an invalid
message.

Service Call. For the security reason, a user is required to be authorized for
accessing the control system. A proxy server can authorize user to access the
control domain using an industry standard authentication mechanism. After
authentication process, users can obtain the domain information written in DDL
and SDL from the proxy server. With the information obtained, the service
request and the response messages are exchanged as shown in Fig. Bl

3.3 Registration and Management of Control Devices

Since DDL locates in the proxy server, each device must register its services
to the proxy server. A control device can register its IP address and SDL to
the proxy server through a web service defined in Fig. [l As shown in Fig. [6l(a),
when the proxy server receives a registration message from a device, it determines
whether a device is already registered in the deviceList or not. If a device is not
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Fig. 6. Process State Diagram

ProtoType : boolean SetRegister(string, string, string); int CheckDevice(int);

<ss:schema id="RegisterStuff" targetNamespace="http://server-url/services.xml"
xmlns:dt="http://www.w3.org/1999/XMLSchema" xmlns="http://www.w3.org/1999/XMLSchema"

<element name="SetRegisterReq"/>
<type>
<element name="Addr" type="dt:string" />
<element name="DomainName" type="dt:string" />
<element name="SDL" type="dt:string" />
</type>
<element name="SetRegisterRes">
<type>
<element name="RetureCode" type="dt:boolean" />
</type>
</element>
</ss:schema>

<ssl:schema id="HeartbeatStuff" targetNamespace="http://server-url/services.xml"
xmlns:dt="http://www.w3.0rg/1999/XMLSchema" xmlns="http://www.w3.org/1999/XMLSchema"
<element name="CheckDeviceReq"/>

<type>
<element name="ConnectionReference" type="dt:int" />

</type>
<element name="CheckDeviceRes">

<type>
<element name="ReferenceValue" type="dt:int" />
</type>
</element>
</ssl:schema>

Fig. 7. SDL of Registration and Management Methods

registered in the list, the proxy server adds a new device into the list. Otherwise,
it just updates the information of the device in the list. After the registration
process completes, the proxy server uses the CheckDevice method to check the
device is removed from a domain. If the device returns failure code or doesn’t
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Table 1. Basic Services

lBasic Device[ Basic Readable [ Basic Writable [ Basic Event ‘

Start() ReadDatal() WriteData() SetEvent()
Stop()  |SetRxTimeOut()|SetTxTimeOut()|ClearEvent()
Pause() SetLock()

Shutdown() SetUnLock()

respond to the CheckDevice message, the proxy server assumes that it is not in a
domain and removes it from the list. On the contrary, if there is no CheckDevice
message from the proxy server during a certain period, a control device requests
a registration process as shown in Fig.[@(b).

3.4 Basic Control Services

To adopt the SOAP protocol to the control systems, basic control services should
be defined. Table[Ilshows four service categories: BasicDevice, BasicReadable,
BasicWritable, and BasicEvent. BasicDevice includes the fundamental ser-
vices such as device initialization and operation control. BasicReadable and
BasicWritable provide the services neccessary for reading and writing data
from/to the control systems. Last service group, BasicEvent, includes the ser-
vices used for the event handling that plays an important role for the control
system monitoring. The interface information of the basic control services writ-
ten in SDL(Service Description Language) is exported to the exteranl users. To
use these services within a control domain, the procedural sequence is shown in
the sequence diagram of Figure

4 Implementation

Using the Web-based frameworks proposed in this paper, a demonstration sys-
tem is implemented. Target application domain is a distributed controller for
a semiconductor manufacturing machine, Samsung’s commercial chip mounter
(Samsung CP-40). To demonstrate the O/S-independent characteristics of the
protocol, the devices in the domain are designed on two different operating sys-
tems: Microsoft Windows and embedded Linux.

SEMI (Semiconductor Equipment and Material International Inc.) intro-
duced the SECS (SEMI Equipment Communication Standard) protocol to re-
duce the cost and to improve communication ability between hosts and equip-
ments. This protocol consists of SECS-I for the message communication and
SECS-II for the message format. SECSI uses point-to-point protocol such as
RS-232. Recently, HSMS (High-Speed SECS Service) based on TCP/IP is used
widely. GEM(Generic Model for Communications and Control of SEMI Equip-
ment) is the protocol that is used between semiconductor equipment and host
computer on the top of SECS-I, II and HSMS. In this paper, the proposed
SOAP message is used to integrate GEM-based semiconductor manufacturing



A SOAP-Based Framework 203

|
start() 3

SetRxTimeOut()

SetTxTimeOut()

ReadData()

reture value()

KT

| | Read, Write Services

Basic Device Setock)
Operation Services WriteData()

SetUnLock()

SetEvent()

Event Services
> subscribe()

I Event Message1() I
ResetEvent()

Event Message0()

stop()

Fig. 8. Service Sequence Diagram

machines. Implemented system consists of a proxy server and several devices.
The proxy server is implemented on a Microsoft Windows 2000 platform and
I1S5.0. It stores and supplies the device’s information in DDL and exchange
various SOAP messages. As an authentication protocol, the Kerberos authen-
tication protocol is used, that is also independent of platforms. Various target
control devices are implemented with Microsoft Windows family (2000, CE) and
embedded Linux.

5 Conclusions

Emerging IT technology, specially Internet and web-based communication, is
likely to be adopted to distributed control systems recently. This paper de-
fines web-based control domain connected by Internet, and proposes a functional
framework for it. Control domains defined in this paper are connected with each
other via a proxy server. Under the control of proxy server, the real-time op-
eration and the security of control domain can be maintained systematically.
For openness, a control domain and control devices are abstracted in XML, and
SOAP is used for RMI(remote method invocation). Based on SOAP, a set of
services for the control and monitoring operation are defined. With adopting
these IT technologies, a distributed control system becomes more flexible and
scalable than existing distributed systems even they use a standard RMI method
such as CORBA or DCOM. At last, the proposed protocols can be easily imple-
mented on the control devices regardless of operating systems, total costs and
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developing time can be reduced. One drawback of the proposed protocol is high
overhead caused by raw XML data and HTTP protocols. These problems can
be, however, reduced with XML Infoset mechanism and other methods.
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Abstract. Home networking has been developing rapidly due to the in-
crease of the internet users and the advent of digital economy. In this
context, the quality and service under guarantee for internet intelligence
electric home appliances has become quite important. Therefore, to guar-
antee the performance of the appliances, on-line testing for detecting
latency faults should be performed. In this paper, we develop a new ef-
ficient architecture of on-line BIST. In addition we propose a remote
service system for CSM (Customer Satisfaction Management) based on
home networking.

1 Introduction

Recently, the worldwide population of internet users is increasing rapidly, which
leads to new trends such as the extension of supplying multi-PC for domes-
tic use and the fusion of telecommunication and electric home appliances, etc.
Hence a need for Internet intelligence electric home appliances is rising and in-
ternet application field is expanding from computers to electric home appliances.
Therefore, home networking industry has developed recently more than 15% in
the worldwide market, which is causing tremendous far-reaching effects on econ-
omy. Now, home networking is an important issue in the information technology
field[1][2]. Home networking provides home electric appliances which have more
intelligent functions and higher performance. However, consumers demand more
reliable appliances and more convenient service under guarantee. Therefore rig-
orous testing becomes more important to assure the quality and service of home
appliances. There are two kinds of testing, off-line testing and on-line testing.
The former means that the testing is performed while the system is not operat-
ing, and the latter means that the testing is performed during system operation.
Usually off-line testing is used to improve the quality by not shipping products
which have defects. However using on-line testing, the service costs which include
parts and labors can be reduced. In addition, the improvement of service qual-
ity can greatly encourage purchasing power of the customers[3]. In this paper,
we develop a new efficient architecture of on-line BIST (Built-In Self Test) for
identifying faults during system operation. This can be used in a remote service
system based on home networking.

W. Chang (Ed.): AISA 2002, LNCS 2402, pp. 205-213] 2002.
© Springer-Verlag Berlin Heidelberg 2002
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Fig. 1. Example of the remote service system

2 Remote Service System

To construct an efficient remote service system, several things should be consid-
ered. Firstly DFT(Design for Testability) should be considered from the begin-
ning. We can find errors of the designs and follow the systematic designs effi-
ciently using DFT. Secondly, suitable test processes should be followed. There
are two kinds of test processes: off-line testing and on-line testing. Off-line test-
ing detects the faults caused during the manufacturing process. On the other
hand on-line testing detects the faults caused by defective operations and bad
effects from the outside during operation. To apply off-line testing, BIST and/or
tester can be used. On the other hand, on-line testing must use BIST. Thirdly,
the network which connects all systems should be formed. Finally, the databases
obtained from the analysis of the test information should be prepared[4][5]. The
system constructed with the above design, has many advantages. Especially with
on-line BIST, not only the latency faults that can’t be detected by off-line test-
ing are found but also the service is improved by repairing the faults detected by
on-line BIST. Suppose that there is a defect in a refrigerator. It is detected by
on-line BIST before the consumer finds out. And this information will be sent to
the manufacturing company via internet and the message is sent to the user via
e-mail or SMS (Short Message Service) at the same time. Next, the company an-
alyzes the problem. Then the process of repairing or exchanging parts is followed.
All these steps are shown in Fig. [[l Consequently, the concept of the ”intelligent
service under guarantee” can be constructed based on the remote service sys-
tem. This concept means that the service centers provide maintenance service
for home appliances before the consumers ask for it. This system has a number
of advantages: the cost of service can be reduced, high quality of service can be
provided and the quality of products can be improved.
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3 Effective On-Line Monitoring Architecture

3.1 Overview of On-Line Monitoring System

There are two kinds of on-line testing. One is inserting additional testing modes
and the other is on-line monitoring [6]. Inserting additional testing modes be-
tween normal operation actions is illustrated in Fig. 2l This method has a merit
that it could apply deterministic test patterns which have high fault coverage
through additional test modes. But it is difficult to determine when the test
modes are inserted. In other words, it is difficult to estimate when system blocks
enter into the idle time from normal operation and how long the idle time is
continued. Therefore, it is not easy to use this method. On the contrary, on-line
monitoring BIST determines whether the system has faults or not by comparing
a monitored event come out from the functional input with an estimated operat-
ing result of the fault free system. For example, let’s look at on-line monitoring
pipelined function block shown in Fig. Bl In this case, on-line monitoring circuit
has a trait that a signal appears at the input terminal and after four clocks the
specific signal combination appears at the output terminal. Therefore in a fault
free situation, it is possible to predict an output signal combination after four
clocks by monitoring the input signal combination. OMB(On-line Monitoring
Block) in Fig. Bl detects a monitored signal combination and captured signal
after the estimated number of system clocks. And by observing this captured
signal, the defects of the on-line system are detected. This paper suggests an
effective test structure and a controlling method at the on-line state.
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3.2 OMB (On-Line Monitoring Block)

OMB(On-line Monitoring Block) examines a input signal combination on the
function block and performs a corresponding test action when the predetermined
signal combination happens. OMB shown in Fig. @ regards the functional in-
puts and the system clock of the function block as inputs. Event Monitoring
Block(EMB) observes the occurrence of the pre-determined functional input
combination. We call this input combination as an ‘event’. As a result, EMB
monitors the functional input combination, enables the trigger signal and has
the on-line monitoring action start when the ‘event’ occurs. mms_gen is a block
that generates a signal required for state changing of control_gen. control_gen
is a finite state machine consisted of 4 states. It generates a control signal re-
quired by the OCC(on-line capture cell). Response Analyzer compares the signal
captured by on-line monitoring actions to the signal expected in a fault free case.

Event Monitoring Block. An event of EMB is selected in consideration of the
function block’s feature, because the number of monitoring event determines the
size of the hardware. So the input combination used frequently by the function
blocks or critical to system operations is regarded as an event of EMB. At this
time, there is a trade-off between the credibility of on-line operations of a system
and the overhead of the hardware. That is, the more the number of events, the
more credible is a system. As a result, the overhead of the hardware would
increase.

control_gen. The control_gen block is an FSM made up of 4 states and it
changes its conditions by signal of the mms_gen block and generates the control
signal on OCC. Fig.[H is a state diagram of control_gen. control_gen is made up
of four states: IDLE, MOVE, SHIFT, and CAPTURE. Each number (0 and 1)
beside states means the value of mms in clk’s negative edge.

— IDLE state: IDLE state means a situation before an event is detected in moni-
toring block. This state is maintained by mms, which is 0 and does not generate
capture or shift actions by the control signal on OCC. In this state, the function
block operates only functional actions.
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— MOVE state: During the process of detecting an event and transferring its
result to the output, control_gen is in MOVE state. For example, like Fig. B it
takes 4 clks for the expected result to come out at the output. So control_gen is
allowed to maintain MOVE state during an event propagation at the output of
the function block.

— CAPTURE state: A detected event was propagated to the output of the func-
tion block and captured by the OCC.

— SHIFT state: In SHIFT state, the output captured in CAPTURE state is
moved to the Response Analyzer. The value of mms in SHIFT state maintains 1.

mms_gen. mms_gen is an FSM, which has 4 states and generates mms required
to change a state of control_gen. Fig. il shows a state diagram of mms_gen and
Fig. [@ shows an algorithm of mms_gen. mms_gen includes a num_stage register,
which has information about the number of pipeline stages in the function block
and num_shift register, which has information about the number of OCCs. These
two registers are hardwired registers.
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algorithmmms_gen
This algorithm generates mms (monitoring mede select) signal for control_gen
Pre num_stage is the total number of pipeline stages of UUT
num shift is the total number of OCS(online capture cell) in th
current is the state of mms_gen
Post generate mms

every posedge of clk {
current = idle without any event in the trigger signal
if (posedge trigger) current = move
for(i=0; i != stage; i++) current =move
current = capture
current = shift
for(i=0; i !=num_shift; i++) current =shift
current = idle
if (current = idle) mms = 0O
10 else if (current = move) mms =1
11 else if (current = capture) mms =
12 else if (current = shift) mms = 1

[ RN T R e

w0

0
}
end mms_gen

Fig. 7. Generation algorithm of mms signal

Response Analyzer. A captured result is passed to the compression unit
named Response Analyzer instead of being transferred to the external circuit
directly, and a signature with a very short length is generated. And then, the
signature is directly transferred to the external circuit. By doing so, we can
detect malfunctions without comparing the responses of all the test patterns
one by one.

3.3 OCCs (On-Line Capture Cells)

OCCs that form the last pipeline stage of the function block obtain the result
for a event which is passing through a circuit. In addition, the shift operation of
OCCs takes place for the captured value to be observed in Response Analyzer.
Fig.[8 shows OCCs. As the latest ICs are more complicated, testing also becomes
more difficult to perform. Unless it is considered in the early design state, testing
ICs might be almost impossible. Scan is a technique which replaces all flip-flops
to scan cells to improve the controllability and the observability of the circuit.
An OCC is a modified scan cell by adding MUX2 and a capture cell for on-line
monitoring. In a state where an event is not activated, it is the same as the
operation of the standard scan cell because a positive edge by the control_gen is
not generated at online_clk signal. But if an event is generated in the function
block, control_gen is moved to CAPTURE state via MOVE state and online_clk
makes the functional output captured in capture cell. Then the captured result
moves to the Response Analyzer through the serial path in every online_clk’s
positive edge generated in control_gen’s SHIFT state.

4 Results

In this section we model the proposed on-line monitoring architecture in HDL
and perform functional verification. Fig. @lshows an example of a function block
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which has a latency fault. Assume that the latency fault is not detected during
off-line testing and it can be modeled as a stuck-at-0 fault. Also, suppose that in
the whole system the input combination of 11101 and 01010 occurs frequently
according to the function of the function block. The on-line monitoring block
may capture the events of 11101 and 01010 by monitoring of inputs and then
it can be found out whether the function block operates normally or not. The
trigger is enabled when the func_vectors are 11101(1D) or 01010(0A). After the
trigger is enabled, the on-line monitoring block stays on the move state until
the output signal is visible at the outputs. The response analyzer compares the
expected results and the captured results. In Fig.[I0, the on-line captured result
of the first event is 00010(02), and the result of the second is 10100(14). If the
system during on-line testing is fault free, the expected results are 00010(02)
and 10101(15) respectively. The simulation shows that the captured result in
the second event differs from the expected result due to the stuck-at-0 fault. So
the P/F indicates whether the latency fault occurs or not. Since there have been
only a few researches about on-line monitoring, it is very difficult to compare
the new work with the previous works. The simulation results prove that if a
function block has latency faults, the proposed on-line monitoring architecture
can detect its malfunction correctly. This can be used as a remote control system.
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Fig. 10. Simulation result

5 Conclusion

In this paper, we have proposed a new on-line BIST architecture to detect la-
tency faults that can happen during the application of the system chip. The
proposed on-line BIST architecture establishes the functional vectors that are
effective for testing its operational fault as an event. The on-line BIST moni-
tors whether the established event occurs or not, so when the event occurs, it
captures the response of the UUT(Unit Under Test) during on-line testing. It
also operates on-line testing that examines whether latency faults occur or not
by comparing the expected outputs with the captured outputs. The new ar-
chitecture minimizes the affects to the system operation due to on-line testing.
The on-line monitoring technique can be applicable in many ways. Most people
expect that service network will change from the existing service under guar-
antee system to the intelligent service under guarantee system because of the
appearance of household electric goods in web application lately. Therefore the
new proposed on-line BIST through on-line monitoring is very promising and
has various applications.



An Efficient On-Line Monitoring BIST for Remote Service System 213

References

1. AGRAWAL, S.K., etc: Resource based service provisioning in differentiated ser-
vice networks. Proc. Of IEEE International Conference on Communications (2001)
1765-1771

2. HUANG, K.L., etc: web-based product design review: implementation perspective.
Proc. of International Conference on Computer Supported Cooperative Work in
Design (2001) 261 — 266

3. MARSHLL, P., etc: Home networking: a TV perspective. Electronics & Communi-
cation Engineering Journal (2001) 209 —212

4. SALZMANN, C., etc: Design for test and the cost of quality. Proc. Of International
Test Conference (1988) 302-307

5. BRAUNE, D., etc: ASIC design for testability. Proc. Of ASIC Seminar and Exhibit
(1989) 1-10

6. AL-ASAAD, H., etc: On-line built-in self-test for operational faults. Proc. Of AU-
TOTESTCON Proceedings (2000) 168-174



TCP Performance Enhancement Using FG-LIW
(Fairness Guaranteed — Larger Initial Window)
Scheme in the Wired—cum—Wireless Network
Environment

Inho Roh! and Youngyong Kim'!

Dept. of Electrical and Electronics Engineering, Yonsei University, Shinchon-Dong
Seodaemoon-ku, Seoul 120-749, Korea
{ihroh,y2k}@yonsei.ac.kr

Abstract. TCP(Transmission Control Protocol) is the prevalent reli-
able transport protocol used for the most popular Internet services like
web browsing and e-mail. Since these services are the dominant appli-
cations on the Internet, TCP controls the majority of today’s Internet
traffic. These services usually involve transmission of relatively small
amounts of data [1]. In other words, when TCP connections are opened
for the data transfer, there exists large probability that the whole trans-
fer is completed while the TCP sender is still in the slow start phase.
Therefore, the TCP connection never manages to fully utilize the avail-
able bandwidth. Motivated on this fact, we proposes a small change to
TCP that may be beneficial to short-lived TCP connections and those
over links with large RT'T(Round Trip Time)s. Our proposed scheme can
save several RTTs during the initial slow-start phase and maximize the
wireless bandwidth utilization guaranteeing fairness without degradation
of other traffics. Simulation shows significantly improved performance in
TCP throughput.

1 Introduction

The TCP provides a reliable, connection-oriented, bi-directional stream between
two applications on the Internet [7]. TCP controls flow so that the sender does
not send faster than the receiver is prepared to receive. In addition, TCP pro-
vides congestion control so that the sender avoids sending fast enough to cause
network congestion and adapts to any congestion it detects by sending in slower
speed. These days, most implementations of TCP are using gradual increase in
congestion window in order to avoid congestion and in order to guarantee fair-
ness. Even though these characteristics may give us stable performance for long
TCP flows, it can result in under-utilized performance for the short-lived flow.
In this paper, we propose an attractive solution to remove delayed ACK penalty
and to maximize the network utilization without degradation of other traffics in
the wired-cum-wireless environments.

This paper is organized as follows. Section 2 explains an assumption used
in this paper. Section 3 reviews TCP short flow analysis and advantage of

W. Chang (Ed.): AISA 2002, LNCS 2402, pp. 215-21] 2002.
© Springer-Verlag Berlin Heidelberg 2002
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Fig. 1. Wired-cum-wireless Environment

LIW(Larger Initial Window). In section 4, we describe our proposed scheme.
Section 5 shows our improved performance through simulation result, and sec-
tion 6 summarizes our conclusions.

2 Assumption

In wired-cum-wireless network environment, current high speed link technologies
like optic fiber makes it possible to transmit bursty traffic over wired link part
without loss while wireless link part offers limited data rate. Current memory
technology also makes it possible to provide us with high system capacity and
the price of system memory is getting cheaper and cheaper. Therefore, most
TCP end systems could have enough buffers (bigger advertisement window) to
accommodate a moderately bursty traffic of larger initial window of TCP sender
without loss. This can also be applied to router to have drop tail queue. Con-
sidering these trends, we can assume that future network congestion condition
and bottleneck occur mostly in wireless part and the congestion of wired part
can be neglected. Another assumption is that BS(Base Station) can snoop TCP
messages in 3 way handshake stage for TCP connection like snoop protocol [2].

3 Short TCP Flows Analysis and Larger Initial Window

3.1 Short TCP Flows Analysis

According to [1], for the optimal short TCP flows (assuming no loss), the time
required to open k simultaneous TCP connections and to transfer a total of data
bytes, incorporating the time for the handshake, delayed acknowledgement, and
slow start from an initial window of w segments, is
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data(r — 1)
w-MSS -k

Ratio r, where 1 < r < 2, is an increasing rate of cwnd(congestion window)
compared to previous cwnd according to acknowledgement strategy. If TCP
is implemented with acknowledging every segment, ratio r is (14+1/1)=2 and
with delayed acknowledgement r is (141/2)=1.5. From the equation (1), we can
characterize the performance of TCP as a function of RTT(Round Trip Time),
MSS(Maximum Segment Size), initial window size, delayed ACK policy etc. In
standard TCP, these factors are k=1 with a single connection, MSS=1460 bytes,
r=1.5 with delayed ACKs and w=1 with one segment initial window.

We can save transfer time and improve performance for short flow by con-
trolling these factors. Among these factors, RTT cannot be controlled in TCP
endpoint. In case of MSS, bigger MSS may be supported in very few paths.
Even though it is supported in all paths, bigger MSS may cause bigger size of
retransmission for the small bit error. In wireless environment which is more
prone to transmission losses [8], bigger MSS is not good solution. Simultaneous
TCP connections of k also can save transfer time. However, this solution is inad-
equate since it should maintain multi-connections and should take an additional
connection overhead. Delayed Ack penalty (tgeiack) is also deteriorating factor
and should be considered to improve performance.

Therefore, it is very natural idea to control r and w in order to improve TCP
performance like DAASS(Delayed Acknowledgement After Slow Start) [3] and
LIW (Larger Initial Window) [5]. Without analytical derivation of equation (1),
one can intuitively guess that LIW would provide a good performance. However,
LIW may be unable to guarantee fairness with other TCP traffics. Thus, fairness
must be considered to use LIW scheme.

t= lOgr( + 1) - RTT + RTT + tgeiack (1)

3.2 Advantage of Larger Initial Window

LIW (Larger Initial Window)’s advantages is to save transmission time [5]. For
many email and web page transfers that are less 4K bytes, the LIW would re-
duce the data transfer time to a single RTT(Round Trip Time). LIW can also
eliminates delayed ACK timeout during the initial slow-start phase for TCP op-
eration employing delayed ACKs [4]. Even though delayed ACK timeout does
not happen as sender sets enough bigger RTO(Retransmission Timeout) than
delayed ACK time, LIW can eliminate at least delayed ACK penalty of about
100ms that may cause a significant degradation for TCP short flows. LIW also
would be of benefit for high bandwidth, large propagation delay TCP connec-
tions, such as those over satellite links. Nevertheless the latest RFC [4] defining
TCP’s congestion control recommends a gradual increase in IW specifying that
“the initial value of congestion window MUST be less than or equal to 2¥*SMSS
bytes and MUST NOT be more than 2 segments” since LIW (Larger Initial Win-
dow) can cause another traffic’s degradation under the condition of competition,.
Only if fairness can be guaranteed, LIW will be a very good solution to improve
TCP performance.
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4 FG-LIW (Fairness Guaranteed-Larger Initial Window)

4.1 Fairness Guaranteed LIW

Before sending any data, the two TCP endpoints must establish a connection
between themselves by a three-way-handshake. To guarantee fairness, FG-LIW
value is decided in BS(Base Station) according to remaining available band-
width during the connection setup. It is delivered to both communication parties
through 2-bit of 6-bit reserved field of the TCP header during the three-way-
handshake (Figure 2). The first segment of a handshake can be identified because
it has the SYN bit set in the code field [7]. TCP can be initiated by wired end-
point as well as wireless endpoint and can be used as duplex line. Thus mobile
host can use established connection not only as uplink but also as downlink.

4.2 FG-LIW Decision Function of Base Station

BS measures available bandwidth and calculates FG-LIW value. Available band-
width can be measured at every TCP connection setup, based on (2). We denote
Maximum.BW as the maximum bandwidth BS can handle, v as channel fading
factor, Current.Used.BW as the bandwidth other TCP connections are using
currently.

Available. BW =~y « Mazimum.BW — Current.Used. BW (2)

Channel fading factor, v, where 0 < v < 1, is time varying factor according to
current wireless channel condition. Choosing a value for v close to 1 means that
air condition is good and there is less channel fading degradation. Initial window
size is determined in the range of 1 to 4 using 3-level-threshold (Figure 3). IW
value bigger than 4 does not recommended because it can cause too much net-
work aggressiveness and excessive packet drop rate [5]. If the available bandwidth
is greater than Low-threshold, FG-LIW will give us better performance than tra-
ditional TCP operation guaranteeing fairness. Available bandwidth varies from
0 to maximum bandwidth of wireless channel (Figure 4). When available band-
width is less than Low-threshold, we cannot use the advantage of FG-LIW TCP
but still have the same performance as traditional TCP’s (interval T). But if
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if (High_threshold < Available BW)
Init_window_size = 4; /* high utilization */

else if (Middle_threshold < Available BW < High_threshold)
Init _window_size = 3;

else if (Low_threshold < Available BW < Middle_threshold)
Init_window_size = 2;

Else
Init_window_size = 1; /* traditional TCP operation */
Fig. 3. FG-LIW Decision Function
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available bandwidth is greater than Low-threshold, simulation gives us improved
performance result (interval A).

5 Simulation

The topology of the simulated network is given in figure 5. Even though this
topology does not mimic all the characteristics of any specific wireless environ-
ment network, it gives a clear picture of the improving performance of FG-LIW.
As we can see from the figure 5, transmission throughput over wireless network
will be dominated by the capacity of shared wireless link(in here, 1M shared
link). In the topology, network is consisted of 5 TCP source nodes, 5 interme-
diate nodes, 5 destination nodes and base station. Source nodes, sl and s2, are
supposed to have FG-LIW function and to employ delayed ACK policy while
s3 to s5 to have Non-FG-LIW function and to acknowledge every segment. All
source nodes are based on TCP Reno and have 200ms retransmission timeout, 16
for slow start threshold. Wired links have characteristics of 1ms propagation de-
lay, 50M[bps] bandwidth while wireless link has 3ms propagation delay, 1M [bps]
shared bandwidth. We can see FG-LIW implemented node(s1, s2)’s throughput
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Table 1. Simulation Result when 2 FG-LIW TCP flows and 3 non FG-LIW TCP flows
share 1M bandwidth

Initial|A FG-LIW TCP flow|B FG-LIW TCP flow|Non FG-LIW TCP traffic
CWnd 20k transfer Throughput 20k transfer Throughput C TCP D TCP E TCP
size time[sec] [pkt/sec] time[sec] [pkt/sec] threshold |threshold threshold
[pkt/sec] | [pkt/sec] |  [pkt/sec]
1 0.4682 42.72 0.4960 40.32 225.28(224.35| 221.90
2 0.0958 208.68 0.1454 137.51 232.38(231.91| 227.00
3 0.0802 249.32 0.1201 166.49 [239.33(229.72| 229.72
4 0.0642 311.74 0.1081 184.93 [239.05(|223.44| 231.50

improvement without degradation of existing Non-FG-LIW traffics(s3, s4 and
$5) when LIW varies from 1 to 4. Simulated transfer data size of FG-LIW is
20K bit] and BS uses round-robin scheduling scheme for the shared 1M wireless
link. Each maximum segment size of 5 independent TCP connections is used as
1000[bit] for simplicity of calculation.

Our simulation result shows that our modification can lead to better per-
formance, especially for short flows. We can see decreased transfer time and
improved throughput with increase from 1 to 4, in the FG-LIW(Tablel) guaran-
teeing existing normal other traffics(C,D and E). FG-LIW does not affect other
traffics because FG-LIW utilizes only unused available bandwidth.

6 Conclusion

The idea of FG-LIW is to maximize the bandwidth utilization as long as there
is usable bandwidth. Our suggestion provides a significant improvement of TCP
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throughput without degradation of other traffics. This scheme can be ported
while the infrastructure of network needs minimal changes. Even in the worst
case, FG-LIW still maintains the same performance as the traditional TCP mech-
anism. Our proposal controls TCP behavior dynamically according to network
condition. Especially, for short lived flows, it is very useful scheme.
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Abstract. 2-D OCDMA is considered to be a viable technical solution
for optical LANs, and a considerable amount of research effort has been
devoted to various 2-D OCDMA techniques. In this paper, we propose
two new interference models for 2-D OCDMA LANSs employing unipolar
random codes, and derive maximum-likelihood detectors based on these
interference models. The BER performance of the maximum likelihood
detectors and that of other existing detectors are compared through ex-
tensive computer simulations. In addition, the complexity of high-speed
implementation of the detectors is assessed, and as a result, we found that
the AND detector and the maximume-likelihood detectors for the pulse-
binomial and the pulse-Poisson model offer the best trade-off between
the BER performance and the facility of high-speed implementation.

1 Introduction

Advances in the optical communication technology enabled it to take over the
role of the electronic communication technology in long-haul communication
systems. On the other hand, it is relatively recent that visible research efforts
to extend the benefit of the optical communication technology to the scale of
Local Area Network (LAN) were initiated, and the electronic communication
technology still remains to be the dominant technology for short-haul communi-
cation. The delayed introduction of the optical communication technology in the
realm of local area networking, might be a result of the relatively low bandwidth
requirement of LANs. However, with the advent and expansion of “bandwidth-
greedy” network applications such as multimedia applications and 3-D graphics
applications, LANs built upon the electronic communication technology (with
shared bandwidth typically ranging from 10 Mbps to 1 Gbps) may experience
serious congestion, and become a bottleneck eventually. Therefore, the demand
for the optical LAN technology is expected to increase steeply in the near future,
and the time of large scale deployment of optical LANs will heavily depend on
their affordability and operational facility.
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While Time Division Multiplexing (TDM) and Wavelength Division Multi-
plezing (WDM) have been driving the astonishing success of the optical commu-
nication technology, they may not provide practical solutions for LANs preferable
to the existing copper-wire-based solutions [1]. This is because switching packets
at transmission rates over several Gbps is still challenging, and even if it may
be attainable via the state-of-the-art optical and/or electronic communication
technology, the cost is likely to be far beyond typical budget for LANs. Further,
fully optical switching techniques such as wavelength-based switching techniques
and burst switching techniques, require global-scale dimensioning and sophisti-
cated resource allocation schemes, and hence, may not provide a viable solution
for LANs where the network configuration may change frequently and the traffic
patterns are highly irregular. For these reasons, multi-access techniques that have
been originally developed for wireless and other types of shared medium com-
munication, are revaluated in the field of optical communications [2B314516//7],
and in particular, Optical Code Division Multiple Access (OCDMA) is attracting
considerable amount of research interest [3/415]6].

Due to technical difficulties in implementing optical phase modulation
/detection, intensity (or amplitude) modulation/detection is widely employed in
OCDMA. A general class of OCDMA where spreading codes are constructed by
placing optical pulses at different positions along wavelength and time axes, is of-
ten referred to as two dimensional OCDMA (2-D OCDMA) or multi-wavelength
OCDMA (MW-OCDMA) [SI9ITO/TTITZ]. Fundamental technical problems in 2-D
OCDMA include code design problems [9JT0/T1], detection problems [8], and im-
plementation issues [1314J15], among which the detection problem is the main
focus of this paper. In the literature, a number of results and proposals on the
OCDMA detection problem can be found [8/16], and on account of high-speed
transmission in optic fiber networks, relatively simple detectors are mainly con-
sidered. However, in [8] it was shown that these simple detectors may degrade the
bandwidth efficiency significantly under OCDMA systems adopting 2-D pulse-
position modulation (i.e., On-Off keying with unipolar 2-D OCDMA codes),
and an ML detector based on an stochastic interference model was proposed
for improved bandwidth efﬁciencym In this paper, we extend the study on the
2-D OCDMA detection problem in []] by introducing two additional interfer-
ence models for 2-D OCDMA that are different from the interference model
used in [8]. The Maximum-Likelihood (ML) detectors for these new model will
be derived, and their BER performance will be investigated. In addition, sev-
eral suboptimal detectors with relatively simple structure will also be considered
and compared to the ML detectors. The objective of our study is to evaluate a
wide range of 2-D OCDMA detectors in terms of their BER performance and
anticipated complexity of implementation.

! The ML detector proposed in [8] degenerates to logical AND operation when the
pulse density is low, for which the authors refer to the ML detector as “AND”
detector. The BER performance analysis for the ML detector in [8] is actually car-
ried out for this degenerated ML detector (i.e., for the “real” logical AND detector
introduced in [16]).
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Fig. 1. Logical topology of typical OCDMA LANs

The rest of the paper is organized as follows. In Section Bl the system model
and three different interference models will be described. In Section [3, the ML
detectors for different interference models will be obtained, and a set of detectors
with relatively simple structure will also be introduced. In Section [, the BER
performance of the detectors will be compared through extensive simulations
under various 2-D OCDMA configurations. Finally, in Section Bl the complexity
and practical value of the detectors will be assessed with implementation issues
taken into account, and the paper is brought to a conclusion.

2 System and Interference Model

2.1 System Model

In this paper, we suppose the same OCDMA LAN topology that was studied
in [18]; i.e., all network nodes are assumed to be interconnected through one or
more passive star coupler as illustrated in Fig. [Il Consequently, every receivers
will receive optical signals injected into network by all transmitters. Further,
incoherent light sources and ideal couplers (i.e., 0 dB attenuation and no additive
or multiplicative channel noise) are assumed in the system model, so that the
received signal can be expressed as the superposition of all transmitted optical
signals. This implies that the multi-access interference (MAI) is the only source
of detection errors.

General 2-D OCDMA codes can be represented by L x M matrices illustrated
in Fig.[2 where L and M represent the number of wavelengths used for OCDMA
and the spreading factor along the time axis (i.e., the ratio of the bit period to the
chip period), respectively. We assume On-off keying is used with 2-D OCDMA
codes for the transmission of each bits; that is, when “0” is sent, no optical
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Fig. 2. Matrix representation of 2-D OCDMA codes and signals

pulse is transmitted, and when 010 is sent, a pulse with intensity ¢; ; will be
transmitted during the j-th chip period over the i-th wavelength. In addition,
the following conditions will be assumed throughout the paper, which are also a
part of basic assumptions in [§].

— 2-D OCDMA codes are randomly generated at the transmitter in such a way
that all codes consist of an identical number pulses of unit intensity, and thus,
can be identilled only by their pulse position, and ; i.e., ¢;; = 0 or 1 and
Z(i’j)eE ¢i; = W for all codes, where E = {1,2,...,L}x{1,2,..., M}, and
W is a constant called the weight of the 2-D OCDMA code set.

— All communicating transmitter-receiver pairs are under perfect bit synchro-
nization.

— All signals received by a receiver (i.e., including interfering signals) are chip-
synchronized.

2.2 Interference Model

In this section, we introduce three dillerent models for the interfering signals:
User-Binomial (UB) model, Pulse-Binomial (PB) model, and Pulse-Poisson
(PP) model. Although a number of idealistic assumptions were made in the
system model, deriving the exact probabilistic model for the interfering signal
is still a challenging task. Therefore, further simplillcations and/or approxima-
tions of internal activities are required, and these models are obtained through
dillerent simplillcation and/or approximation steps.

User-Binomial Model. The UB model is the interference model used in [8]. In
this model, each interfering transmitter will transmit a pulse of unit intensity at
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a position (4, j) € E with probability % The factor 1 comes from the fact that

“1” will be sent with probability 3 and {4~ from the fact that a transmitter will
send W pulses at different positions in the L x M code matrix. Consequently,
assuming the independence among interfering transmitters, we can derive the
probability distribution of Xj; ;, the intensity of interfering pulse at position
(i,7) as the followings binomial distribution:

N\ ([ W O\ W\
P[Xi’j—xiv‘]—QM) (gm) (1_2LM) ’ @

where Ny is the number of interfering transmitters. In the actual 2-D OCDMA
system described in the previous section, the intensities of interfering pulses at
different positions in the matrix X = [X ;] are stochastically dependent, because
each transmitter is allowed to send at most W pulses at different positions. How-
ever, when Ny or W is sufficiently large, the dependence is expected to be fairly
imperceptible. Therefore, if we assume the independence of {X; ;|(¢, j) € E}, the
joint distribution of the interference matrix X immediately follows as

NI W i W Ni—x; j
PX;; =z B =[] (x> (w) (l‘m) @
27]

(1,7)EE

where z = [xiyj](i,j)eE Now, let C' be the 2-D OCDMA code that a receiver is
supposed to receive when a bit “1” is sent to the receiver by a transmitter and
FE1 be the subset of E where the receiver is supposed to detect a pulse when C
is transmitted by the transmitter; i.e., E1 = {(¢,j) € E|c; ; = 1}. Then, again
from the independence assumption, the joint distribution of pulse intensities at
F; can be derived in the same way as

N; W\ " W\
PXij =5 B = H (1;1.7) <2LM> (1 B 2LM> - @

(i,j7)EEL

Pulse-Binomial Model. In the second model that is named PB model, the
fundamental assumption is that each pulse in interfering signals will be inde-
pendently turned on and off with probability %, and its position will also be
independently chosen from F. Since there are N;W pulses that may be turned
on and off independently and LM different positions where a pulse may be
located, using combinatorial methods we get

P[X E o (") 1
(Xij = @iz E] = (M) i pyen @) 290 (4)
where s := Z(i’ feE Tij- Similarly, the joint distribution of interfering pulse

intensities at positions E7 can be derived as

2 Note that although the independence assumption may be a reasonable simplification,
the total pulse intensity of interfering signals may become larger than N;W in the
UB interference model.
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NiW
S1

P[X;, =z, E1] = 51t (
e TS| Py
where 51 := Z(i,j)eEl x5, and q = QZV—M Note that the advantage of the PB
model over the UB model is that the interdependence among interfering pulse
intensities at different positions can reflected; i.e., {X;; : (i,j) € E} are not
assumed to be independent anymore and the total intensity of interfering pulses
is limited by N;W. However, there is a cost for this advantage, that is, the total
intensity of interfering pulses may not be a multiple of W and the pulse intensity
at a single position may exceed Nj.

)q81 Q- g™V (5)

Pulse-Poisson Model. In the PB model, the interference signal is generated
as if each of N;W independent potential sources of interfering pulses adds a
single pulse of unit intensity at a random position in F. One way to make
{Xi; : (4,7) € E} mutually independent in the PB model is to increase the
population of such potential sources of interference to infinity while reducing
the probability of each source being active (i.e., the probability that a source
actually generates a pulse) to 0. In other words, let N and p, be the population
of potential sources of (single pulse) interference and the probability that a
source generates a pulse at a position in E, respectively. The joint distribution
of interfering pulse intensities can then be derived as

s! N
P Xl L= x; 7_E‘ — sS(1 — " N—s.
[ sJ T sJ ] (Lz\[)s H(i,j)eE zz’,j! (S )pa( p )

Now, if NV is sent to infinity while keeping the product p, N fixed at > 0, the
joint distribution will converge to

o S
PX;; =x;;;E] = efai(m) . (6)
I ! H(i,j)GE i, j!

This indicates that when there are a large number of nodes in the star topology,
each of which transmits either “0” or “1” with relatively small probability, the
interference signal can be accurately characterized by independent Poisson ran-
dom variables representing the pulse intensities at different positions in F. In
fact, it is a fairly usual situation in LANSs that only a small portion of hundreds
of nodes are transmitting information.

The parameter o can be interpreted as the pulse density in the interference
signal measured in the unit of pulse/bit-period. Also, note that from the in-
dependence of pulse intensities at different positions, the joint distribution of
interfering pulse intensities at positions F; can be derived as

[ S1
P[X;; =z, E1] = e~ Thr %' )
H(m)eEl Lij:

% This model was implicitly assumed in [8] for the estimation of the BER performance
(i.e., Eq. (10)) of a simple detector.
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3 OCDMA Detectors

3.1 Maximum Likelihood Detectors

Let R be the pulse intensity matrix received by a optical receiver, and C' be the 2-
D code that the receiver is supposed to detect. Then, depending on whether “0”

r “1”7 is sent, the received intensity matrix R may be composed of interference
signals superimposed on the code C or only interference signals; i.e.,

R— X if “0” is sent,
C+X if “1”7 is sent.

From this relationship between R and X, the conditional distribution of R can
be expressed in terms of the joint distribution of the interfering pulse intensities
as follows.

P[R = r|“0” is sent] = P[X =r], and
P[R = r|“1” is sent] = P[X =r — C|.

Therefore, the ML decision rule can be stated as

“0” is received if P[X =] > P[X =r —C],

“1” is received if P[X =r] < P[X =r - C]. (8)
Since the decision rule contains the joint distribution of interfering pulse inten-
sities, the actual form of the ML detector will depend on the interference model
used, and in the following, the ML decision rules for three different models for
interference are derived.
ML detector for the UB interference model

“1 detected”

|| e () )
JLw=m e o)

ML detector for the PB interference model

“1 detected”

> ]
i 1L ri o s (EM)7Y, (10)

S).
(4,5)€E1

(N[W — S)'
(Nr +1)W —

where s =3, i ep i
ML detector for the PP interference model

“1 detected”

> a \W
H Ti,j <o det<ected” (W) . (]_]_)

(4,5)€E1
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At a glance, the ML detectors for UB, PB, and PP interference models may
appear different in their expressions. However, when N is large and the code
weight W is set to a small value compared to LM, they are not fundamentally
different in the sense that their decision rules are essentially based on the value
of H(i,j)EEl 73,5, the product of pulse intensity at positions £;. To see this, first
note that typical values of 7; ; are usually much smaller than N;. Therefore, we
may approximate Ny —r; j+1~ Ny and W/(2LM — W) ~ W/2LM in (@), and
the decision rule for the UB model can then be simplified to

“1 detected”

> N\
H Ti,5 “Odezcted” SLM . (12)
(i,5)EEL

Here, it should be recognized that N;WW/2 may be interpreted as the interference
pulse density in the UB model. Therefore, this approximated ML detector is
essentially equivalent to the ML detector for the PP model.
Similar observation can be made in the ML detector for the PB model. Note
that
(N;W — 5)! (NW)=W

((NIJFI)W*S)! - (1_N}gw+ﬁ)"'(l_Njw+%).

s
NiW

should be close to

Further, from the law of large numbers we can see that
1/2, and hence, we may approximate

] 1 S 1
1— 1= — ) =2V,
( N1W+N1W> ( NIW+NI)
This indicates that the ML detector for the PB model can also be approximated

by (12).

3.2 Simple Detectors

The LHS and RHS of [@)—(I]) can be thought of as the statistics of the received
signal R and the threshold to which the statistics will be compared to, respec-
tively. Inspecting the statistics of R involved in the ML decision process, one can
easily verify that at least W — 1 multiplications are required to compute these
statistics from R. Therefore, although the ML detectors given in (@)—(1) are
expected to yield optimal or close-to-optimal BER performance, applying them
to a data stream of several Gbps may not be a simple task. For this reason, a
couple of simple detectors, that is, AND and SUM detectors have been proposed,
and their performance was compared to that of ML detectors [8]. The original
AND detector is first introduced in [I6], and as its name stands for, the decision
process of the AND detector is identical to the logical AND operation. In other
words, if pulses of any intensity levels are detected at every position in Fq, the
AND detector supposes that “1” is received, and otherwise, “0” is received.
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AND detector

“1 detected”

S Tl oonger W 19

(i,7)EEL B

where [z] = max{z, 1}.

On the contrary, the SUM detector uses arithmetic “SUM” operation on the
pulse intensities received at the positions F;. In other words, the total intensity
of pulses at positions F; is greater than or equal to W then the conventional
SUM detector assumes that “1” is received, and otherwise, it assumes “0” is
received.

SUM detector
“1 detected”
>
Z Ti,j “0 detected” W. (14)
(4,5)€E1 <

In [8], it has been shown that the AND detector exhibits better BER performance
than the SUM detector. However, it should be noted that W is not the optimal
threshold for the SUM detector, and by optimizing the threshold, the BER per-
formance of the SUM detector may be improved. To find the optimal threshold,
we first need to derive the conditional distribution of s; = Z(i,j)eEl ;5. If the
PP model is assumed for the interference, one can easily verify that

a \S1
P Z ri,; = s1| ‘07 is sent | = 6_%@ for s =0,1,..., and
| Gi)eE ] o
' | ()" "
P Z ri; = s1| ‘1”7 is sent :e_%L' fors; =W, W+41,....
| G )eB | (51 = W)!

Therefore, the ML decision rule based on the statistic > (i.j)e B, T, Will be given
as follows.

Optimized SUM detector

“1 detected”

Z Tivj “0 de;cted” To, (15)
<

(4,5)€E1

where T, denotes the largest real root of the equation

1)(z — 2 W+ 1 a )" 16
2@-D@-2) - @-W+1)=(737) - (16)
Even with the optimized thresholds, the SUM detector possesses a critical weak-
ness. Note that if no pulse is detected at any of the positions Fy, there is obvi-
ously no chance that “1” is transmitted. This fact is reflected in the ML detectors
(@) and the AND detector, and hence, they never makes erroneous decision
when r; ; = 0 for at least one position (¢, j) € E1. On the other hand, both the
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conventional SUM detector and the optimized SUM detector may make such
erroneous decision with a positive probability. A simple way to prevent SUM
detectors from making such obvious misjudgment is to combine them with the
AND detector. In other words, we may use the AND detector to filter out the
cases where there is no chance that “1” is transmitted, and then use the SUM
detector as a mean to confirm the decision made by the AND detector. For in-
stance, combining the AND detector and the optimized SUM detector will result
in the following decision rule.

Optimized AND-SUM detector

“1 detected” if Z [ri;] =W and Z ri; > To,
(i,9)€EL (i,§)€EE
“0 detected” otherwise. (17)

4 Numerical Experiments

In this section, we compare the BER performance of various 2-D OCDMA de-
tectors discussed in Section Blthrough an extensive set of numerical experiments.
For the sake of tidy and orderly presentation of the simulation results, the abbre-
viations in Table [Mfor the names of 7 different detectors will be used throughout
this section including both figures and tables.

Table 1. The abbreviations of 7 detector names used in Section H

AND |the AND detector given by (L3)
SUM | the SUM detector given by (I4)
OPTSUM | the SUM detector with the optimized threshold given by (I3
ANDSUM]| the combined AND-SUM detector given by ([[7)
MLUB |the ML detector for the UB interference model given by (9)
MLPB |the ML detector for the PB interference model given by ([I0)
MLPP |the ML detector for the PP interference model given by (L)

In the experiments, L = 10 wavelengths are used for 2-D OCDMA, and the
number of chip periods in a bit period (i.e., M) has been set to two different
values, 10 and 20. Therefore, the corresponding number of pulse positions in
FE is computed to be 100 and 200, respectively. For both cases, we changed
W, the weight of codes to 6 different values, (i.e., W = 2,4,7,10,15,20), and
for each value of W, we measured the BER through computer simulations for
different number of active nodesH For each sample point in the simulation results,
the duration of simulation has been determined in such a way that the 99%

4 Here, “active nodes” means the nodes that are currently transmitting bit streams
over the shared optical medium. Consequently, if there are N, active nodes, then
from the view point of individual receiver, the effect is as if there are Ny = N, — 1
independent sources of interferences in the LAN.
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confidence interval of the BER does not exceed 20% of the estimated value of
BER. For the ML detectors, it is assumed that the number of interfering nodes
(or the number of active nodes) is known beforehand, and also, the value of « in
the MLPP detector is set to the expected density of pulses during a bit period
given Ny;i.e.,
N/W
5

Fig. Bland Fig. Bl show the simulation results for L = 10, M = 10 and for
L =10, M = 20, respectively. From the figures, one can observe that 7 detectors
can be grouped into 4 groups exhibiting similar BER performance. It turned out
that the SUM detector and the OPTSUM detector show nearly identical BER
performance, which is the worst among the 4 groups. It may appear somewhat
surprising that optimizing the threshold in the SUM detector does not yield any
gain in the BER performance. However, this is because the optimal threshold 7,
which can be obtained by solving (I6]), takes value between W —1 and W unless
the interfering pulse density N;W/2 is significantly larger than LM, the number
of pulse positions in E. Consequently, we found that the OPTSUM detector
degenerates to the SUM detector when their BER is relatively small. When the
pulse density is larger enough to increase T, beyond W, marginal improvements
in the BER performance over the original SUM detector can actually be observed
in the simulation results. However, the BER in such heavy interference situations
is close to 0.5, and the marginal improvements in the BER performance is neither
practically meaningful nor clearly visible.

The second group of detectors showing the next worst BER, performance, in-
cludes the AND detector and the ANDSUM detector. Note that -, ;e p, [7i;]
< W implies that iyer Tig < W. This indicates that the SUM detector part
in the ANDSUM detector plays any role only if the optimal threshold T, is larger
than the code weight W. Therefore, the ANDSUM detector will degenerate to
the AND detector at low interfering pulse density for the reason discussed in the
previous paragraph, and hence, the AND detector and the ANDSUM detector
exhibit nearly identical BER performance. The BER performance of the AND
and ANDSUM detectors is comparable to that of the ML detectors at low in-
terfering pulse density, and gradually becomes inferior as the number of active
nodes increases.

The ML detectors exhibit lower BER than other simple detectors over the
whole range of W and Nj, and demonstrated BER performance comparable to
each other as expected in Section Bl In particular, the BER of the MLUB de-
tector and that of the MLPP detector are indistinguishable as can be observed
in Fig. Bland Fig. @ and hence, the MLUB and MLPP detectors constitute the
third group of curves in the figure. The MLPB detector, on the other hand,
provides slightly (but visibly) improved BER performance over the MLPP and
MLUB detectors. Remember that the PB interference model account for the
interdependency between pulse intensities r; ; at different pulse positions (i, 5)
in F, while the UB mode and the PP model fundamentally assume the indepen-
dence of {r;;|(i,7) € E}. As a result, only the pulse intensities at (i,7) € E;
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are involved in the decision process of the MLUB and MLPP detectors, while
the MLPB detector makes decision on the pulse intensities at all positions in
E. In a practical 2-D OCDMA system, there actually exists interdependency of
a certain degree between pulse intensities at different positions. Therefore, the
improved BER performance of the MLPB detector is believed to be achieved by
taking the interdependency into account in the decision process.

In summary, simulation results show that 7 detectors can be ordered accord-
ing to their BER performance as follows:

Low pulse density (i.e., % <1

MLPB ~ MLPP ~ MLUB ~ AND ~ ANDSUM < OPTSUM ~ SUM.

High pulse density (i.e., 30V > 1)

MLPB < MLPP ~ MLUB < AND ~ ANDSUM < OPTSUM ~ SUM.

5 Conclusion

In this paper, we introduced two new interference models, the PB and the PP
models for 2-D OCDMA systems, which can replace the UB model used in [§]
for the stochastic characterization of interfering signals in 2-D OCDMA LANSs.
The ML detectors for these new interference models (i.e., the MLPB and MLPP
detectors) are derived, and their BER performance is compared to that of the
MLUB detector through extensive numerical experiments. In addition, a set of
detectors with relatively simple structure including the traditional AND and
SUM detectors were introduced, and their BER performance was investigated
and compared to that of ML detectors through simulations. As a result, it was
found that the MLPB detector consistently exhibits BER performance superior
to the other detectors, and the MLUB and MLPP detectors closely follow the
MLPB detector. Among the detectors with relatively simple structure, the AND
detector and its variation (i.e., the combined AND-SUM detector) turned out
to have BER performance comparable to the ML detectors. In particular, the
BER performance of the AND detector matches that of the ML detectors at low
pulse density (i.e. when JQVL’AVZ <1).

Given the BER performance of the 7 detectors considered in this paper, as-
sessing their cost and complexity for implementation is the next step of course.
In general, the 2-D OCDMA detectors can be implemented in two main parts:
statistics extractor and thresholder. At the statistics extractor stage, a statisti-
cal figure will be computed from the received signal, and will be passed to the
thresholder. The thresholder will then decide whether “0” or “1” is received by
comparing the statistics to a threshold which may vary over relative long time
periods, e.g., as the number of active nodes changes. Although such a detection
process will take place once for each bit period, for the synchronization with the
transmitter, the statistics extractor and the thresholder are usually required to
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operate at the chip rate, which may be higher than the bit rate by orders of mag-
nitude. Comparing a time-sampled signal to a fixed (or slowly varying) threshold
is a fairly simple operation, and hence, can be carried out at a fairly high speed.
This means that the statistics extractor is likely to become a bottleneck in the
signal path and determine the maximum detection rate of a OCDMA detector.
Consequently, the SUM detector and the AND detector (including their varia-
tions) are deemed to have advantage over the ML detectors because the statistics
of the received signal (i.e., the left hand side of ([I3), (I4), (IZ), and (I7)) can
be obtained from the received signal using relatively simple hardwired optical
and/or electronic devices composed of mixer and hard-limiter [I716]. On the
other hand, extracting the statistics required by the ML detectors at the chip
rate is not a simple task, and may not be feasible even with the state-of-the-art
electrical and/or optical signal processing technology. This is partially because
the statistics contains the product of the pulse intensity. However, in the case of
the MLUB and MLPB detectors, a more critical problem is that the statistics
contains Ny, the number of interfering nodes, which typically fluctuates consid-
erably with time. In other words, the MLUB and MLPB detectors will require
different statistics of the received signal moment by moment, and the statistics
extractor must be designed to provide such flexibility. This makes it more diffi-
cult to maximize the processing speed of the MLUB and MLPB detectors using
hardwired devices. As a result, the MLPP detector should be considered more
suitable for high speed implementation than the MLUB and MLPB detectors.

Summarizing the studies on the 7 detectors carried out in this paper, we can
conclude that the AND, MLPB, and MLPP detectors form a lineup of OCDMA
detectors that offer the best trade-off between the BER performance and the
facility of high-speed implementation as described in the following.

AND detector

— Shows BER performance close to the ML detectors under low interference

(Z% < 1) and moderate BER performance under high interference

NiW
(5Er > 1)

— Appropriate for high-speed implementation.
MLPP detector

— Shows the best BER performance under low interference and the second

best BER performance under high interference (IZVL’AVZ > 1).

— Requires devices that can effectively multiply received pulse intensities
for high-speed implementation.

MLPB detector

— Shows the best BER performance over full range of interference.

— Difficult to implement in a hardwired structure for the time-varying
statistic of received signal required by the detector.
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Abstract. Unix-compliant open source operating systems are often used
as platforms of web service systems. Choosing an operating system can
affect web system performance. In this paper, we present a source-code-
level time measurement tool and measure a service time of each system
call that is invoked by Squid proxy cache. We produce the log while run-
ning Squid 2.4.STABLE1 on Linux 2.4.2 and Solaris 8. As a result, we
find that Linux 2.4.2 provides better services than Solaris 8. This can be
used as a guide for selecting system software on building web service.

1 Introduction

World-wide-web(WWW) is the most popular Internet service. There are so many
web servers and web proxy cache softwares and they are divided into the open
source software category and the proprietary software category. Representatives
of open source software side are Apache[l] and Squid[2], leaders of commercial
software side are Microsoft IIS[3], Inktomi[4], Cisco[5]. According to the surveys
of Netcraft[6], above 58% of 38,444,856 web sites in the Internet world are using
Apache (Table ).

Table 1. A survey of web server software usage on Internet in February 2002

developer|Jan 2002|percent|Feb 2002|percent |change
Apache |20866868| 56.87|22462777| 58.43| +1.56
Microsoft [11097667| 30.25/11198727| 29.13| -1.12
iPlanet | 1318991 3.60( 1123701 2.92| -0.68
Zeus 792802 2.16| 837968 2.18| +0.02

In the case of web proxy cache, Squid is the most widely used open source
software. These kinds of open source web system softwares are usually run-
ning on the UNIX-compliant operating systems, specially open source operating
systems like Linux and Solaris. In this paper, we describe a source-code-level
time measurement tool. We apply this tool to Squid and analyze the operating
system performance supporting Squid. Squid web proxy cache uses system calls
frequently. It uses system calls of network subsystem for making connection with
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web servers and web clients. It also uses the system calls of the file subsystem
for retrieving and storing the web objects from or to the disk cache. So, Squid
is suitable to give a real intensive workload of web environment to an operating
system. Our experiment was made as follows.

— Make a tool for measuring run time of program module.

— Patch Squid source code with APIs of our time measurement tool.

— Apply a workload generated by Web Polygraph[7] to Squid.

Calculate elapsed time of each system call from the log generated by our
tool.

The rest of this paper is organized as follows. In section 2, we introduce the
related works of our experiments. In section 3, we describe the Squid’s behavior
associated with operating system services. In section 4, we describe our service
time measurement tool. Result and analysis of this experiment are discussed in
section 5. Conclusion is given in section 6.

2 Related Works

Many researches are presented on the performance of the web system softwares
- web servers and web proxy caches. Banga and Druschel described the method
of generating more realistic HT'TP requests for measuring the capacity of a web
server[§]. Barford and Covella made SURGE - a workload generator and eval-
uated the performance of network and server according as the load increase[9].
Web Polygraph mentioned in section 1 is the representative HT'TP traffic gen-
erator for measuring responsiveness of a web proxy cache. Web proxy cache like
Squid accepts clients’ requests and get the very object from the other web servers
if it is uncached. Next, Squid stores it into its local cache and supplies it to the
client which issued the request. So, Web polygraph acts as not only clients gen-
erating HTTP requests to Squid but also remote servers storing web object that
Squid needs. Maltzahn et al. measured the performance of enterprise level web
proxies[11], Rousskov presented a good and detailed performance study[10] and
Kim et al. gave a model for retrieval latency for proxy cache[12].

Cache replacement policy is the main topic of the web proxy cache research.
Many studies are conducted for this area. One part of them carried out compar-
ative performance study of existing policies and the others suggested new policies
and evaluated them. The performance of the replacement policies of Squid was
compared well in [T3].

There are some works focused on the relations between web system software
and operating system which is the basis of the web system software’s running.
Nahum et al. examined the several tuning methods for getting high performance
of web service like using efficient socket function, reducing the number of memory
copies in the system and minimizing the connection overhead under the TCP /IP
protocols[I4]. Mogul et al. suggested the operating system level supports for
faster network servers[I5]. Baek et al. mentioned the buffer cache mechanism of
the UNIX file system is not adequate for the web proxy cache[I6]. Our research
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Squid
server client
zocket gocket
bind connect
client listen write Remote
accept read Web
9 “ read close “ Server

write

open close

read write

Fig. 1. System calls for Squid working

also comes into this category of investigating the correlations between the web
proxy cache server and its underlying operating systems.

3 Flow of the Squid Working

Squid is derived from the ARPA-funded Harvest project. It is a high-performance
proxy caching server for web clients, supporting FTP, gopher, and HTTP data
objects. Unlike traditional caching software, Squid handles all requests in a sin-
gle, non-blocking, I/O-driven process[2]. It is designed to run on Unix-compliant
operating systems and it is free, open-source software. Many organizations and
individuals use this software and IRCache Project of NLANR(National Lab-
oratory for Applied Network Research) also adopts Squid for organizing US
nation-wide cache hierarchy[[17]. For the first step of our study, we analyzed
Squid 2.4.STABLE1 source code and figured out the working flow of it. Fig. [T
summarizes the system calls that Squid makes during executing its operation.

As we can see in Fig. [[] Squid web proxy cache acts not only as a web server
for the clients’ request but also as a client to the remote server. Brief algorithm
of Squid working is described as follows.

squid O{
while(1){
accept request of a client;
if (the requested object is in cache){
read object from the cache;
send it to the client;
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else {

send request to the remote web server;

if (the requested object is in remote server){
read the object from remote server;
write the object to the cache;
send it to the client;

}

else
send MISS reply to the client;

We can easily associate each line with the system call actually invoked except
send. Send appeared in above algorithm means write() on network subsystem.

4 A Time Measurement Tool

We tried to measure the operating systems service time of the network-related
system calls and file-related system calls while Squid is running. Squid consists
of only one process and use 1024 file descriptors for network communications
and file I/Os. Tt checks the status of each file descriptor periodically by polling.
In the process of file operations, Squid doesn’t read (or write) the whole size of
the object. It reads (or writes) a file incrementally by the size of 4096 bytes each
time. This mechanism prevents that some request holds the exclusive possession
of Squid’s service. Because of this design principle of Squid, we use the following
data structures to accumulate the system call service time for each file descriptor
in our time measurement tool.

struct PerFile{
int fd;
char *desc;
char *name;
struct timeval open;
struct timeval read;
struct timeval write;
struct timeval close;
} SpendTime[1024];

We could get the elapsed time of each system call by stamping a time before and
after the execution of a system call and calculate the difference of two times.
The following two APIs perform this role.

void setStartTime(int fd, char *desc, char *name)
void setEndTime(int fd, char *desc, char *name)

API setStartTime () registers the present system time before the execution of
file-related system calls. First parameter int fd is the index of a file descriptor,
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Table 2. Hardware specifications

CPU 800Mhz Intel Pentium III Dual
Cache Memory|256KB

Main Memory |512MB

HDD 30GB SCSI

NIC Ethernet 100Mbps

Table 3. Software specifications

OS Solaris 8 Intel Platform
Linux Kernel 2.4.2
Proxy Cache Server|Squid 2.4.STABLE1
Traffic Generator |Web Polygraph 2.7.3

second parameter char *desc is an absolute path of cached file, third parameter
char *name is the name of a system call. setStartTime() and all other our
time measuring APIs used C standard library function gettimeofday(). After
the file-related system calls, setEndTime () checks the present system time for
calculating the difference from the time stored by setStartTime() and stores
the elapsed time to the array SpendTime [] according to the class of system calls.
If the third parameter of setEndTime () is close, log is made out of the time in
SpendTime []. For measuring the service time of network-related system calls,
the following two APIs are used.

void setStartSystemCallTime(void)
void calcSystemCallTime(char *name);

Being different from the case of the file-related system calls, it is not necessary
to accumulate the each elapsed time of network-related system calls such as
socket(), bind(), listen(), accept(), close(), connect(), because they could not be
interrupted while their executions. API setStartSystemCallTime() gets the
present time before system call and calcSystemCallTime() gets a difference
from start time and put it into the log.

5 Experimental Results and Analysis

Hardware and Software usages of our experiment are listed in Table Bland Bl
We used two kinds of operating systems, Solaris 8 and Linux Kernel 2.4.2.
On top of each operating system, Squid 2.4.STABLE1 which is patched with our
time measurement APIs were running. On the other system, traffic generator,
Web Polygraph was running. We used the PolyMix#1 which is the workload
used for the first Cache-off[7] in 1999. It has the following characteristics, the
reply size is chosen from an exponential distribution with a mean of 13Kbytes,
20% of the Polygraph client requests are uncacheable, latency is selected from
a normal distribution with a 3 second mean and a 1.5 second standard devia-
tion for each request, cache hit ratio of the requests is constant 55%. We made
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Table 4. The service time of each system call for the case of 5 requests per second

Solaris 8 Linux 2.4.2
number total ave|number total ave
of service|service of|  service|service
calls time| time calls time| time
(usec)| (sec) (sec)| (usec)
file open 12464.6]12747540.0] 1022.7|12203.0{1154222.4| 94.6
close 12464.6| 724651.0| 58.1/12202.6| 148770.2| 12.2
read 7868.2| 2823406.2| 358.8| 7567.0| 976454.8| 129.0
write 4539.6| 3487230.2| 768.2| 4558.2|1121295.2] 245.9
network|socket 8167.4| 1079798.8| 132.2| 8227.0| 212842.8| 25.9
close 26247.8| 3878308.0| 147.8]26302.6| 841808.6| 32.0
bind (server) 2.0 138.8| 69.4 2.0 39.2| 19.6
listen (server) 1.0 58.6| 58.6 1.0 32.2| 322
accept (server) [18099.0| 5203174.2| 287.5/18098.6| 593375.8| 32.8
read (server) 18099.0| 1664708.0/ 91.9/18097.4| 303329.2| 16.8
connect (client)| 8179.2| 1054448.6| 128.9| 8248.8| 386326.6| 46.8
read (client) 41729.6| 2835982.0| 67.9|47107.2{1003498.4| 21.3
write 95190.0| 5843834.6| 61.4/96420.6|2884864.6| 29.9

three kinds of experiments for varying the request rate - 5, 10, 15 requests per
second. According to the empirical study of Rousskov[10], root-level cache in
the cache hierarchy receives 15-20 requests per second at the peak time. 8-12
requests are given to Web proxy cache of ISP(Internet Service Provider) in a
second. Leaf-level cache of an organization accepts 5-7 requests per second. So,
selected numbers of 5, 10, 15 requests per second are sufficiently meaningful. Our
experiments are carried out for 6 kinds of combinations - 2 types of operating
systems and 3 categories of request rates. We repeated 1-hour long experiment 5
times, and took the mean value of the produced data. Table @ [ and [6] contain
full details of the results.

For clear comparison, we can simplify the results. If Squid replies with cached
object sized 13Kbyte (the mean value of the exponential distribution of reply
size), Squid invokes following system calls in order.

— socket() for open a connection

— accept() a client’s request

— read() URL from the client’s request

— open() cached file

— read() cached file incrementally 4 times
— write() to the client

— close() the file

— close() the connection

We notice that file read() system call is invoked 4 times. It is because file
I/Os are performed by 4096 Byte size at a time, so [13312/4096] = 4 file system
read operations are needed. We can calculate the total time of system calls by



A Tool Measuring Operating System Supports for Squid Proxy Cache 245

Table 5. The service time of each system call for the case of 10 requests per second

Solaris 8 Linux 2.4.2
number total ave| number total ave
of service|service of|  service|service
calls time| time calls time| time
(usec) | (usec) (isec) | (pusec)
file open 26180.8/52452389.0| 2003.5| 26057.6(2729217.2| 104.7
close 26180.8| 1701902.8| 65.0| 26057.6| 343152.2| 13.2
read 15251.8| 4357569.4| 285.7| 14473.8|1812975.8| 125.3
write 10868.4[14290981.4| 1314.9| 11445.6|2964509.4| 259.0
network|socket 18151.4| 2508377.8| 138.2| 18760.2| 541337.8| 28.9
close 54565.2| 8185024.4| 150.0| 55019.6/1828493.8| 33.2
bind (server) 2.0 139.2] 69.6 2.0 38.2] 19.1
listen (server) 1.0 57.6| 57.6 1.0 31.6| 31.6
accept (server) | 36450.0{10504843.4| 288.2| 36327.8/1205065.4| 33.1
read (server) 36449.6| 3246299.2| 89.0| 36355.0| 595169.4| 16.3
connect (client)| 18183.0| 2483005.0| 136.6| 18929.6| 922424.2| 48.7
read (client) 95467.8| 6824033.0| 71.5[117688.2{2694690.8| 22.9
write 196503.4({12548965.4|  63.9|206616.2(6527620.2| 31.6

Table 6. The service time of each system call for the case of 15 requests per second
Solaris 8 Linux 2.4.2
number total ave| number total ave
of] service|service of service|service
calls time| time calls time| time
(usec) | (usec) (usec) | (pusec)
file open 40088.2{112193710.8]2798.7| 39968.2|15369979.0| 384.6
close 40088.2| 2510847.0| 62.6| 39968.2| 573839.0| 14.4
read 19423.8| 4988762.4| 256.8| 18328.8| 2449426.8| 133.6
write 20603.4| 22088487.0/1072.1| 21450.0| 5921519.6| 275.6
network|socket 31429.2| 3666936.4| 116.7| 32314.0| 1010803.2| 31.3
close 85650.0| 10705142.8| 124.9| 86538.4| 3012187.2| 34.8
bind (server) 2.0 109.4| 54.7 2.0 39.2| 19.6
listen (server) 1.0 44.4) 444 1.0 31.8] 31.8
accept (server) | 54268.2| 12711839.4| 234.2| 54287.0| 1884169.6| 34.7
read (server) 54268.2| 3661444.4| 67.5| 54283.0| 921370.2| 16.9
connect (client)| 31482.0| 3616227.4| 114.9| 32364.8| 1607084.6| 49.6
read (client) 174259.6| 10914746.4| 62.6/219559.2| 5545847.2| 25.3
write 308611.4| 17696386.0| 57.3|332356.6|11434832.4| 34.4

adding above latencies of system calls (Table [0). Similarly, the service time of
the system calls for 13Kbyte uncached object can be calculated (Table [).

In Table [ Solaris 8 takes 4-5 times more service time than Linux 2.4.2. In
Table Bthe total latencies of system calls of Solaris 8 is also 4-6 times larger
than Linux 2.4.2. These results show that the system supports for Squid web
proxy cache of Linux 2.4.2 is better than that of Solaris 8 in general.
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Table 7. Total service time of system calls for the 13Kbyte size cached object(usec)

5 req/sec|10 req/sec|15 req/sec
Solaris 8 3237.0 3940.6 4489.4
Linux 2.4.2 760.3 762.2 1085.7

Table 8. Total service time of system calls for the 13Kbyte size uncached object(usec)

5 req/sec|10 req/sec|15 req/sec
Solaris 8 5412.6 8617.5 8226.8
Linux 2.4.2| 1383.9 1462.5 1829.1

6 Conclusion

In this paper, we presented the design and implementation of a source-code-level
time measurement tool in order to compare the operating systems supports for
Squid web proxy server. We patched Squid 2.4.STABLE1 with our tool and
gave a workload generated by Web Polygraph. As a result, Linux 2.4.2 is more
suitable for running Squid than Solaris 8 in terms of the service time. We think
that Solaris 8 have to be improved on their latencies of the system calls of file
subsystem and network subsystem. This result can be used as guidelines for
building web service with free software and for designing operating systems to
support web services efficiently.
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Abstract. Control loop is an essential part of the process control system
that must control physical processes in which it is difficult or impossible
to compute correct output value with input values alone. In this paper,
we describe the design and implementation of a highly reusable object-
oriented control loop framework to support the efficient development of
real time process control applications. The basic building block in our
control loop framework is the Point class. The Point class encapsulates
process variables of a control loop together with control algorithms so
that it can be easily adapted and extended to process control applications
that have various structures and behaviors. The core of this paper is
the design pattern of event/time-triggered Point class that can be used
for flexible implementation of monitor and control functions required
of target processes through the interaction of point objects performing
continuous re-computation.

1 Introduction

The process control system produces the desired output from the input resources
of a process responding adequately to the constantly changing environment,
or continuously monitors and controls a process in order to maintain required
relations among the objects in the process. In such a system, it is difficult or
impossible to compute the correct output value with input values alone, and the
time constraint is usually accompanied. A control loop is an essential part of the
process control system [I].

An object-oriented framework provides an architecture that can be commonly
used for the development of application programs that belong to a specific area
or functional group. The architecture includes classes that can be easily adapted
and extended. Accordingly, a complete application system can be easily built by
modifying some of the classes in a framework and appending additional func-
tions to the framework, then connecting them to the building blocks of the
framework [2].

W. Chang (Ed.): AISA 2002, LNCS 2402, pp. 249 2002.
© Springer-Verlag Berlin Heidelberg 2002
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On the other hand, much research has been done recently for the develop-
ment of real-time systems based on the object-oriented methodology. S. Faulk
et al. in [3], tried to make requirement specifications in the real-time software
development mathematically more rigid and easier to share, by putting object-
orientation, graphic representation and standardized approaches together. B.
Selic et al., in [4], provided more accurate and simple system modeling strategies
by graphically representing the real-time system architecture through object-
oriented methodologies. The system model, practicable at all the levels of ab-
straction, helps find out requirement or design drawbacks at the early stage of
development.

While the development of general real-time systems is treated in [3] and
[@], this paper focuses on the development of a process control framework with
higher reusability. That is, the purpose of this paper is to make development
of a process control system more efficient and easier by studying the methods
to design common parts of process control application programs as an object-
oriented framework with higher reusability and flexibility. In such a framework,
the structure of a control loop can not only be modified dynamically during the
execution of an application, but it can also be easily extended to a single control
loop with many process variables or a complicated control loop application with
many single control loops. The core of this paper is the design pattern of the
Point class which flexibly supports the continuous re-computation of process
variables of a control loop. A control loop framework is composed of frozen parts
and hot spots. The frozen parts implement common functions of various control
loops and can be used without modification during an application development.
The hot spots represent the variability between control loops. A control loop
application can be completed by adapting and extending the hot spots of the
framework according to the system requirements, and then compounding them
to the frozen parts of the framework.

This paper is organized as follows. Sect.[2 analyzes the domain of the control
loop framework to be developed, explains the control loop model, and reviews
requirements to be considered in order to develop a highly reusable and flexible
framework. In Sect. [3 we propose a control loop framework designed to be
easily adapted and extended to process control application systems with various
structures and behaviors to meet the requirements presented in Sect.[2l In Sect. H]
an example of implementing a control loop application using the proposed control
loop framework is explained. Sect. Bl reviews previous researches on the process
control software designed as an object-oriented framework. Sect. [l presents our
conclusion and future work.

2 Domain Analysis of the Control Loop System

2.1 Control Loop Model

A process control system consists of a process and a control which controls and
monitors the process. The current status of the process can be represented by
process variables. There are four types of process variables: controlled variable,
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input variable, manipulated variable and reference variable. A controlled variable
represents an actual measured value of an object to control. An input variable,
not an object to control, is a process variable which represents an input value
needed to control the process. Both variables are used as process variables mon-
itored by the control. That is, they are monitored variables of the process. A
manipulated variable can be directly modified by the control. A reference vari-
able represents a setpoint, that is, a target value of the controlled variable [I].

Since the external environment of a process control system is indeterminis-
tic, unstable and constantly fluctuating regardless of the process, it is difficult
or impossible to determine the correct output value with values of input and
internal state alone. Therefore, in order to meet or maintain the requirements of
the process outputs specified by the reference variables, the control computes the
values of manipulated variables based on the reference and monitored variables
and sends them to the process. The process, in turn, controls the monitored
variables according to the values of the manipulated variables entered from the
control. Such a process control system can be regarded as a control loop model
(Fig.[). A control loop model is composed of two components, a control and a
process, and two connectors which provide paths of the asymmetric and cyclic
flow of data.

2.2 Requirements of the Control Loop Framework

Following are the requirements considered in this paper to enhance reusability
and flexibility of the control loop framework.

— By adapting and extending hot spots of the control loop framework, it should
be possible to easily build up a control loop application which implements
interactions of process variables and control algorithms required in a specific
system. It should be also possible to dynamically modify the configuration
of the control loop during execution of the application.

— It should be possible to extend to a complex process control application
which includes many control loops, not just one.

— The control loop application should be both time-triggered and event-
triggered.

— Simulations of the control loop application should be possible, and once they
are done, the application should be easily migrated to the real process control
environment.



252 Taewoong Jeon et al.

fromPoints1 toPoints2

—* Trigger direction
O Poirt object

Fig. 2. Relation between the Point P and fromPoints/toPoints

— If the user of the framework wants alarming or watching function, it should
be added with ease.

3 Design of the Control Loop Framework

3.1 Point Class

The control loop controls the process through an actuator so that the state of
the process can be kept within the setpoint, and monitors the state of the control
through a sensor. The control loop system timely reacts to the value changes of
the monitored variables entered from the sensor and recomputes the values of
the manipulated variables. Then, it sends the result to the actuator to change
the values of the controlled variables of the process. The control loop framework
proposed in this paper is designed to have the Point class as its basic building
block which encapsulates process variables together with control algorithms in
order to flexibly constitute the interrelationship among the process variables.

A point can either be an input point or a computed point according to the way
its value is determined. While the value of an input point comes from an external
data source, a computed point gets its value from the other points inside the
system. That is, a computed point depends on input points or other computed
points to determine its value, and registers itself as a destination point(toPoints)
to those points. If the value of a point changes, it notifies all the registered
toPoints of the change. A toPoints, then, reads the values of all the source
points(fromPoints) to recompute its value using its own formula. Continuous
re-computation is performed as the change of point values is propagated to all
the toPoints connected through the dependency chain. Fig. [2 shows the relation
between a point P and fromPoints/toPoints. The point P becomes toPointsl from
the viewpoint of fromPointsl, and fromPoints2 from the viewpoint of toPoints2.

Loose coupling among the objects must be maintained in order to easily adapt
and extend the process control framework to a process control application system
that has various structures and behaviors. The point objects can be loosely
coupled by representing control relationships among them using the Observer
Pattern and the Composite Pattern [3] in design.

Fig.Blshows the design pattern of the Point class and depicts the relationship
among the Point class and its subclasses, InputPoint and ComputedPoint class.
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The ComputedPoint class responds to the value changes of the process variables
in the Point class whose destination point(toPoints) is the Computed Point. It
plays the role of observers. The ComputedPoint also creates a Composite pattern
in which it has other point objects as its components through the fromPoints
reference. The InputPoint gets its value directly from the outside through the
setValue member function, while the ComputedPoint computes its value using
the values of the other points affecting it. Therefore, the fromPoints reference
in Fig. [ can be either an InputPoint object or a ComputedPoint object, but
the toPoints reference can be a ComputedPoint object only. In Fig. Bl when a
value is set to anlnputPoint, its notifyPoints member function is called, which,
in turn, calls the update functions of all the toPoints of the InputPoint. Af-
ter the update function of the invoked aComputedPoint] re-computes its point
value through the formula class(aFormulal), it calls the update functions of
its toPoints(aComputedPoint2). Since values of the monitored variables entered
from the sensor end up with starting the actuator through the chain reaction of
the point re-computations and update calls, an expected control effect can be
achieved.
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3.2 Formula Class

The manipulated variables, the monitored variables and the actuator can be
regarded as computed points. Their structures are the same, but the behaviors
of their formula functions are different. So, we applied the Strategy pattern [5]
to encapsulate the formula in a separate class in designing a computed point.

The computation algorithm of a computed point is determined by a Formula
class object which is dynamically replaceable according to the Strategy pattern.
The computed point class has a formula which is a reference to the Formula
class object. The Formula class provides a compute member function which is a
common interface to the various algorithms a computed point may have. Using
the compute function, a computed point invokes an algorithm defined in a sub-
class of the Formula class. If a computed point object represents a manipulated
variable using the PID control algorithm, it references to the PID Formula. If a
computed point object represents a monitored variable that contains an average
value of many sensors, it references to the Average Formula class object. If a
computed point object represents an actuator, it references to the Transform
Formula. The compute member function of the PID Formula class contains PID
control algorithm, and the setParameter member function reads parameter val-
ues required for the PID control algorithm when the program starts. By making
the reconfiguration of parameters possible, the system can be easily modified
without rebuilding the program.

3.3 Lazy Point Class

If a value of a certain computed point is used infrequently, it is a waste of time to
re-compute its value every time the values of points it is dependent on change. It
is more efficient to re-compute when the value is requested. In order to meet such
a requirement, a LazyPoint class [§] is incorporated in this paper as a subclass
of the ComputedPoint class. A LazyPoint re-computes its value only when it
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is used by another point, while a ComputedPoint is re-computed whenever the
values of fromPoints change.

As shown in Fig. Bl a LazyPoint simply records an update and delays the
re-computation of its value until it is requested, while a ComputedPoint re-
computes its value every time its update function is called, and notifies the
registered points of the change. Only when a record of an update exists, its
value is re-computed, otherwise, the stored point value is sent. So, time waste
for the unnecessary point re-computation can be avoided.

3.4 Time Triggered Point Class

In the control loop system, not only the event triggered approach, in which
the system reacts to the state change of the process, but also the time triggered
approach must be utilized, so that the system can reach or maintain the setpoint
value of the process within a required time by monitoring the control state of the
process at specific points in time regardless of the state change of the process.
A Timer class is defined in the system to meet such requirement.

As explained above, the manipulated variable point of the control loop com-
putes its value based on the values of the setpoint and the monitored variable,
and sends the value to the actuator. If the value of the monitored variable does
not reach the setpoint value after a specific period of time, it might be neces-
sary to raise an alarm condition. To represent such a manipulated variable, the
ManipulatedVariablePoint class which needs a timer is provided as a subclass
of the ComputedPoint class. General manipulated variables which do not need
alarming function are created from the ComputedPoint class.

The TimeTriggeredSensor is periodically activated by the Timer, and the
EventTriggeredSensor is activated in case the value of the sensor changes. Both
sensors are created by inheriting from the InputPoint. The Point objects that
need a timer such as the time triggered sensors, manipulated variables with
alarming functions, or the Simulation Point objects register themselves and the
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duration of time to the Timer. The Timer, at specific intervals of time, invokes
the timeout member function in the registered Point object and notifies the
registered time has passed. The manipulated variable whose registered time has
passed checks if the monitored variable has reached the setpoint, and raises an
alarm condition if it has not.

3.5 Simulated Process

The SimulationPoint class represents a simulated process by simulating the in-
teraction between an actuator and a sensor. The effect caused by the actuator is
sent to the SimulationPoint object, which, in turn, transfers the simulated value
based on the effect to the sensor after a certain feedback delay time. Therefore,
when an application which is made out of a framework is to run under the actual
operational environment, the SimulationPoint is only to be replaced by the ac-
tual process. The starting point of the SimulationPoint is the actuator, and the
destination point is the sensor. Once the actuator object invokes update function
of the SimulationPoint object, the SimulationPoint object computes a simulated
value through the SimulationFormula object it references to. When the Timer
object of the SimulationPoint invokes timeout function after the feedback delay
time passes, the simulated value is sent to the sensor.

3.6 Architecture of Entire Classes of the Control Loop Framework

Fig. [6l shows the inheritance and composition relationship among the classes of
the control loop framework as a whole. Since the fundamental concept of the
framework design in this paper is the continuous re-computation of point values,
the various classes that consist of the control loop framework are inherited from
the Point class.

4 An Application Using the Control Loop Framework

Using the control loop framework proposed in this paper, it is possible to design
a flexible control loop software component based on the control loop model
in Fig. [l To implement a control loop application, the control loop system
developer using the framework can build the classes his/her application requires
by inheriting and extending the Point class or its subclasses. This section explains
a control loop application implemented using the Java programming language.

Fig.[Mshows a heat control loop model which controls room temperature. The
control is a heat control to maintain the desired room temperature as a setpoint,
and the process is a heater monitored and controlled by the heat control. The
monitored variable represents the current room temperature taken by the sensor.
The temperature is a feedback value to the control and used to compute the value
of the manipulated variable, which, in turn, is sent to the actuator.

Fig. Bl shows a configuration of the heat control loop in Fig. [ constructed
using the Point classes in the control loop framework. The arrows represents trig-
ger directions between the connected Point objects. The setpoint and the sensor
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are InputPoint objects of the framework. The manipulated variable, monitored
variable, actuator and the simulation point are all ComputedPoint objects, and
each references to its own Formula object.

The control mechanism of the heat control loop system is as follows: The
sensor is triggered by the sensor timer at specific periods of time, and sends
the measured temperature to the monitored variable. The manipulated variable
takes the monitored value from the monitored variable and computes the manip-
ulated value using the PID control algorithm of the PID formula. The computed
manipulated value is sent to the actuator. Then, the value is reflected on the
simulated process. The manipulated variable timer notifies the manipulated vari-
able that a certain period of time has elapsed. Then, the manipulated variable,
with the monitored value and the setpoint value, judges whether the control is
in the normal state or not.

The value of the actuator is sent to th simulation point. As soon as the
simulation timer notifies the simulation point that the feedback delay time has
elapsed, the simulation point sends the current temperature to the sensor. The
value of the sensor is, in turn, sent to the monitored variable to make a loop.
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Fig. [is a single control loop system where there is only one point object for
each of the actuator, sensor, monitored variable and manipulated variable. There
exists a single control loop system with many process variables, or a control loop
system with many single control loops. Such complicated control loop systems
can also be easily implemented using the control loop framework.

Fig. @lshows a control loop system which consists of two single control loops.
An application of such a system can be constructed using Point classes of the
control loop framework as shown in Fig. [[01

5 Related Works

Current researches on the design of the process control software in an object-
oriented framework are reviewed in this chapter.
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Per Dagermo and Jonas Knutsson [8] regarded the process control as a con-
tinuous re-computation of a number of output values as the response to changes
to a number of input values. A value in [8], which is an abstraction of a pro-
cess variable, can either be an input value or a computed value. When a value
changes, it notifies all the computed values registered as its dependents. When
a dependent value is notified, it re-computes itself.

P. Molin and L. Ohlsson [9] designed a framework for fire alarm systems,
where the logical behavior of the input/output devices such as sensors and ac-
tuators at the interface are standardized and defined as Points [9]. The concept
of Point was applied in this paper as the Point class.

Jan Bosch [10] designed an object-oriented framework for the measurement
system which measures the quality of manufactured products and picks out low-
quality products. The Strategy pattern and the Composite Pattern were mainly
utilized in the design of the system. The control loop of the measurement system
differs from the one proposed in this paper in that the measured values are not
used directly to control the manufacturing process. In this paper, the measured
value, that is, the monitored variable is used as the controlled variable to control
the process.

The process variables as well as sensors and actuators in this paper are all
defined as Point classes or its subclasses performing continuous re-computation.
While data types, computation algorithm, and control of the computation are all
encapsulated in the Value class in [], they are separated in different classes in
this paper. As the data type of a process variable is separated from its control and
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defined in a Number class, the operations of the process variable are performed
polymorphically. This allows the control loop to have multiple types for its point
values. We defined computation algorithms in separate classes according to the
Strategy pattern so that the algorithms used by computed points are easily
replaceable at runtime.

6 Conclusions and Future Work

This paper has described the design of a highly reusable control loop framework
for process control systems. The core of the proposed control loop framework
is the design pattern of the Point class which encapsulates state values of the
process together with the control mechanism. As subclasses of Point are designed
using the Observer and Composite patterns, Point objects are loosely coupled
with one another and can be easily reconfigured as needed during the execution.
Application developers using the control loop framework can complete their
applications efficiently by adapting and extending the Point (sub)classes to their
requirements.

Most process control systems require parallel and real-time processing. While
the proposed control loop framework utilizes Java’s multi-thread functionality
for parallel processing, it does not directly support real-time scheduling. The
framework instead assumes the use of a real-time kernel when extended to an
application. The primary work we plan to do in future is to enhance the control
loop framework with real-time features to ease its extension into specific real-
time operating system environments.
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Abstract. In the paper, we present an internet personal-live broadcast-
ing server system. Our solution enables amateur users to broadcast with
basic multimedia equipments. For the scalable system architecture, the
broadcasting server is configured with a cluster of streaming units. For
scalable broadcasting services, we build multiple-channel establishment
and channel expansion. Concurrent services for a number of broadcasting
channels are effectively provided, and also the capacity of channel can
be expanded by connecting another group according as the number of
participants increases. Furthermore, for the sake of complete live broad-
casting with high quality of transmission, it supports both TCP and
UDP according to status of network environments and received packet
loss in the user system. The performance of the system is effectively eval-
uated at such practical commercial sites as well-known community and
e-business sites.

1 Introduction

Recently, as internet environments are improved, a variety of applications to
meet sophisticated requirements of users have been served in the internet. While
general web contents provide static pictures or text, contemporary web pages
generally consist of dynamic contents like CGI(Common Gateway Interface).
Furthermore, as multimedia services become popular, demands for video and
audio streams are accordingly increasing. Thus, a web server should be able to
deal with heavier accesses and higher volume of data. Specially, in such commer-
cial sites as community, e-business, VOD(Video On Demand), and broadcasting
services, it should be able to guarantee reliable services as well as maintenances
of high performance. There were previous works to improve the QoS(Quality of
Service) for the multimedia streaming on the current best-effort internet with
partial success to achieve these features|[12]. The authors of [3/4] presented prin-
cipal techniques and algorithms for such streaming video services over internet
as broadcasting data compression, streaming server, and caching. In particu-
lar, with a view to guaranteeing QoS over multimedia servers, there were also
proposed works that included resource-management mechanisms embedded in
a middle-ware layer[5], an adaptive QoS server model to cope with a variety
* This work is done by the MOCIE project; the Development of High-Performance
Scalable Web Servers.
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of circumstances[6], and its implementation[7]. Additionally, for achieving re-
liable multimedia services that primarily handle continuous audio and video
streams, a distributed structure of multimedia servers[§], a data placement and
disk scheduling algorithm[9], and a scalable storage management[L0] have been
investigated as well. It is nevertheless difficult that these results are effectively
applied to practical systems. In the paper, we present an efficient internet live-
broadcasting server system. The system allows users to easily broadcast and
to actively participate in the channel as well. Though various kinds of internet
broadcastings are professionally serviced, our solution is not just for experts[11]
but basically for amateur users to broadcast by equipping with such simple and
basic audio/video equipments. In the broadcasting service, a fixed number of
channels and its capacity usually restrict a scale of service. As the number of
users is growing, those inflexible components result in not only degrading service
qualities but also interrupting continuous services. We, thus, focus on scalability
of channel establishment and capacity, where different channels can be readily
established in streaming units so that broadcastings are concurrently provided
for users. The capacity of a channel is easily expanded by simply connecting
groups according as the number of participants increases. The architecture of
the broadcasting server system is intrinsically based on a cluster of streaming
units so as to construct highly scalable systems. The system performance is val-
idated in the field test conducted at two commercial sites, practically adopting
our solutions.

The paper is organized as follows. In Section 2, we present the basic archi-
tecture of our overall system and the detailed functions of its parts. Section 3
describes the flexible scalability of the broadcasting channels and the server sys-
tem. Section 4 discusses the mode switching between TCP and UDP in order to
efficiently transmit the broadcasting data. Section 5 validates the performance
of our system through field tests, whereas the paper concludes with Section 6.

2 System Architecture

The basic environments for proper services are depicted in Fig. Il We develop a
server system and solutions for internet personal-live broadcasting. The server
system is intrinsically composed of such three primary parts as a web server, the
CSM(Cluster Server Manager) with backup, and clustered streaming units. The
modules constructing each part are presented in Fig. [ While the web server
provides user applications to clients, the other parts operate transparently to
users. The CSM controls a broadcasting and properly manages each of stream-
ing units, and its backup server is prepared to guarantee the feature of High
Availability(HA). The clustered streaming units are real broadcasting servers
that are directly connected with user systems. The main functions of system
modules in Fig. Blare described as follows.

2.1 The Client Part and Web Server

We select the Apache that is widely adopted for the web servers. It naturally
makes connection with users and broadcasting servers. When a user accesses
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the web server, it provides a user application in the form of ActiveX[12] with
modules in the client part.

The user application shows current broadcasting status receiving from the
CSM, and returns user requests such as creating channels or participating in a
broadcasting. To transmit broadcasting data, it utilizes the capture and codec
device control module for both audio and video data, and the chatting module
for text data, respectively.

2.2 The CSM

The CSM basically consists of log, server manager, load balancer, and admain.
tool. It plays a key role of managing broadcasting services as well as individ-
ual streaming units. Since it can be seriously a single failure point in clustered
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streaming unit, the backup server detects periodically with Heartbeat[13l[14] to
examine whether the CSM is dead. Each streaming unit reports such instant
broadcasting information to the CSM as the channel number, the group num-
ber, and the number of users in each channel. This information is recorded in
a log file, which is applied for establishing and releasing channels. Furthermore,
the load balancer controls a workload among streaming units by appropriately
allocating both the channels and the participants. The activity of each module
in the CSM is summarized by:

Log: The broadcasting information is recoded.

Server Manager: It interfaces with service administration tool(web applica-
tion) and reports channel status to the web server.

Load Balancer: It manages a maintaining proper balance of allocating chan-
nels and participants in each streaming unit.

Admin. Tool: Administration tool interfaces with the monitoring program for
a system administrator.

2.3 The Streaming Unit

The streaming units are real broadcasting servers that practically work in the
normal operation. The groups in the streaming unit are logical places at which
both channels and participants are allocated, and to which such broadcasting
data as audio, video and/or text data are sent. When a certain streaming unit
fails in the cluster, the unit manager logically eliminates it from the cluster in
order to prevent malfunctioning or propagating its adverse effects. The primary
functions of the streaming unit are also described as follows.

Log: Events occurring in the streaming units are recorded.

Unit Manager: It controls an establishment and release of channels.
A /V: Tt transfers audio and video streaming.

Chat: It transfers text data.

3 Scalability of the Broadcasting Services

As the number of users significantly increase, the system eventually suffers from
the overload decreasing the quality of broadcasting, and moreover the service
may be discontinued. To overcome these problems and maintain the services
without stopping, the scalability of channel establishment and capacity should
be guaranteed. Our system is designed to maximize the number of the active
channels and participants available within permitted system resources that in-
crease linearly by adding streaming units into the cluster. The capacity of a
channel can also be expanded by connecting groups. The CSM makes the logical
connection with empty groups to prepare some redundancy before exhausting
the channel capacity. Thus, a channel is made of groups from different streaming
units to easily be expanded like Fig.[3.
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Fig. 3. Expansion of a group

For example, consider N streaming units that has 50 groups, each numerated
from 0 to 49, as depicted in Fig.[3 The first established group 5-2 is expanded in
the following scenario. The group 5-2 begins with being connected to the empty
group in the same streaming unit(5-2 — 5-7 — 5-49). However, unless there is
an empty group to connect, it turns to another streaming unit(5-2 — 1-20 —
1-5, 5-2 = n-1 = n-2 — n-3).

4 Broadcasting Mode Switching

A mode-switching scheme between TCP and UDP can be adopted appropriately
for achieving particular purposes. To reduce traffic amount of web servers, the
authors of [15] proposed a hybrid TCP-UDP transport according to the length
of HTTP transmission time. Our system places importance on delivering both
audio and video data completely to the participants under various network envi-
ronments. Since UDP generally takes less overhead than TCP, the broadcasting
data is transmitted using UDP at initial time. However, if a user system is located
in the network that uses an internal IP, for example in the form of NAT (Network
Address Translation), any data cannot be transmitted through UDP [316]. Ad-
ditionally, packets loss due to heavy traffic may cause to significantly degrade
the quality of the broadcasting service. Considering such a complete transmis-
sion failure or lower service quality in the user side, our system also supports
to TCP mode for particular users as shown in Fig. @l This is another form of a
hybrid TCP-UDP mode. The channel established by a broadcaster is assigned to
any available group, which readily transfers broadcasting data to participants.
The data is stored continuously in the circular-typed buffer of the group. Fig. Bl
is the logical structure of the buffer in each group. After being switched by TCP
mode, the data blocks in the buffer are transmitted. When the data-transmission
speed is faster than the storing rate, the currently-transmitted data block cannot
exceed the storing point. However, in the lower transmission speed than storing,
only audio data is serviced in order to avoid data update before sending.
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5 Analysis of System Performance

The performance of the system is effectively tested at two commercial sites that
practically adopt our solutions. Two sites, LivePAX in the PAXNET[I7] and
Personal Broadcasting in the LYCOS KOREA[IE], are well-known companies to
provide active internet broadcastings. The former focuses on a stock-quotation
broadcasting, whereas the latter provides personal broadcasting services. For
each individual streaming unit, the average numbers of users and channels visit-
ing for one day are given in the Fig. Bl These patterns are repeated daily because
of particular characteristics of the services. It presents that multiple channels are
established(Fig. [6(a)), on the opposite manner, a number of users are in a few
expanded channels(Fig. B(b)). Specially, Fig. [ validates the solid scalability of
the channels. Since the feature of service is like Fig. [B(b), a lot of active groups
are working and forming each channels. Therefore, the scalability of the system
is naturally confirmed for expanding the channel capacity as well as establishing
multiple channels.
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Fig. 6. Performance of the services in a streaming unit

6 Conclusion

We present a server system for internet personal-live broadcasting. It is not
just for experts but also for amateur users who want broadcasting with basic
multimedia equipments. For highly-scalable broadcasting services, we develop a
server system with proper broadcasting solutions. The capacity of each channel
is easily expanded by connecting groups according as the number of participants
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increases. The multiple channels can also be established on the same streaming
units, so that it can provide concurrently a number of broadcasting channels
to users. In addition, considering various network environments of user systems
and qualities of the broadcasting data, the system supports transmission-mode
switching between TCP and UDP. The effective performance of the system based
on states of practical well-known websites are validated through field tests.
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Ship operators navigating in rough seas should take grip with the extent of
navigational safety and take measures according to the condition of ship itself,
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Abstract. This study aims to develop the information service system
of navigational safety for seagoing vessels. It has been successful in de-
veloping the intended system which has made possible to provide the
following functions and capabilities:

e immediate computation of the dynamic motions of a ship against
the present and future weather conditions;

e evaluation of the integrated seakeeping performance of a ship on a
real time basis and providing the navigators with the navigational
information on the spot enabling them to take the most appropriate
countermeasures; and

e supporting the navigators in the selection of a safe sailing route by
providing the integrated seakeeping performance.

Introduction

weather and sea in order to secure safe and economic operation of the ship.

This study aims at developing navigation safety information system through
internet for the purpose of preventing sea casualties in rough seas and economic
operation of the ship. First of all, a ship’s operator should key in the following

information:

e current weather information of the area in which the ship is navigating,
e the future information of the area in which the ship shall navigate,

e the ship’s principal dimension and the condition of the body of the ship
through internet network.

W. Chang (Ed.): AISA 2002, LNCS 2402, pp. 273 2002.
© Springer-Verlag Berlin Heidelberg 2002
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Fig. 1. Schematic diagram of the system for internet service

Based on this information, navigation safety information system evaluates, in
real time, the degree of navigation safety by calculating the response of ship’s
motion in the current position and the future estimated position. The evaluated
information is provided to the ship through internet network to take some ap-
propriate measures by the operators, and furthermore another evaluation on the
basis of weather forecasting will be done and allow the operators to choose safer
route.

2 The Structure of Navigation Information System

2.1 Internet Network for Providing Information

Some information about the current weather information of the area in which
the ship is navigating, the future information of the area in which the ship shall
navigate, the ship’s principal dimension and the condition of the body of the
ship should be typed in, in real time, through internet network. The information
is processed by the system, which is not available on board the ship, and is fed
back into the ship through internet network which also takes place in real time.
The overall configuration of the system is depicted in Fig. 1.

The flow of the data processing system which gets real-time data from a ship
and evaluates the degree of the navigation safety is illustrated in Fig. 2

The picture frame of input and output is given as Fig. 3. The input in-
formation is the current weather information of the area in which the ship is
navigating, the future information of the area in which the ship shall navigate,
the ship’s principal dimension and the condition of the body of the ship through
internet network. The output informations available by the operator of the ship
are the degree of risk against the navigation safety of the ship and the index of
navigational safety.
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Fig. 2. Flow chart of navigational safety evaluation program

2.2 The Communication between Ship and the System

When the data given by the ship’s operator is sent to the server of naviga-
tion safety information system, the server performs evaluation and the result
is fed back to the ship. For the purpose of file transfer between ships and
shore, INMARSAT-C facilities play roles as DTE/DCE(data terminal equip-
ment/data circuit terminating equipment). Both earth station of the satellite
and INMARSAT-C satellite connect those between.

3 The Evaluation of Real-Time Navigation Safety

3.1 Evaluated Factors of Navigation Safety

In order to evaluate the degree of navigational safety of a ship with special
consideration to the people on board, ship’s body and cargo of the ship, that is
navigating rough and irregular sea condition, the following factors are considered
for the evaluation [1].
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(1) deck wetness

(2) propeller racing

(3) slamming

(4) rolling

(5) vertical acceleration
(6) transverse acceleration
(7) bending moment

The systemic combination of those evaluated factors has the form of serial
combination. If the probability of occurrence of just one factor exceeds the criti-
cal occurrence probability, then the overall seakeeping performance fails and the
ship may be endangered [2].

3.2 Variance of Navigation Safety Evaluated Factors

When a ship is navigating on sea which has single wave distance and irregularity
and is keeping constant course(x) and speed(V), spectrum Sy, (we,x) is as follows
if we put X;(t) (the random process of evaluation factors calculated from the
response function of ship’s motion) as H, (we,V,x-0):

/2
Sei0e) = [ 1He e Vox = O Scle 0 (1)
—m/2
Variance o2 is as the following.

Uii(x,V,S)z/ Sz (we, X)dwe (2)
0
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The variables that let the variance in formula (2) change are the encountering
angle of the ship and the wave, the ship’s speed(V), and the condition of the
sea(S). And also X;(t) is calculated as [3]:

Xi(t) = /O " cos(wet + 1) v/25y, (e X o 3)

Where, ¢; = €;(w)+v;

~; = phase angle distributed uniformly between 0 and 27

3.3 The Critical Occurrence Probability of the Evaluated Factors

The change of the modulation width against an instant time of the X;(t) has the
form of Gauss distribution and the extreme value has the form of Rayleigh distri-
bution [4]. Once the variance o2, is acquired, then (which means the probability
that the extreme value of X;(t) exceeds a constant value X;) is as follows:

9] . 2 2
Qx. = [ (P)ep(—5 )X = con(5 ) (1)

X, 0X; O-X.; O-X.;

And then o, can be expressed as:

X2
== 5
IX; QZani ( )

When we consider critical probability Qx,. (i.e. the probability of exceeding
Xic), then variance o, that is a value of danger can be found:

X2

3.4 Evaluation Value of the Evaluated Factors

The extreme value of the evaluated factors shows the form of Rayleigh distri-
bution and the occurrence probability is expressed as Q(X;). In this case Ex,
is defined as the evaluation value of X; factors and is expressed as an inverse

number with no dimension [2].

N S ¢ (7)

VA To10.0) B

When the evaluation value Ex, becomes zero, then the confidence level of the
random factor (X;) is 1.0 and when the evaluation value Ex, becomes infinite
then the confidence level of the random factor (X;) is zero.
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3.5 The Risk of the Evaluated Factors

We define Ex,, as the critical evaluation value done on critical occurrence prob-
ability of random factor of X;, and put px, as the following:
Ex; [Yi/o.xic] 9X;

M . T Xjox)  ox. ®)

On the other hand, when py, > 1.0, then X;(the factor of seakeeping perfor-
mance) becomes dangerous, and when py, < 1.0, it shows that the ship is safe.

3.6 Development of Evaluation Index of Navigational Safety

After investigating which critical occurrence probability of a factor is affecting
the most to the overall critical occurrence probability, if the factor has the same
degree of danger (‘propeller racing’ is found to be the largest, i.e. Qp.=0.1),
transformed evaluation value (E;) is found from the evaluation value (E;) of
each factor [5].

(1) In case of ‘propeller racing’

E = = E . = E 9
P~ P B, p (9)
Where, E,: Evaluation value of propeller racin o 1
} P P
E,: transformed evaluation value of propeller racing
o 1
FE,.: Critical evaluation value of propeller racin -
P & (X;; —2In(0.1)

(2) Other than ‘propeller racing’

= E; E ~ E
FE;, = Z:Ei-ﬂzEc-i,E-:—:E-- pc
Qpi Eic pe " Hir B Qpj 7 E;

= Epe - 1 (10)

where, ap;: ratio of critical evaluation value between propeller racing and i
factor, p;: dangerousness of i factor

On the other hand, when the degree of danger is the same, then transformed
values remain the same, and the occurrence probability(Q;) shall have the same
value. R o R

pi =p; — B =E;,Qi = Q; (11)
If we assume that each element of the factors be independent for the purpose of
finding the overall occurrence probability, then the following evaluation index is
identified.
Ep——— (12)
—2In(1 — Pr)
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Where, P~T = ﬁ ]52

i=1
2
Pi=1—exp —% (é) }
1 (an\?
=1—exp —§(E’; (13)
N2
=1—exp _% (apzaf(z ) }
=1-Q(X;")
1
Er.= (14)
—2[%(1 — PTc)

Where, Pr, = H P
i=1

o\ 2
P =1—exp{ —3 <§> =1 - Qic
Pr.: Confidence level function of seakeeping performance

Q(X;): Occurrence probability of each factor
Q;.: Critical occurrence probability of each factor (Rayleigh distribution)

In order to find out the overall degree of danger of the system, the ratio of
formula (14) to formula (12) can be expressed as pir.

o ET o l?’l(l — PTC)
ETC ln(l — ﬁT)

mr

(15)

If p is greater than 1.0, the total system is judged to be in danger. When just
one factor of i becomes more than 1.0, i tends to be greater than 1.0.

4 Discussion on Navigation Safety Evaluated
from the Model

Fig. 4 ~ 6 shows the calculation result that when 2,641 TEU container ship
navigates with the speed of 12 knots, 16 knots, 20 knots respectively against
wind of 40 knots, with the interval of 15° starting from the head-on wave.

If the ship navigates with the speed of 12 knots, the index of seakeeping per-
formance exceeds 1 when the encountering angle of wave and the ship’s steering
course remains inside the scope of 0° (head-on) to 60°. And it is evaluated that
the ship is in danger, particularly due to deck-wetness and vertical acceleration.

When the ship navigates with higher speed of 16knots, the index of seakeep-
ing performance exceeds 1 when the encountering angle of wave and the ship’s
steering course remains inside the scope of 0° (head-on) to 70°. And it is eval-
uated that the ship is in danger more widely, particularly due to deck-wetness
and vertical acceleration.
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When the ship navigates with speed of 20 knots, the index of seakeeping per-
formance exceeds 1 when the encountering angle of wave and the ship’s steering
course remains inside the scope of 0° (head-on) to 75°. And it is evaluated that
the ship is in danger much more widely, due to deck-wetness and vertical accel-
eration as well as slamming.

Fig. 7 ~ 9 shows the calculation result that when 4,000 TEU container ship
navigates with the speed of 12 knots, 16 knots, 20 knots respectively against
wind of 40 knots, with the interval of 15° starting from the head-on wave.

When the ship navigates with the speed of 12 knots, the index of seakeeping
performance exceeds 1 when the encountering angle of wave and the ship’s steer-
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ing course remains inside the scope of 0° (head-on) to 60°. And it is evaluated
that the ship is in danger, particularly due to deck wetness only.

When the ship navigates with higher speed of 16knots, the index of seakeep-
ing performance exceeds 1 when the encountering angle of wave and the ship’s
steering course remains inside the scope of 0° (head-on) to 70°. And it is eval-
uated that the ship is in danger more widely, particularly due to deck-wetness
and vertical acceleration.

When the ship navigates with speed of 20 knots, the index of seakeeping per-
formance exceeds 1 when the encountering angle of wave and the ship’s steering
course remains inside the scope of 0° (head-on) to 75°. And it is evaluated that
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the ship is in danger much more widely, due to deck-wetness and vertical accel-
eration as well as slamming.

The overall evaluation on a container ship reveals that the index of seakeeping
performance is the highest in case of head-on wave, and it reduces gradually as
the wave direction changes to beam direction. As a result, the index has the
lowest figure in case of beam wave. And it also shows that the speedier the ship
the higher the index is.

This experiment finally advises that speed reducing and changing course is
one of desirable way of action when the ship meets rough seas.
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5 Conclusion

This study has developed a system that can evaluate navigational safety of a
ship in real time on the basis of the following information:

the current weather information of the area in which the ship is navigating,
the future information of the area in which the ship shall navigate,

the ship’s principal dimension, and

the condition of the body of the ship through internet network.

The followings are suggested and may be implemented.

1) A ship operator can get information about the evaluated information on

navigational safety in real time by being connected to the system through
internet.

2) In addition to the operator’s own experience, safer navigation can be achieved

by using the information generated from this system.

3) Ship management division in shore may make use of this system for the

management of the ships concerned, fleet management and ship operation
contract.

4) Optimal route forecasting may come true by using this system on top of

ocean route service.
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Abstract. This paper presents the detection performance of the two-
dimensional optical CDMA network under varying conditions of the bit-
level design parameters such as the chip length (M), the number of
wavelengths in use (L), and the code weight (W). In particular, the code
weight that results in the minimal BER is analytically determined as
W = 1.4LM/m under the assumption of sparsely distributed random
code selection, where m represents the number of active nodes in the
network. The derived expression is shown to closely match the optimal
code weight obtained via simulation for the cases of practical interest.
The BER performance using the optimal code weight when the number
of active nodes is not known (and hence estimated) is also presented and
compared with the optimal performance.

1 Introduction

The era of optical local area networking is expected to begin in the near fu-
ture, as fascinating (and bandwidth-exhaustive) network applications, such as
multimedia, 3-D graphics, and virtual reality applications, call for bandwidths
that electronic devices can hardly support at a reasonable cost. In contrast to
the Wide Area Networks (WANSs) or nationwide backbone networks, Local Area
Networks (LANs) may be characterized by frequent changes of configuration
and bursty transmission behavior of network nodes. Consequently, Wavelength
Division Multiplexing (WDM) and Time Division Multiplexing (TDM) which
require sophisticated network dimensioning and resource allocation, may not be
adopted to LANs as successfully as to WANs. The Optical Code Division Mul-
tiple Access (OCDMA) LAN architecture proposed in [1213] is considered to be
a more favorable solution, and a significant amount of research effort has been
devoted to code design and detection problems in OCDMA LANs [45I6I7]8].
For the lack of practical means for optical phase modulation/demodulation,
Intensity Modulation and Direct Detection (IM/DD) is assumed in most studies
on OCDMA LANSs (see [9, Table I] for a concise comparison between coher-
ent OCDMA and incoherent OCDMA). This implies that OCDMA codes are

* This work was supported by the Korea Science Engineering Foundation under Grant
No. R01-2001-00542.
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Fig. 1. Matrix representation of a 2-D OCDMA code

usually generated by locating a certain number of optical pulses (possibly with
different intensities) at different positions along time axis and/or wavelength
axis [TOJ2UTT]. The class of OCDMA techniques based on 2-D (wavelength and
time) codes are often referred to collectively as 2-D OCDMA [T12JT3]T4]. In gen-
eral, 2-D codes for OCDMA can be represented in a matrix form as illustrated
in Figure [l where the entries of the matrix corresponds to the pulse intensity
located at different chip periods in different colors (i.e., wavelengths). Due to
the 2-D structure and the unipolarity of 2-D OCDMA codes, traditional code
design and detection techniques for wireless CDMA systems may not be directly
applicable for the 2-D OCDMA code design and detection [12]. As a result,
several new code sets for 2-D OCDMA and their optimal detection methods
have been proposed [7l15/16]. In particular, a Mazimum-Likelihood (ML) detec-
tor is proposed based on a simple Multi-Access Interference (MAI) model which
is applicable to a wide range of OCDMA LANSs, and its BER performance is
investigated analytically and experimentally in [I517].

In this paper, we extend the study in [I5]I7] under the identical set of fun-
damental assumptions, and investigate the relationship between the code weight
(i.e., the total number or intensity of optical pulses in individual 2-D OCDMA
codes) and the BER performance of the ML detector. In particular, the optimal
code weight for the minimized BER is derived from the known BER expression
and experimentally verified using computer simulation. The optimal code weight
is expressed as a simple function of m, L, and M representing the number of
active nodes (i.e., nodes transmitting data frames), the number of wavelengths
used for 2-D OCDMA, and the number of chips during a bit period, respectively.
It should here be noted that L and M are usually considered as a system param-
eter of a 2-D OCDMA LAN, which is known to all nodes beforehand. Therefore,
by accurately estimating m which generally changes with time, individual ac-
tive nodes can adjust their code weight dynamically in cooperation to reduce
their BER. Also, the ML detector proposed in [I5]I7] contains m in its decision
rule, and hence, the anticipated BER performance of the ML detector will also
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be achievable only if an accurate estimate of m is provided. For these reasons,
accurately estimating the number of active nodes in a OCDMA LAN must be
considered as a critical task to improve the BER performance of the LAN. In
this paper, we also address the problem of estimating m based only on the opti-
cal signal observed at a node over a time period without any explicit exchange
of information between nodes on their activities. In particular, the minimum
length of observation period to guarantee desired accuracy of the estimate will
be investigated through numerical experiments.

2 Interference Model and ML Detector
for OCDMA LANSs

In this section, we briefly review the set of fundamental assumptions made in [15]
for the study of 2-D OCDMA LAN performance, including the MAI model.
In [15], all nodes in a 2-D OCDMA LAN are assumed to be interconnected
through one or more ideal star couples. This means that every node will be
exposed to optical signals transmitted by all the other nodes, and hence, the
optical signal received by a node over each wavelength channel can be expressed
as a (possibly delayed) superposition of all optical pulses transmitted by nodes in
the LAN over the wavelength channel. As was done in [15], we will assume that
each pair of communicating nodes are under perfect bit synchronization, and
all interfering pulses are chip-synchronized with the signal being interfered. As a
result, the optical signal received by a node over a bit period can be expressed by
a matrix R with non-negative integer entries r; ; (i =1,...,Land j =1,..., M),
which is either the superposition of interfering optical pulses or that of a 2-D
OCDMA code and interfering pulses depending on the bit transmitted by the
transmitting node; i.e.,

R X if “0” is transmitted, (1)
T 10+ X if “1” is transmitted,

where C' represents the code that the receiving node is supposed to detect when
“1” is transmitted by the transmitting node, and X the MAI from other nodes.
Consequently, the optimal detection method depends on the stochastic model
for the interfering signal X, and we next introduce the interference model used
in [15].

In [I5], it is assumed that an interfering node transmits a pulse at a position
(i, ) with probability of W/2L M, where W is the weight of 2-D OCDMA coded].
Therefore, assuming independence between interfering nodes, the distribution
of pulse intensity of the interfering signal X at position (¢,7) is given by the
following binomial distribution:

m—1 197 T W m—x; ;—1
PX;; =2;,] = A, 1——— . 2
Kig = 1] ( Tij ) <2LM> ( 2LM) @

! In other words, all 2-D OCDMA codes used in the LAN are composed of exactly W
optical pulses located at different positions in the L x M matrix.
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In [15], the independence between X ;’s is further assumed for the derivation of
their joint distribution. In other words, the joint distribution of the interference
matrix X is approximated simply by the product of (@),

i=1,...,
J=1,..., M

From (Il) and the interference model (i.e., the joint distribution of X), one can
easily derive the distribution of R under the condition that “0” (or “1”) is sent.
By comparing these conditional distributions of R, the decision rule of the ML
detector can be obtained as follows:

“1 detected”

w
m—Rij < 2LM
—_— “0 detected” — =1 4
H( >><W ) W

R
(i,4)€EL “J

where Eq = {(¢,7) : C;; = 1}. This ML detector is referred to as the “AND”
detector in [I5] because the decision rule can be closely approximated by the
logical “AND” operation on the existence of pulses at positions F;. More pre-
cisely, when 2mW is not much larger than LM, the ML decision rule is virtually
identical to the following decision rule:

if A¢ijyer, Yij, then “17 is detected, and “0” is detected otherwise,  (5)

where Y; ; is the event that one or more pulses are detected at position (i,7). As
a result, the BER performance of the ML detector should not be very different
from that of the genuine AND detector given by (&). The BER of the genuine
AND detector can be easily obtained from the probability that one or more
interfering pulses are located at every (i,5) € Ey as

m—1 k m—k—1
1 m—1 W 1%
BER = - — ) (1-—
rR=5 11 > ( k ) (2LM> ( 2LM)

(i,j)EE1 k=1

:1<1_<1_W>m_1>w. (6)
2 2LM

Note that if W < LM and m > 1, then the BER of the ML detector (as well
as that of the genuine AND detector) can be further approximated by

1 m\W
BERz§(1—e—¥W) . (7)

3 Optimal Code Weight

We observe that the expression in () takes the form of

BER ~ g {(1—e7)"} = 5y ®)



Optimal Code Weight Selection for 2-D Optical CDMA Systems 289

1.0

0.9

0.8

0.7

0.6

1 1 1
0 0.5 0.7 1 1.5 2 25 3
Wm/2LM

Fig. 2. Evaluation of the function y = (176_1)96, where y o« BER and z =
Wm/(2LM)

where © = Wm/(2LM) and y = (1 — e ®)*. The BER expression in (§) is
minimized for varying values of W when y is minimized. Evaluation of y as a
function of z is shown in Fig. 2, which indicates the minimum of y occurs at
around x = 0.7. The exact value of x that minimizes y can be determined by
taking the derivative of y as

dy xe 7

=) (ln(l —e )+ 162) (9)

and dy/dx = 0 is obtained by z = In2 = 0.69. Thus the code weight that
minimizes the BER for given values of L, M and m is determined from z =
Wm/(2LM) = 0.69 as

LM LM
Wopt = 1.39 x = ~ 14 x ——. (10)
m m

The factor K = mW,p,/(LM) =~ 1.4 has the interpretation of the “average
light intensity” per unit square in Fig. 1, which is a chip duration for a given
wavelength color. I.e., the code weight should be chosen such that 1.4 optical
pulses (or light intensity) are present on the average per unit square in the matrix
representation of the 2-D code.

The shape of the curve plotted in Fig. 2 determines a general behavior of the
BER performance as the code weight changes. In Fig. 3, the BER expression
in () is evaluated and plotted for varying code weights. The dimension of the
code, defined as N = LM (the total number of unit squares in the matrix
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Fig. 3. Bit error rate performance for varying values of the code weight (N = 400)

representation of the code), is 400 for the figure. Different numbers of active
nodes have been used for the BER evaluation. As anticipated from eq. (IQ), the
code weight that produces the minimum BER increases as the number of active
nodes decreases. Simulation results for the BER performance are plotted together
in the figure for comparison. The simulation employed a random selection of 2-D
codes for m active nodes and performed detection using the test described in (H).
Similar BER calculation and simulation results are shown in Fig. 4 for the case
of code dimension of N = 900. For the same number of active nodes, a decreased
BER performance results when the code dimension increases.

Detection performance has been evaluated for various different values of the
code dimension and the number of active nodes, and the optimal code weight
for each of the cases considered has been experimentally determined. Fig. 5
shows the optimal code weight determined for varying values of N and m. The
average light intensity per unit square can then be obtained for the optimal
code weight using the relation K = mW,y,/(LM). Table 1 summarizes the
experimentally obtained values of Wy, and K. As can be seen from the table,
the optimal weight and the average light intensity are in good agreement with
the analytically determined result given in eq. (), for a wide range of design
parameters of practical interest.

4 Estimation of the Number of Active Nodes

Although the determination of the optimal code weight requires the knowledge
of the number of active nodes (or active users), such information may not be
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Fig. 4. Bit error rate performance for varying values of the code weight (N = 900)
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Fig. 5. Optimal code weight versus the number of active nodes

available to each node. Furthermore, the number of active nodes is often a time-
varying quantity and need to be estimated by each node for dynamic adjustment
of its code weight for improved detection performance.
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Table 1. Optimal code weight and average light intensity

N m Wom K

50 10 7 1.400
100 20 7 1.400
200 40 7 1.400
400 80 7 1.400
900 160 8 1.422

100 10 14 1.400
200 20 14 1.400
400 40 14 1.400
900 80 16 1.422
10000 500 28 1.399

Normalized MSE

10 Il Il Il Il
0 20 40 60 80 100

Number of Bits Observed (nb)

Fig. 6. Estimation performance for the number of active nodes (N = 100, m = 20)

We consider a very simple procedure for the estimation and evaluate the
BER based on such estimation of the number of active nodes. Let n. and ny
respectively represent the number of unit squares per bit and the number of bits
that are observed by a node. The node simply adds up the light intensity that
it observes in n. unit squares for the duration of n; bits. Then it divides the
added intensity by n.nyW, where W is the code weight used in the system at
the time of observation. As n. and n; increases, the estimation will become more
accurate. Fig. 6 shows the normalized mean square error (MSE), which is a fast
decreasing function of n. and ny. The result has been obtained using the code
dimension N = 100 and the true number of active nodes m = 20. The BER
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Fig. 7. Bit error rate performance for varying values of the code weight using the
estimate for the number of active nodes (N = 900)

performance based on the node number estimation is simulated and shown in
Fig. 7. The BER for the case of known m is identical to the result shown in Fig. 4.
By increasing n. and ny, values, the performance based on estimation (indicated
by dotted lines in the figure) quickly approaches the desired BER level using a
known number of active nodes (indicated by solid lines in the figure).

5 Conclusion

The optimal code weight that minimizes the detection error probability of the
2-D OCDMA networks has been derived, and the resulting BER performance
has been presented for various cases of bit-level design parameters. The average
light intensity per unit square in the matrix representation of the code is shown
to be 1.4, which is both determined from the derived expression of the optimal
weight and confirmed by simulation results. The BER performance using a sim-
ple estimation scheme for an unknown number of active nodes has been also
presented.
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Abstract. Studies have been actively undertaken on image retrieval
from a large-capacity image database, particularly on image retrievals
such as natural image retrieval, character image retrieval or trademark
retrieval from a streaming image database. In retrieving a character im-
age, either color or shape information is used for the key feature infor-
mation. However, changes in the shape of a character image often makes
it difficult to retrieve solely based on the shape information, requiring a
new retrieval method where both color and shape information are taken
into consideration. We present a highly effective method for retrieving
or matching similar character images even when shape information dif-
fers substantially. In our approach, combined features of color and shape
information are used for image retrieval; an image is first split into sec-
tors; color information is extracted from the sector images followed by
quantization using Parzen window to extract features; an image is then
retrieved by means of bipartite matching using the features. Our results
show the retrieval rate using the combined information increases sub-
stantially for matching natural or character images compared with the
results obtained by the combination of two features independently..

1 Introduction

Diverse studies on how to develop an image retrieval system have been carried
out so far. A commonly used method is to index an image’s characteristics into
strings using DBMS and retrieve an image by means of string query. Among the
new methods is one for extracting features from a query image, and comparing
them with those of images in a database for retrieval [2J3415J67)8]9]. The char-
acteristic features generally used to compare a query image with the ones in a
database are shape and color [2B3/4I5J6I7I819]. Shape has traditionally been used
for image retrieval [6J8/9], however in recent years, more studies are being per-
formed with the use of color information [23AB7TITOTTI2]. When shape is used,
shape features of an image object are extracted as a base feature to be coded, or

W. Chang (Ed.): AISA 2002, LNCS 2402, pp. 295-B06] 2002.
© Springer-Verlag Berlin Heidelberg 2002
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an object is classified by moment feature like Zernike moment [22]. Shape fea-
tures are effective to use for an image object whose characteristics are distinct,
but they are very difficult to use for an image object that changes diversely,
for example, the mickey mouse in animation. Color has recently been used to
retrieve such image object as an alternative. Color information is more effective
than shape information to use for the object with diverse shape variation be-
cause color information rarely changes in such cases. However, an image retrieval
method using either color or shape information alone obviously results in poor
retrieval accuracy than the one using both information [2], because when only
color features are used, a completely different image object with the same color
features can be falsely retrieved as being the same. Thus it is necessary to study
an image retrieval method that utilizes a combined feature of both color and
shape information. If both types of information - color and shape features that
are separately extracted from the image - are used, the amount of data becomes
enormous. To remedy the problem, studies need to be undertaken on an image
retrieval method that optimizes the information by extracting the features in an
integrated way. In such an attempt, we tried to split an image object into sector
images and then extract color features from each sector image. It proved to be
a more effective method than the one using either color or shape information
exclusively, and the amount of the data was greatly reduced compared to that
produced by the method using both color and shape features that are extracted
separately. The simplest and easiest method for extracting color information and
indexing it was proposed by Swain [I0]. Based on his study, Brian suggested a
method for generating a histogram invariant to illumination [11]. The gist of the
two methods is to extract color information from an image with the use of color
histograms. An image retrieval method using the distance of the information
was also developed on the basis of these methods [12]. Since this paper deals
with a character image retrieval method that is irrelevant to illumination, we
used Swain’s method to generate a histogram. But while Swain used the min-
imum value to compare images, we used distance because we compared them
using matching. We also used Parzen window for quantization to minimize the
error in extracting features. There are various methods for comparing two im-
ages [2J4RIT2IT[T4]. Each method has strong and weak points, and has a certain
area where it performs well. So far more studies have been performed on how to
retrieve an image whose color is changed by illumination than an image whose
shape changes diversely [2I4RIT2IT3T4]. But in order to retrieve a character im-
age that does not change in illumination but diversely changes in the shape,
two image objects need to be compared by the values reflecting the information
on their similarity. In this paper, we tried to compare images by means of two
graphs of features. The method we used was bipartite matching. The method
has mainly been used in the network to find max flow [I5I6120]. It has also
been employed in the field of 3D object recognition [I] where the information of
an entire image transformed in the form of a tree graph where graph matching
method can be utilized for interpretation of the image [I3]. In our approach, we
split a compared image into sectors, generated a color histogram for each sector,
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Fig. 1. Char image retrieval system overview

extracted features through quantization using Parzen window, then extracted
the distance value from the features using bipartite matching, and evaluated
their similarity. Bipartite matching is not efficient in real-time matching because
it has basically the complexity of O (nB), which requires developing a real-time
image retrieval method. We used Pseudo-bipartite matching (PBM), a less ac-
curate but faster method than a bipartite matching method. In Chapter 2, we
propose a character image retrieval system, and explain color histogram quanti-
zation in Chapter 3, and bipartite matching and Pseudo-bipartite matching in
Chapter 4. In Chapter 5, we present the retrieval results of our method con-
ducted with 25 groups composed of 2,000 images using the bipartite matching,
PBM and Global Histogram matching, and then conclusions are presented. We
expect that our method will be efficiently used to retrieve an image object from
streaming images, to retrieve a character image from an image database, or to
retrieve an object from real-time images.

2 Overview

The char image retrieval system we suggest in this paper is shown in Fig. [l

In this paper, we present a method for comparing an object image that has
been extracted from split image sectors with one in the database. It works as
follows: split an object image into n image sectors; generate color histograms
of the n split sectors; quantize the histograms using a triangular Parzen win-
dow; and then extract the distance through bipartite matching or PBM with
the features in the database. Splitting an image into sectors and generating a
histogram of a split sector image means trying to generate a local histogram.
While a global histogram gives information about the color distribution of an
entire image, a local histogram shows the color distribution of each region. Ac-
cordingly, a local histogram includes some information on the shape of an image.
A character image often has a very different histogram depending on the region.
So for character image retrieval, a local histogram gives more accurate values
than a global histogram, and also has the merit of including some shape infor-
mation. A histogram of a sector image includes a great quantity of information.
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Fig. 2. Using Bipartite matching

When the R,G,B level is 256, a sector image needs 768 bins, and thus a total of
4608 bins is required for 6 split sector images. Therefore, quantization is essential
to reduce the quantity. Since a histogram of a character image features peaks in
certain areas, quantization does not incur much loss in information. But when
peaks lie on the boundary of quantization, a big error is produced. To address
this problem, we quantized an image sector using Parzen window with triangu-
lar windows overlapped. This way, a smaller error is produced even when peaks
lie on the boundary. After extracting features from a local color histogram, we
used bipartite matching to compare the values. It is because the method has the
merit of adapting well to shape changes and thus ensures stable comparisons.
Fig. 2 shows how bipartite matching works for an image sector matching.

The bipartite matching we used in this paper is a weighted bipartite match-
ing method. It works so that weighted values of each node can reach max flow.
In Fig. P the location of the sector that includes the rabbit’s left ear is not the
same in each char image. But with a matching method that uses the features ex-
tracted from local color histograms as weighted values, sectors in which the color
histograms are most similar are matched with one another. Bipartite matching
results in an optimized solution, which guarantees an optimized matching in
the present picture even though there are a few errors in some parts. Bipartite
matching even between the totally different object images, if done with the use
of the sector’s features, results in the matching between the most similar sec-
tors. In this case, however, the weighted bipartite matching max flow value is
far smaller than that produced between the same object images. So if we use the
max flow value as distance, it can be a guide for us to evaluate the similarity of
two object images. Pseudo-bipartite matching involves the computation of ap-
proximate max flow value unlike a bipartite matching that calculates max flow
value. The method is less accurate than a common bipartite matching method,
but operates very fast when comparing features. If a char image needs to be
extracted from a streaming image that is being downloaded on a real-time basis,
a very fast method is essential. Because the PBM we suggest here has the com-
plexity of O (2n), it runs much faster than weighted bipartite matching. While
an image database has many similar object images, streaming image data don’t,
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which makes the max flow values differ greatly. Therefore, we opted for PBM
for a real-time retrieval.

3 Color Histogram Quantization

We propose a method that splits an object image into sector images, extracts
values from the color histogram of each sector, and uses the values as the features
of each sector image. But when all the values from the color histograms are
used as the features, the volume of the data explodes. Consequently, histogram
quantization is essential. But using uniform quantization is problematic because
it produces an error when peaks lie on the boundary. A histogram of a char
image often features peaks in certain areas, and when the peaks are divided by a
boundary, a big error is produced. To fix the problem, we used Parzen window.
A general formula for Parzen Window is as follows:

1 1 T —x;
= e () )

h,, refers to the length of the quantization region, x — z; to the distance from the
present region, ¢ to quantization window, and V;, to the volume of ¢ . (1) is the
formula for converting the value of a region that is integrated with the use of ¢
windows into a feature. In this case, a region’s value varies depending on what
kind of ¢ is used. The most idealistic method for minimizing error is Gaussian
window. But it requires more computation. Qur aim is to minimize error when
the peaks representing the features of a char image are on a boundary. In order
to reduce computation and minimize error, we used a triangular window. The
basic formula used in this study for color histogram quantization is as follows:

I

hy, is the source’s histogram level, while g is the destination’s histogram level. d,,
refers to the value of the source’s histogram level, r; to that of the destination’s
histogram level, and @ to that of quantization level. Because a char image’s
histogram values feature a few peaks in certain areas, Formula 2 resulted in
the quantization values that didn’t differ very much from those calculated using
Gaussian window. In order to extract features after the histogram quantization,
the values of (2) need indexing. Indexing means that a perfect matching is re-
alized between sector images of two image objects with each edge of the nodes
having a weighted value. We used Swain’s indexing method for indexing [10]. In
Swain’s method, the minimum value is used, but we used distance instead.

H(I, M)is histogram indexing, I; a quantized histogram value of a query image,
and M; a quantized histogram value of a database image. The difference between

H(I,M) = (3)
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Fig. 3. Perfect matching and complete matching

the two images is presented as a ratio because the total sum of the differences
between the histogram values of the two images was divided by the sum of the
database images’ histogram values. When indexing is finished, a perfect matching
is completed in a bipartite graph. And a method for finding max flow helps the
matching of each sector image.

4 Weighted Bipartite Matching

Weighted bipartite matching refers to a complete matching in which each edge
is established in a bipartite graph so that max flow can be reached. Bipartite
matching is explained in detail in [IT7ZI8ITIY20]. We intend in this paper to
explain its overall idea. Fig. Bl illustrates a complete matching and a perfect
matching of weighted bipartite matching.

When the nodes of Graph G are grouped as V and V1, it is called a bipartite
graph, and when each node u of V is connected with each node V of V1 as an edge,
a perfect matching is realized. Under the perfect matching condition, ¢(u.v) >
w(M). M refers to G’s perfect matching. If ¢(u,v) > w(M), then ui 4+ vj = wij.
At the point of max (> wij), maximum weight matching is realized. Maximum
weight bipartite matching is generally called bipartite matching, and that is
when complete matching is realized.

4.1 Maximum Weight Bipartite Matching

A principal algorithm for maximum weight bipartite matching is the Hungarian
method [TJT8IT9].It basically starts with the idea that subtraction of the min-
imum value from each edge would not influence the optimized flow. In other
words, when the matching is maintained to form G’s subgraph in which the
edge cost is minimized, a perfect matching is realized. The Hungarian method
basically has the complexity of O (n3) [I819]. The following is the formula for
computing the total cost when an arbitrary edge pair is established while main-
taining a maximum weight bipartite matching.
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Fig. 4. Illustration of a sequence search that selects the node pairs that cannot increase
nodes

E=Y Euy+@uy + Y min(wi;) (4)

j=1

In Formula (4), F refers to the total cost of the edge pair that is presently es-
tablished, and E,, to the cost of the edge that is presently under maximum
matching. ,,signifies the cost of the edge that is newly proposed for maxi-
mum matching, while min(w;;) the minimum value of the potential paths to
be connected among the nodes that have yet to be matched. As is shown in
Formula (4), maximum weight bipartite matching is a method in which the al-
gorithm tries to find the edge pairs that minimize the cost while increasing the
number of repetitive nodes, and calculates the E value. And in the process, the
algorithm dismisses the matching pairs as dead paths when the previous F value
exceeds the present one. A common method for maximum matching is to use
an alternative tree, in which max flow is reached while the algorithm repeatedly
eliminates the node pairs in the tree that can no longer generate leaves. A circu-
lative method is generally used to increase the number of eligible augment paths.
In this paper we used sequence search to remove node pairs. Fig. @l illustrates
how sequence search works. The gray-colored node pairs in Fig. [ are those that
cannot add nodes. In the node pair search, a linked list search is available with-
out having to use a tree search by also linking the list pairs with arrows in the
existing tree structure. When trying to pick out a node pair of the tree that can-
not generate leaves, a tree search requires circulating all the previous steps while
moving to the root from the position where the current augment path is located,
and then moving again to the leaves. But linked lists are much simpler to use
than tree leaves, and require less computation. Fig. Bl portrays the structure of
an object that stores search data.
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Fig. 6. Graphs of Test Results

In Fig. [, the gray-colored arrows ‘prev’ and ‘next’ are the edges used for
searching the node pair that can’t increase the number, while ‘root’, ‘left leaf’
and ‘right leaf’” are the edges that enable the tree to grow. Under the structure
shown in Fig. B the steps for augment path increase are followed differently from
the search steps.

4.2 Pseudo-maximum Weight Bipartite Matching (PBM)

Because bipartite matching, however improved its speed may be, has basically
the complexity of O(n?) or above, it is not efficient for real-time image re-
trieval from a streaming image database. We introduce Pseudo-bipartite match-
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Table 1. Test Results

GHM WBM PBM
NMRR 0.1133 0.0602 0.0795
NDS 0.2279 0.1504 0.1951
BEP 0.8825 0.9226 0.9031

GHM: Global Histogram Matching
WBM: weight bipartite matching
PBM: Pseudo-bipartite matching

ing (PBM), which calculates an approximate max flow. PBM’s basic approach is
to extract max weighted values in due sequence from the Graph M that realizes
a complete matching while trying to induce a perfect matching, to subtract the
minimum matching weighted value, and to finally compute an average flow for
each node pair.

My, = max(w;;) (5)

FE =

(5) explains that the algorithm connects the nodes that have max weighted values
under the perfect matching condition, completing the matching of the connected
nodes, and once again tries to find max weighted value. When n edges are con-
nected by (5), the smallest weighted value is subtracted from the total sum of
the weighted values of the n edges, and then the result is divided by n — 1,
producing an average matching value of (n -1) edges. (6) is a formula for cal-
culating an average matching value E. Our concern in image matching is about
how big the distance between the query and model images is, and consequently
we need to know the global relationship between them, not the relation between
each node pair. In a PBM approach, the matching with the greatest distance
has the value of min(Mjy) . To disregard it means to disregard the value of that
part of a changing image with the most dramatic change. In matching images
whose shapes greatly change, elimination of the part that changes most actually
decreases the distance value, working in favor of extracting the same image. Ac-
tual experiments using the above approach result in an approximate max flow.
Because of its low complexity (O(2n)), PBM method runs very fast. Thus PBM
method proves to be efficient for a real-time image matching system, though it
is a little less accurate.

5 Conclusion

In order to evaluate the method proposed in this paper, comparative experi-
ments were carried out with Swain’s Global Histogram Matching that generates
a global histogram by color indexing, and then calculates the distance to mea-
sure the similarity, and the performance was evaluated using BEP(Bull’s Eye
Performance), NMRR(Normalized Modified Retrieval Rank), NDS(Normalized
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Fig. 8. Char sets where bipartite matching and PBM performs well

Distance Sum). The method for recognizing char image shapes was compared
with the method that uses the Zernike moment. But the Zernike moment method
didn’t work very well for comparison, so we opted to compare it with Global His-
togram Matching. BEP measures the percentage of the related images actually
searched by counting the number of the related images that are doubled in num-
ber. The following is the formula for BEP.

BEP(%) = % x 100 (7)

Rgo, is the number of related images that are doubled in number. The closer
to 1 the BEP, the better the performance. NMRR is a measure used by the
Color /Texture descriptor group of the MPEG-7 Standardization Conference.
When measured by NMRR, the closer to O the result, the better the perfor-
mance. NDS is a measure proposed in [21]. The closer to O the NDS, the better
the performance. NDS’s strong point is that it considers every condition, which
makes fine measuring possible. Table[lis the results of Global Histogram Match-
ing, Bipartite Matching and PBM.

For the test, a total of 2,350 images were classified into 25 char image groups,
and 342 images from the groups were used. The best method in performance is
bipartite matching, which attained the best results in all evaluations, followed
by PBM, and GHM. PBM has poorer performance than bipartite matching,
but its flow is similar to that of Bipartite Matching. Fig. [@ portrays the test
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results in graphs. Global Histogram Matching performed very well in certain
groups. Fig. [0 shows some char sets where GHM, PBM and bipartite matching
all perform well. Global Histogram Matching performed well because each char
set in the char group has the same color histogram distribution. But when some
of the images of a char set have a big difference in their global histograms, GHM
produces a big error. Fig. [§] shows some of the char sets where GHM performs
poorly but Bipartite matching and PBM performs well.

As is shown in Fig. [§, some of the images in the same char set have partially
different color values. In this case, GHM produced a high dissimilarity value
while bipartite matching or PBM produced a small one. It is because an image
is segmented into sectors for bipartite matching or PBM, and so even if the
distance between a certain sector image is big, the distance value remains small
due to the maximum matching. It is very difficult to extract an object image
when trying to retrieve one from the streaming images, noises are made by
diverse changes. We think such a problem can easily be solved with the use of
our method.
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