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Preface

The Internet is subject to permanent modifications and to continuous restruc-
turing. This is primarily due to the tremendous rise in demand for bandwidth
by the ever increasing number of users. When compared to the early years of
the Internet the quality of the services offered had to be significantly improved
in different respects (delay, network and service availability, jitter, ...) in order
to satisfy the needs of many new applications.

Within the last decade two new developments have contributed to many new
opportunities, as well as to a need for intensive research and development:

— the increased mobility of users together with the desire for ubiquitous high-
quality access to all offered services, at reasonable cost;
— the use of wireless communication.

Despite their relatively low capacity (when compared with fixed backbone net-
works) the use of radio links supports the ubiquitous availability of Internet
services in a quasiperfect way.

A considerable amount of research and development activities are currently go-
ing on worldwide in order to adapt Internet services to the particular needs
of mobile users and of wireless communication links. These questions were in-
tensively discussed at the first workshop organized by the EURO-NGI Network
of Excellence (‘Next Generation Internet’), which has been funded by the Eu-
ropean Union since January 2004 under their IST programme. The workshop
brought together more than 20 out of the almost 60 research groups from all
over Europe which co-operate in EURO-NGI towards a restructuring of the In-
ternet, with a particular emphasis on the European situation. The workshop on
‘Mobile and Wireless Systems’ was held in June 2004 at the International Con-
ference and Research Centre for Computer Science (Schloss Dagstuhl, Germany;
http://www.dagstuhl.de). The absolutely great and inspiring environment, as
well as the technical and non-technical facilities which are provided by this cen-
tre contributed very much to very intensive discussions, to a common under-
standing, and to significant progress concerning the research topics discussed.

This workshop proceedings contains a selection of 16 research contributions,
which were extended to incorporate the numerous suggestions made by the in-
ternational reviewers. The editors are convinced that this book provides a most
relevant and highly up-to-date summary of problems of, and of suitable solu-
tions for, the next-generation Internet in the area of wireless communication for
mobile users.

Aachen and Linz, January 2005 Gabriele Kotsis
Otto Spaniol
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Introduction

Gabriele Kotsis

Johannes Kepler University Linz, Institute for Telecooperation
Altenberger Strasse 69, A-4040 Linz, Austria
gabriele.kotsis@jku.ac.at
http://www.tk.uni-linz.ac.at

1 The Need for Mobile and Wireless Networks

Europe is in a transition from a low value manufacturing area into a ”brainware
region” producing high value added products and services. A key factor of suc-
cess is the optimal usage of the most valuable resource in the information society,
namely the human resources. Considering the need for specialisation along with
the observable shortage of highly-qualified personnel, new forms of business or-
ganisations have been developed, migrating from a division oriented organisation
to a task oriented organisation, bringing together the experts within an organi-
sation in dynamically established teams. This trend is expected to continue and
virtual organisations are evolving, in which expertise (and experts) are shared
not only within a business organisation, but among the business organisations
constituting the virtual enterprise. To efficiently support those types of business
to business relations, support from information and communication technology
is needed.

The major challenges from a technical point of view are to provide access to
information sources and computation power, and to provide channels and media
for cooperation and collaboration in a time and space independent way. This new
paradigm in computing is referred to as mobile computing, or emphasising the
idea of ubiquity of communication and computing resources, is called pervasive
computing or ubiquitous computing.

The key underlying technologies for mobility are wireless networks and mo-
bile computing/communication devices, including smart phones, PDAs, or (Ul-
tra)portables. Wireless technologies are deployed in global and wide area net-
works, (GSM, GPRS and future UMTS, wireless ATM backbone networks, GEO
and LEO satellite systems), in local area networks (WLAN, mobile IP), but also
in even smaller regional units such as a campus or a room (Java/Jini, Bluetooth,
Piano). Those technologies have enabled many different aspects of mobility which
will be briefly discussed in the following three subsections.

1.1 Mobility in the Networking Infrastructure

For decades, computer network architectures and protocols have been designed
assuming fixed, wired connections. Major design objectives are to characterise

G. Kotsis and O. Spaniol (Eds.): Mobile and Wireless Systems, LNCS 3427, pp. 1-] 2005.
(© Springer-Verlag Berlin Heidelberg 2005



2 G. Kotsis

and handle traffic demands meeting pre-defined quality of service (QoS) require-
ments and to efficiently use the available resources in doing so.

Mobility and wireless connections are opening up new challenges. On the one
hand, communication networks nowadays have to support a plethora of services
whose traffic demands are not fully studied yet. Mobility of users, applications
and services (see also the next two subsections) adds to this complexity. On
the other hand, new mechanisms and protocols are needed in order to efficiently
consider the scarcity and high cost of the radio resource. The capacity of wireless
networks cannot be expressed in a simple way, like link bandwidth in wire-line
networks, but is a complicated function of the time-varying channel quality of
each active user and of the way radio resources, e.g. power and bandwidth, are
shared.

From a performance point of view congestion control, traffic management
and traffic engineering need to be reconsidered in the specific context of wireless
networks. The design and analysis of corresponding mechanisms is extremely
challenging due to the complexity but also the variety of the underlying wireless
technology (e.g. CDMA, WLAN (802.11x), Bluetooth).

1.2 Mobility of Users

A fundamental necessity for mobile and wireless information delivery is to under-
stand the behavior and needs of the users, i.e. of the people. Understanding user
behaviour, both, from a qualitative as well as from a quantitative point of view,
will help to design and dimension mobile and wireless network architectures and
services.

Recent research issues include efficient mechanisms for the prediction of user
behavior (e.g. location of users in cellular systems) in order to allow for proactive
management of the underlying networks. Besides this quantitative evaluation
user behavior can also be studied from a quantitative point of view (how well
is the user able to do her or his job, what is the level of user satisfaction, etc.).
Keeping in mind the need for privacy of users, the goal is not to identify the
behaviour of an individual user (as this would be of interest for example in
marketing studies), but to identify classes of users with similar behaviour in
order to adapt applications and services according to their needs.

1.3 Mobility of Applications and Services

Mobile applications are based on a computational paradigm, which is quite differ-
ent from the traditional model, in which programs are executed on a stationary
single computer. In mobile computing, processes may migrate (with users) ac-
cording to the tasks they perform, providing the user with his or her particular
work environment wherever he or she is. To accomplish this goal of ubiquitous
access, key requirements are platform independence but also automatic adapta-
tion of applications to (1) the processing capabilities that the current execution
platform is able to offer and (2) the connectivity that is currently provided by
the network.
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Mobile services and applications differ with respect to the quality of service
delivered (in terms of reliability and performance) and the degree of mobility
they support, ranging from stationary, to walking, to even faster movements
in cars, trains, or airplanes. A particular challenge is imposed by (interactive)
multimedia applications, which are characterized by high QoS demands. New
methods and techniques for characterizing the workload and for QoS model-
ing are needed to adequately capture the characteristics of mobile commerce
applications and services.

Architectural Domains

Fixed Mobile IP Services

Core Access Access Networking Overlays

Network Architecture Evolution, Technology Integration,
Control, Managing the diversity
. ! ([ [ | [ [ |

Optimisation of Protected Multi-Layer Next Generation
Networks: Topology, Layout, Flow and Capacity Design

sulewoq ysJeasay

Fig. 1. Joint Research Program of EuroNGI

2 The EuroNGI Project

The main objective of the Euro NGI Network of Excellence is to create and
maintain the most prominent European center of excellence in Next Generation
Internet design and engineering, acting as a Collective Intelligence Think Tank,
representing a major support for the European Information Society industry and
leading towards a European leadership in this domain.

In this context, the main topics addressed by the NoE are: (1) Mastering
the technology diversity (vertical and horizontal integration) for the design of
efficient and flexible NGI architectures, and (2) Providing required innovative
traffic engineering architectures adapted to the new requirements and developing
the corresponding appropriate quantitative methods.
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The present programme for jointly executed research activities is depicted in
Figure [l The architectural domains are defined to take into account the whole
network architecture: the access, the core, the IP networking covering and hid-
ing the transport technology diversity and the overlays for service infrastructure
(CDNs, per-to-peer, etc.). The Research Domains are defined to face the various
problems arising when integrating the various architectural domains to provide
flexible network architectures. The research activities are accompanied by inte-
gration activities aimed at uniting the research efforts of the participating groups
and spreading of excellence activities aimed at disseminating the research results
and promoting knowledge transfer.

3 About This Book

In June 2004, a workshop on Wireless and Mobility in NGI was organised as an
integration activity by the EuroNGI consortium at Schloss Dagstuhl, Germany.
The objectives of the workshop were to bring together leading researchers from
the NoE in this field of research in order to identify the fundamental challenges
and future perspective of this important area. Participants of the workshop have
been invited to submit their contributions for possible publication in this book.
After a review by external experts, 16 papers have been chosen to be accepted
for publication.

In line with the objectives of the EuroNGI project, the contributions dis-
cuss different performance aspects of mobile and wireless networks, including
3G cellular networks, WLANs or MANETS, and should give the reader a good
understanding of the state of the art in the field as well as an outlook on topics
subject to future research. The selection of papers in this volume also clearly
indicates that mobile access cuts across all different EuroNGI research domains
as shown in Figure 1.

The first five papers address the topic of network and capacity planning.
Iversen et al. study the efficient utilisation of radio resources in 3G cellular
networks in their paper on Performance of Hierarchical Cellular Networks with
Overlapping Cells. The presented models are a generalization of the Erlang-B
formula. Using Monte Carlo Simulation, Hossfeld and Staehle present a tech-
nique for evaluating the (web) capacity of an UMTS network. In their paper
entitled A Hybrid Model of the UMTS Downlink Capacity with WWW Traffic
on Dedicated Channels they argue that web traffic is expected to be a ma-
jor application for packet switched services and thus study the applicability of
existing planning methods to web traffic. Another study on UMTS networks
is Performance of Different Prozy Concepts in UMTS Networks by Necker et
al. The authors demonstrate that a combination of TCP and HTTP proxies
can significantly improve end-to-end performance in UMTS networks. Optimi-
sation models for positioning of access points in IEEE 802.11 based networks are
presented by Amaldi et al. in Algorithms for WLAN Coverage Planning. Com-
putational results are provided to show that the suggested heuristics provide
near-optimal solutions within reasonable time. Optimisation models are also the
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method of choice for Van Quickenborne et al. in their work on Designing Aggre-
gation Networks to Support Fast Moving Users. Distinguishing between access
network related issues (where individual users are considered) and aggregation
network issues (where groups of users are considered) the authors have designed
and implemented protocols for tunnel configuration and activation.

Medium access and admission control are discussed in the next four contribu-
tions. In Some Game-theoretic problems in wireless ad hoc networks Altman et
al. successfully apply game theory and stochastic approximation algorithms to
the problem of finding optimum channel access rates in wireless ad hoc networks.
Garroppo et al. use simulation techniques to evaluate the Admission Region of
Multimedia Services for EDCA in IEEE 802.11e Access Networks. Voice over
IP, videoconferencing and TCP traffic are considered in the study. Results show
on the one hand the efficiency in traffic differentiation of the ECDA algorithm
but also reveal the access point as bottleneck when services producing symmet-
rical traffic are conveyed. In Admission Control Policies in Multiservice Cellular
Networks: Optimum Configuration and Sensitivity Garcia et al. evaluate differ-
ent CAC policies for multiservice cellular networks. An optimization method is
presented to find optimum configurations for most policies. A new CAC algo-
rithm is proposed by Elayoubi et al. in Admission Control in the downlink of
WCDMA/UMTS. Based on bandwidth expressions for different calls as a func-
tion of position in the cell and traffic class (voice or data), a mobility-based CAC
is derived and analytically studied using Markovian modelling.

Methods to study and ensure QoS in wireless networks are the central focus of
the next three papers. Hlavacs et al. study the Effects of WLAN QoS Degradation
on Streamed MPEG4 Video Quality. Specifically, the effects of packet loss on
the quality of streamed (MPEG-4) video are investigated. Extended Gilbert
models are suggested as a model framework. Micro/macro mobility management
and QoS control aspects are the primary focus of Axente-Stan and Borcoci in
their work on Integrating MPLS and Policy Based Management Technologies
in Mobile Environment. Variants for deploying the policy-based management
approach in mobile environments are investigated. QoS reservation mechanisms
are studied by Cerda et al. in their paper on A Reservation Scheme Satisfying
Bandwidth QoS Constraints for Ad-hoc Networks. The given simulation results
demonstrate the advantages of this reservation scheme.

The last group of papers discusses aspects of network (inter)connection and
resource access. Hamidian et al. present an Performance of Internet Access So-
lutions in Mobile Ad Hoc Networks. A MANET routing protocol is extended
and approaches for gateway discovery are presented to achieve interconnection
between a MANET and the (fixed) Internet. The methods are compared by
simulation. Many personal communication services rely on mechanism to iden-
tify the location of mobile terminals in order to correctly route incoming calls.
Casares-Giner and Garcid-Escalle study such location management mechanisms
in their paper On the fractional movement-distance based scheme for PCS loca-
tion management with selective paging. Markovian modeling is used to analyse
the suggested scheme. Access to data resources is the topic of Enabling Mobile
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Peer-to-Peer Networking by Andersen et al. The authors present a file-sharing
architecture that is designed and optimized for mobile 2.5/3G networks. One
of the problems addressed is to reconcile the network operators interest in cen-
tralized traffic control versus the decentralized nature of file sharing systems.
Ensuring connectivity within MANETS is the topic of the paper A family of
Encounter-based broadcast Protocols for Mobile Ad-hoc Networks authored by
Cooper et al. The suggested protocols for message propagation are studied ana-
lytically and by simulation to evaluate the relation between achievable coverage
and the total number of broadcasts.



Performance of Hierarchical Cellular Networks
with Overlapping Cells

Villy B. Iversen, Vilius Benetis, and Peter D. Hansen

Research Center COM, Building 345v
Technical University of Denmark,
DK-2800 Kongens Lyngby, {vbi,vb}@com.dtu.dk

Abstract. An efficient utilisation of the radio resources in mobile com-
munications is of a great importance. If the capacity is split into many
independent small groups, then for a given blocking probability the uti-
lization becomes low. In this paper we describe the basic principles and
strategies for obtaining maximum utilisation as given by Erlang’s B-
formula. The models described are analytical models and generalisations
of the Erlang-B formula, including general arrival processes and multi-
rate (multi-media) traffic for second and third generation systems. A
transformation from cell-based network to direct routing network model
is used to carry out the calculations. By numerical examples we study
the statistical multiplexing advantages of cell breathing, overlapping cells
and hierarchical cell structures.

Keywords: blocking, cell breathing, cellular networks, direct routing,
Erlang-B formula, hierarchical cellular networks, multi-rate services

1 Introduction

Cellular communication systems are designed to have an overlap between cells
in order to provide better quality of communications, seamless hand-overs and
capacity management. By a cell we denote a geographical area served by one
transceiver (transmitter and receiver) station, such as base stations (BS) in
Global System for Mobile Communications (GSM) and Node-B in the Universal
Mobile Telecommunication System (UMTS).

Cell overlapping basically serves two purposes: (1) it provides continuous ser-
vice by permitting smooth hand-over between cells and (2) customers in over-
lapped areas are ensured better connectivity by allowing access to resources of
all cells in the overlapping area.

The latter case is analyzed in this paper, and it is shown by analytical mod-
elling how it allows for improving the network performance by reducing blocking
probabilities in both second and third generation mobile communication systems.

The purpose of this paper is to establish an analytical model which for a given
cellular network structure with known overlap areas and hierarchical structure
enables us to calculate the blocking probability for each type of traffic in each
area. The traffic is modelled by mean offered traffic, peakedness, and slot-size.

G. Kotsis and O. Spaniol (Eds.): Mobile and Wireless Systems, LNCS 3427, pp. 7-[I3] 2005.
© Springer-Verlag Berlin Heidelberg 2005



8 V.B. Iversen, V. Benetis, and P.D. Hansen

The model allows for allocation of a minimum number of channels to each traf-
fic stream and also an upper limit to the number of calls from this stream. All
models considered are insensitive to the service time distribution. The examples
given are used to illustrate the ideas. The software developed [4] allows numer-
ical calculations for any parameter values. The results can be used to develop
simplified traffic engineering tools for dimensioning cellular systems.

The paper is organized as follows. At first related studies are over viewed,
then cell overlap modelling is analyzed, followed by overview of modelling of
hierarchical cell structures. Finally, evaluation methods and numerical examples
are given to illustrate the theory along with a summary.

----———______ Route 1
|
1
ny+n
1 2
o -----“----"" Route 2
,,,,,,,,,,,,,,,,,, Route 12
Route
1 2 12 Capacity
1 1 0 0 ny
Link 2 | 0 1 0 N2
12 1 1 1 Ny+ N,

Fig. 1. Example of two overlapping cells and the equivalent circuit-switched network
with direct routing

2 Related Studies

The subject of traffic modelling of cell overlap has been dealt with in few pa-
pers. In a recent paper [9] state-of-the-art is presented. One of the first papers
are [2] which presents the product-form of the problem. Most papers consider
the system as an overflow system and use the classical overflow theory for eval-
uation (e.g. [8]). They have for example dealt with overflow from micro-cell to
macro-cell, but not take-back (also named call packing or rearrangement) from
macro-cell to micro-cell.

A few papers (e.g. [I]) have set up the state transition diagram and solved
the large set of linear equations. The convolution algorithm [5] was only ap-
plied in [6]. In this papers we will deal with both rearrangement of calls at the
same hierarchical level, and rearrangement of calls between different levels of the
hierarchy.
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3 Overlapping Cell Boundaries

This section presents mathematical models used for modelling cell interaction
and overlap capacity. As mentioned above, a cell is considered a geographical
area served by one base station.

Let us consider an overlap between two cells in a cellular system as shown
in Fig. [ (left). The whole coverage zone is made out of three areas, area A;
with access to nq channels of cell 1, area A, with access to ny channels of
cell 2, and area Ai> with access to all nia = ny + no channels of both cells.
Therefore, subscribers in A5 will experience a smaller blocking probability than
subscribers in the other areas. In an intelligent system we can freely rearrange
(hand-over) calls in area Ajs between the two cells. We can formulate this as a
set of restrictions on the number of calls of each type in this cellular system.

Denoting the number of existing connections in the area A; by x; we notice
that we have the following restrictions:

0<21<m (1)
0<zo <no (2)
0<zi+z2+ 212 <Ny +n2 (3)

The above restrictions are equivalent to the restrictions in a circuit switched
communication network with direct routing shown in the Fig.[[] (top). In general,
for an arbitrary cellular network we may formulate restrictions upon the number
of simultaneous calls of each type, for each restriction define a link, and transform
the problem to an equivalent circuit switched network as shown in the following.

3.1 Direct Routing Network Model

A network with direct routing is described by routes R;, links L;, and the number
of channels d; ; route R; utilises on link j. The models are valid for multi-slot
systems with individual slot size d; ; for each route on each link.

3.2 Mapping Between Cellular and Direct Routing Network Models

The mapping between cellular networks and network with direct routing is done
as follows. A route R; corresponds to a distinct area A; in the cellular model.
Route index ¢ marks which cells are covering this area.

Ezample 1. According to the Fig. [ (left), we can identify three routes. R; cor-
responds to the area A; (the serving area of cell 1 without overlapping parts).
Rs corresponds to the area As (the serving area of cell 2 without overlapping
parts). Ria corresponds to the common overlapping area A;s between cell 1 and
cell 2.

A link L; corresponds to a territory which is the union of the areas covered
by one or more cells. The link index j indicates the cells included in the territory
and numerically shows which routes are using the link.
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Route ¢ Number of
Link j R; Ry - Ry channels
1 di d21 -+ dnj ni
2 di,2 dao -+ dnp2 n2
K di,x dox -+ dnk nK

Table 1. In a circuit switched telecommunication network with direct routing, d;;
denotes the slot-size (bandwidth demand) of route ¢ upon link j.

Ezample 2. According to the Fig. [l (left), we can identify three links. L; de-
notes the territory of A;. Lo denotes the territory of As. L1 denotes the linked
territory made of Ay and As. In this way Lis covers the whole network.

A link corresponds to a restriction. The number of routes N becomes equal to the
number of separate areas, whereas the number of links K becomes equal to the
number of restrictions, which is the number of connected areas (paths) we can
built up from the distinguishable areas. If all N cells are partially overlapping
the number of links becomes equal to K = 2% — 1, as we exclude the empty
set. For the case considered in Fig. 2l both the number of routes and the number
of links become 7. A maximum number of accessible resources (in units called
channels) n; is associated with each link L;. The sum of channels used by of all
routes using this link j is thus limited by n;.

Ezample 3. According to the Fig. [l (left), n; is given as follows: n; equals to the
capacity nj of cell 1, ny equals to the capacity ng of cell 2, and nisequalsni +no.

Another example is shown in Fig. Bl It may model part of as highway covered
by cells. Due to the structure, the equivalent circuit switched network has 7
routes and 10 links.

3.3 Global Intelligence in the Network

We notice that if for example all channels are busy in cell one in Fig. [[] then if
there are any connections in cell A1 using channels of cell one we may rearrange
(hand-over) one or more of these connections from cell one to idle channels in
cell two and thus release channels in cell one. Thus we assume optimal rearrange-
ment. In multi-cell systems this rearrangement may be necessary at several levels.
Therefore we assume that the system has global optimal intelligence.

In Code Division Multiple Access (CDMA) networks, users in a cell interfere
with each other as they use the same frequencies. Therefore, by adding a user in
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Ao
oo

Route
1 2 3 12 13 23 123 | Capacity
1 1 0 0 0 0 0 0 niq
2 0 1 0 0 0 0 0 n,
0 0 1 0 0 0 0 ng
Link
12 1 1 0 1 0 0 0 ny+ Ny
13 1 0 1 0 1 0 0 ny+ Ng
23 0 1 1 0 0 1 0 n,*ng,
123 1 1 1 1 1 1 1 |Ny+Np +Ng

Fig. 2. Example of three overlapping cells and the corresponding equivalent circuit-
switched network with direct routing.

the serving cell, the total noise level increases and the cell size shrinks. Avoiding
shrinking of cell size to zero and providing necessary coverage is done by limiting
allowed load (power budget) for the cell. For macro coverage a smaller load is
set, for micro/urban coverage a higher load is allowed.

Such cell shrinking behaviour in CDMA pushes calls from the actual Node-B
to a less loaded neighbouring Node-B and in such way automatically implements
call rearrangement as described below for GSM systems. From a traffic point of
view rearrangement in GSM systems is equivalent to cell breathing in CDMA
systems.

3.4 Decentralized Intelligence

In the above models we have assumed that the call packing is optimal. We may
thus need to perform many successive rearrangements to move one idle channel
from one cell to another.

In GSM networks with directed retry blocked calls are automatically retried
in another cells after failure of getting channels in current cell. This corresponds
to decentralized intelligence and calls are only redirected at call setup. Of course,
this can only be done in the overlapping areas.
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066

Route
1 2 3 4 12 23 34 [¢
1 1 0 0 0 0 0 0 30
2 0 1 0 0 0 0 0 30
3 0 0 1 0 0 0 0 30
4 0 0 0 1 0 0 0 30
12 1 1 0 0 1 0 0 60

Link

23 0 1 1 0 0 1 0 60
34 0 0 1 1 0 0 1 60
123 1 1 1 0 1 1 0 90
234 0 1 1 1 0 1 1 90
1234 1 1 1 1 1 1 120

Fig. 3. Example of four overlapping cells and the equivalent circuit-switched network
with direct routing.

In e.g. Digital Enhanced Cordless Telecommunications (DECT) systems the
intelligence is distributed to the individual handsets. Thus it is possible to let
the handset, which knows the state of the channels at the local base station in
the area, make local decisions based on the local information. A handset may
hand-over a call from a cell with all channels busy to a cell with idle channels.
However, this strategy will in general not be globally optimal (but we know the
optimal reference value). These models with local intelligence can in practice only
be evaluated by simulation because they don’t have product form. Simulations
show that the decentralized strategy is close to the optimal strategy. Thus from
a traffic point of view systems with global intelligence are much simpler to model
due to the product form than systems with local intelligence. In this paper we
only present examples with global intelligence.

4 Overlay and Underlay Structure

Mathematical model of overlap cells is easily extended to hierarchical mobile
networks. The performance of cellular mobile communication systems can be
improved significantly by introducing macro cells. If a call (either a new or a
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hand over call) attempts to establish a connection in a micro-cell but all the
channels of that cell are busy, it may try to establish the connection in an
overlaid macro-cell. Fig. @] shows a two-level system with N micro-cells and one
macro-cell. Micro-cell number 7 has n; channels of its own. The macro-cell has
a total of m channels, but micro-cell number ¢ may at most borrow m; channels
in the macro-cell at a given point of time (class limitation). In comparison with
the previous section this corresponds to overlapping cells with full overlap.

e ny —_— !
my |
|
______ I - - - - — _ _]
|
|
—_— 77/2 —————— m2 :
|
________ N
______ - - - - - — — =1
|
mur |
—_— nM ———— |
|

Fig. 4. Model of a cellular system with M micro-cells and one macro-cell corresponding
to a link model offered more traffic streams with minimum and maximum allocation.
The model has product form when there is rearrangement (take-back) of calls between
from macro-cell to micro-cell.

Thus the subscribers in a given micro-cell has a minimum allocation of n;
channels and a maximum allocation of n; + m;. This allows us to guarantee
a certain grade of service. The macro-cell is common to a number of micro-
cells, i.e. it acts as a shared resource for a number of micro-cells. The multi-
layer structure is equivalent to that of a classical overflow system. Two call
management strategies for operating macro-cells exist:

— Without rearrangement (no call packing), i.e. once a call has established a
connection in a channel in a macro-cell, it continues to utilize the channel
until the call is terminated.

— With rearrangement (call packing), if a call is using a channel in a macro-cell
it will rearrange to the micro-cell (where the call is located) when a channel
in that particular micro-cell becomes idle.

The rearrangement strategy increases the number of hand-over operations and
requires that the system keeps information about which micro-cell a call belongs
to.
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5 Evaluation Methods

The performance of multi-layer systems are calculated in the following way.
Systems without rearrangement are similar to classical overflow systems and
can be evaluated by well-known methods as Wilkinson’s Equivalent Random
Traffic (ERT) method or the Interrupted Poisson Process (IPP) method. If the
rearrangement strategy is applied, the state transition diagram is reversible and
has product form. Blocking probabilities, utilisation, etc. are obtained exploiting
the product form, for instance by using the convolution algorithm [5].

For smaller networks we have exact algorithms for evaluating the end to end
blocking probability for each route, i.e. for each area. The convolution algorithm
[5] allows calculation of both time congestion, call congestion, and traffic conges-
tion for Multi-slot BPP (Binomial — Poisson - Pascal) traffic, which is used for
modelling traffic in the cells. The state of the system is specified by the number
of calls on each route p(x1,xa,...,zN), where x; is the number of busy channels
on route . When the system has product form we have:

p(x1,22,...,2n) =p(x1) -p(z2) - ... - p(TN).

Thus the routes are independent, and we may use the convolution algorithm to
aggregate the states of any two routes to one route, and thus successively reduce
the system to one route. We we assume all N links have a capacity n, then the
product form reduces the number of states on the system from the order n™
to n - N and by aggregation using convolution finally to n. This is a enormous
simplification of the problem.

As the number of routes and links for realistic systems (e.g. GSM networks)
becomes very large, the exact methods are not applicable. Then numerical sim-
ulation or approximate methods as the Erlang reduced load (Erlang fixed point)
methods have to be used. However for large networks, where a typical route may
use a very large number of links, these methods are not very good.

6 Numerical Examples

In the following we present an example of overlapping cells and an example with
hierarchical cell structure. Also an example with multi-rate traffic is presented.

6.1 Example of Overlapping Cell Structure

To get an idea of the increased capacity obtained by exploiting the overlap of
cells, we may consider a cellular system where every cell has 20 traffic channels.
Also let us assume that the offered traffic per cell is 15 erlang. The worst case
(maximum) blocking is obtained when the cells are completely separate, and
from Erlang’s B-formula we find a blocking probability £ = 4.56 %.

Now we consider the cellular system shown in Fig. [l. Each base station is
again supposed to have 20 channels, and we assume the offered traffic in each of
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the two separate areas is 12 erlang, and in the overlap area 6 erlang. Thus the
total traffic is again 30 erlang. This corresponds to that 6 out of 30 erlang are
in overlap area, which is an overlap of 20 %.

By evaluating the equivalent circuit-switched network we find a blocking in
the separate areas equal to 1.90 %, and in the overlap area a blocking probability
equal to 1.24 %. The weighted overall blocking probability becomes 1.77 %.
Worst case utilization is 2 separate systems as considered above. The optimal
usage is a full accessible system with 40 channels offered 30 erlang, which by
Erlang’s B-formula will result in a blocking probability E = 1.44 %. Thus 20 %
overlap results in almost the same utilization as in a full accessible system.

In Fig.[2 we consider a system with three cells, which are mutually overlap-
ping, so that subscribers in some areas may have access to two cells. Therefore,
subscribers in overlapping areas will experience a smaller blocking probability
than subscribers in separate areas. In an intelligent system with optimal packing
we can rearrange calls in the overlapping areas from one cell to another. Thus
we assume that the system has global optimal intelligence. The model with re-
strictions on the number of simultaneous calls is equivalent to a circuit switched
communication network with direct routing as shown in the table of Fig.

For the case considered in Fig. P the blocking probability as a function of the
overlapping is shown in Fig. Bl The offered average traffic is 25 erlang per cell
and each cell has 30 channels. For example, we may have 20 erlang in every sep-
arate area and 5 erlang in each of the overlapping areas. This will correspond to
20% overlap. We notice, that we have the same capacity as for full accessibility
when the overlapping is greater than 30 %. This will be the case in most real
systems. For separate cells without overlap the blocking probability is obtained
from Erlang’s B-formula Fs54(25) = 5.2603 %. For full overlap the blocking prob-
ability is Fgo(75)= 1.0695 %. The limiting value of the blocking probability in
overlapping areas when the overlap decreases to zero is F30(25)? = 0.2767 % as
the cells become independent.

From the above examples we conclude that if cells have an overlap of at least
20 % with some other cells, then the blocking probability in this cell is close to
the blocking of a full accessible system with a number of channels equal to all
channels of the involved cells.

6.2 Example of Hierarchical Cell Structure

We now consider a network with 40 micro-cells and one macro-cell covering all
the micro-cells. Each micro-cell has 40 channels. In order to reduce the blocking
probability, a number of channels is allocated to the macro-cell.

Fig. [0] features a plot of the total carried traffic versus the number of chan-
nels in the macro-cell. If the call management strategy without rearrangement
is applied the utilisation of the channels in the macro-cell is close to one. If
the rearrangement strategy is applied, the increase in total carried traffic per
additional channel in the macro-cell is greater than one erlang. This is due to
the fact that when a call is blocked at the micro-cell and gets a channel in the
macro-cell it will only remain in the macro-cell until a channel in the micro-cell
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Fig. 5. System with three cells adjacent to each other (Fig.[2). A = 25 erlang per cell,
n = 30 channels per cell. 10 % overlap means that 10 % of the traffic (users) are in an
overlap area of two cells. There are no users with access to all three cells.
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Fig. 6. The total carried traffic as a function of the number of channels in the macro-
cell. By adding 20 channels in the macro-cell we notice that the total carried traffic
increases by 50 erlang.
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is released. On average this takes only 1/40 of a holding time (if only one call
is waiting for a channel in the micro-cell). In this way the shared resource (the
macro channel) is made available for new calls as soon as possible. Obtaining the
same amount of carried traffic (or correspondingly the same blocking probabil-
ities) without rearrangement requires a significantly higher number of channels
in the macro-cell.

The increased utilisation of the micro-cells implies that a higher number of
calls are blocked in the micro-cells but accepted in the macro-cell. Thus the
total number of hand-overs (rearrangements) increases. If the number of chan-
nels in the macro-cell becomes large the system starts to make unnecessary
rearrangements. A rearrangement of a call from the macro-cell to a-micro cell
is unnecessary if no other micro-cell requests to use the released channel in the
macro-cell. The upper limit of additional hand-overs is one hand-over per call. In
this study we have not considered hand-over between neighbouring micro-cells.

Blocking probability [%]

d, =b
0.5
0.4
0.3
d, =2
0.2
d, =1
0.1
/
L dy =5
0.0 T T T T T

0.0 0.5 1.0 1.5 2.0 2.5 3.0 3.5 4.0 4.5 5.0
Peakedness

Fig. 7. Traffic congestion as a function of peakedness and slot-size for the system
described in Section 6.3l

6.3 Example with Multi-rate Traffic

For multi-rate traffic the number of parameters increases. As an example, we
again consider the network in Fig. B with 30 channels in each cell and 20 %
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overlap. For separate areas, the offered traffic is Poisson-arrival single-slot traffic
with mean value 20 erlang. For overlapping areas between two cells, the offered
traffic is multi-rate traffic with 5 erlang measured in channels. So for single-slot
traffic we offer 5 calls per mean holding time, whereas for 5-slot traffic we offer one
call per mean holding time. No traffic is offered to the 3-overlap area. We consider
three examples with slot-sizes dg = 1, 2 and 5, respectively. Furthermore, the
arrival process is BPP—traffic (Binomial — Poisson — Pascal), and we consider
peakedness-values from 0.2 to 5. The peakedness is the variance/mean ratio of
state probabilities. The blocking probability is the traffic congestion which is the
relevant performance measure [7].

Fig.[@ shows the resulting blocking probability for the traffic in overlap areas.
It is observed that the blocking probability is almost proportional with both the
peakedness and the slot-size.

The lower curve ds= 5 is the blocking probability for traffic in separate
areas when the multi-rate traffic has slot-size = 5. We notice that this is almost
constant. It decreases a little, when the blocking probability of the multi-rate
traffic increases. The two other curves for separate areas are almost overlapping
with this curve.

7 Conclusions

By exploiting the intelligence of digital systems we are able to obtain a very high
utilization of the radio channels. In particular systems with overlapping cells and
overlaid cells are able to manage local overload and at the same time guarantee
a certain grade-of-service by sharing resources. The strategy corresponds to a
minimum and maximum allocation of radio resources (channels) to each class
of users or services. If we are able to rearrange calls, then we have reversibility
and product form, and we are able to evaluate the systems. All models consid-
ered becomes insensitive to the holding time distribution. Each traffic stream
is modelled by mean value, peakedness, and slot-size. The examples show that
this is valid for actual systems which have at least 20 channels per cell and an
overlap which is much more than 20%. The methodology and tools developed are
foreseen as powerful tools to investigate and engineer current and future cellular
systems.
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Abstract. One of the main advances of 3G networks like UMTS is the ability
to support a large variety of different services. These services are subdivided in
two domains, circuit-switched services and packet-switched services. The main
application expected for packet-switched services is the browsing of the World
Wide Web. The web traffic is usually described by quite sophisticated source traf-
fic models and the packet arrivals on IP layer are determined by TCP. On the
other hand, the planning process for UMTS networks relies on analytic methods
or Monte Carlo simulations that assume the number of users to be Poisson dis-
tributed. The intention of this work is to examine if it is possible to apply the
existing planning methods to web traffic. We are able to show that the Poisson
assumption holds for the number of web users that simultaneously transmit over
the air interface and that the resulting NodeB transmit power distribution is valid.
We use the Monte Carlo simulation technique to evaluate the web capacity of an
example UMTS network.

1 Introduction

One of the main enhancements of third generation (3G) networks is that they allow for
a service differentiation and offer a large variety of different services. In the Universal
Mobile Telecommunication System (UMTS) [1] the services are subsumed in the cate-
gories conversational, streaming, interactive, and background that are distinguished by
their QoS profiles. The conversational class guarantees a low delay and a low jitter. Typ-
ical applications of the conversational class are voice or video telephony that produce a
symmetric data volume on the uplink and the downlink. The QoS requirements of the
streaming class are less stringent. They sustain a larger delay and tolerate more jitter.
The typical applications are audio or video streaming that produce asymmetric traffic.
The QoS requirements of the conversational and streaming classes are expressed by the
bit rate and the radio link quality, i.e. signal energy per bit / noise energy per bit ratio
Ey /Ny, of the service. The characteristic of the interactive class is a request response
pattern. The most prominent candidate application in the existing and future UMTS net-
works is the browsing of the world wide web (WWW) which was the dominant kind of
Internet traffic for the last decades and only file sharing causes similar traffic volumes in
the recent years. Web browsing is also the typical representative of the interactive class
while the file sharing falls in the background class. The background class has practically

G. Kotsis and O. Spaniol (Eds.): Mobile and Wireless Systems, LNCS 3427, pp. 20-35, 2005.
(© Springer-Verlag Berlin Heidelberg 2005
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no QoS requirements and uses the bandwidth only when it is available. The web traffic,
as a representative of the interactive class, is somehow located between the streaming
class and the background class. We distinguish the best-effort web traffic and the QoS
web traffic. The best-effort web traffic is close to the background class and utilizes the
capacity that remains from the higher classes, i.e. conversational, streaming, and QoS
web traffic. On the downlink - which is the relevant link due to the asymmetry typical for
web traffic - the best-effort web traffic is transmitted over the downlink shared channel
(DSCH), the high-speed downlink shared channel (HS-DSCH), or in the initial phase of
UMTS over a rate-controlled dedicated channel (DCH). Like for the background traffic
there is no QoS guaranty for the best-effort web traffic. In contrast, the QoS web traffic is
transmitted over a non-rate controlled dedicated channel that guarantees a certain QoS.
Like for the conversational and streaming class the QoS requirements of the web service
are expressed by the bit rate and the target Ey,/Np.

In this paper we focus on the QoS web service. In particular, we are interested in
the number of QoS web users that a NodeB is able to handle in parallel. The capacity
analysis of the uplink [16,6,10,8] and the downlink [4,9,11] of CDMA and WCMDA
systems mainly assume a Poisson distributed number of users per cell and service and a
service is defined by its bit rate, target E}, /Ny and activity factor or mean activity during
their sojourn time in the system.

The first objective of this paper is to show by means of a detailed simulations that it
is possible to describe a QoS web service by these parameters. This detailed simulation
includes a sophisticated web traffic model [15], the implementation of TCP [13,14]
according to 4.4BSD-Lite, and the power control according to the 3GPP standard [3].
As aresult of this simulation we obtain the distribution of the number of active web users,
where “active” means actively transmitting on the UMTS downlink, and the distribution
of the NodeB transmit power. We use a second simulation that does not consider power
control to obtain the probability distribution of web session durations and web session
activities. In the first instance, we use this distribution in an “activity” simulation to
describe the web sessions and show that the results match with the detailed simulation.
In a further step, we calculate an offered load from the web session duration and web
activity distribution and use it in the Monte Carlo simulation from [11] to determine the
NodeB transmit power distribution according to a certain offered web traffic load.

The rest of this paper is organized as follows: In Sec. 2 we formulate the objective
of this paper more clearly and show how we model the web traffic. In Sec. 3 we describe
the different simulation models that we use for computing the NodeB transmit power,
namely the detailed ON/OFF, the activity, and the Monte Carlo simulation. The results
from the three simulation types are compared in Sec. 4 where we also evaluate the web
traffic capacity of an example scenario. In Sec. 5 we summarize our main results.

2 Problem Formulation

We consider a UMTS network that consists of L NodeBs which provide a set of services
to the mobile users. These services are either circuit-switched (CS) or packet-switched
(PS). The CS service s is defined by a bit rate R, and an Ej,/Ny-target €,. The users
of service s arrive according to a Poisson process with rate A, and have an exponential
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service time with mean 1/p. The activity of the CS users is modeled by a Bernoulli
random variable with mean v, which is referred to as the activity factor.

In the PS domain, a large variety of different protocols and applications is expected.
The browsing of the World Wide Web is assumed to be the most important one. WWW
traffic is complex to model, since the size and structure of web pages is very heteroge-
neous. Furthermore, the pages are transported over HTTP and TCP, that determine the
packet arrival process on the UMTS air interface.

In the recent years, a lot of work considered the characterization of web traffic in
wireless and wire-line environments. The authors of [15] give an overview of source
traffic models that describe web traffic and other applications with some relevance to
wireless networks. The web traffic model is mainly based on the measurements of [5].
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Fig. 1. Web traffic model is structured into session, page, and TCP layer

Figure 1 illustrates the web traffic model. We can recognize three layers: session
layer, page layer, and TCP layer. On session layer, the users become active according to
a Poisson process. In a web session, they download and view a number of web pages.

A web page consists of the main object and optional inline objects. The main object
is the HTML code and an inline object is a file or script and referenced in the main
object. HTTP opens a TCP connection and sends a getRequest for the main object. After
receiving the main object, the inline objects are requested from the server and sent back
in up to four parallel TCP connections. The actual number of TCP connections depends
on the HTTP version and the web browsing client.

In our model, we describe the WWW traffic by the session arrival rate Awww,
the number X of pages per session, and the viewing time V. A page consists of the
getRequest size R, the volume M of the main object, the number Y of inline objects,
and the size O of an inline object. The size of a getRequest for an inline object is also R.
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Table 1. Description of the parameter set of the WWW source traffic model

RV description distribution| E[RV] |STD[RV]
I [time between two WWW sessions| exponential [Awww [ Awww
X | number of web pages per session | lognormal 25 100
A% viewing time geometric 50s 30.0s
M volume of main object lognormal 10 kB 25 kB
Y | number of inline objects per page| gamma 5.55 114
o volume of inline object lognormal | 7.7 kB 126 kB
R volume of GetRequest lognormal 360 B 106 B

All these values are iid random variables which follow distributions obtained through
measurements, e.g. [5], and are listed in Table 1.
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Fig. 2. UMTS scenario is described by a given CS traffic and a composed WWW traffic model

Figure 2 shows the CS and PS domain in a UMTS network. The CS traffic model
considers only the air interface, as the behavior on the air interface is independent of
the core network and frame errors on the air interface. On the other hand, the WWW
traffic is transported over the Internet by TCP/IP. The flow control mechanism of TCP
tries to adapt the bandwidth to the congestion in the network. That makes the effective
bandwidth depend on the delay in the Internet and lost packets. We model the delay
in the Internet by a random variable D for the transmit time between the NodeB and
a WWW server in the Internet. The delays for all packets belonging to the same web
page are equal. TCP packets get lost with a probability Pj,ss which is assumed to be
independent of the system load.
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We measured the delay within the GPRS network of a German operator. Therefore,
we transmitted periodically ICMP packets from our mobile station to different WWW
servers for 12 hours. Figure 3 shows the single delay from the mobile station to the
servers. We obtained a mean delay about 400 ms. We simulate the delay time D uniformly
distributed between 350 ms and 450 ms.
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Fig. 3. Delay for the transmit time between the NodeB and a WWW server in the Internet

On the air interface, the CS and PS users compete for the existing resources. The
air interface capacity of a UMTS network is on the uplink limited by the multiple
access interference and on the downlink by the NodeB transmit power. We focus on the
downlink as the traffic a web user produces on the downlink is a multiple of the traffic
on the uplink. This shifts the bottleneck to the downlink as long as the users in the CS
domain produce symmetric traffic. The 3GPP standard proposes three ways to transport
web traffic: on dedicated channels, on shared channels, and in the future on high speed
shared channels. We focus on WWW users with a guaranteed quality of service (QoS)
that transmit over a dedicated channel with guaranteed bit-rate and Ej/Ny-target.

As the air interface is a scarce resource, power control is employed in order to
maximize its capacity. In UMTS, the fast power control is applied on both, the uplink and
the downlink. On the downlink, it minimizes the NodeB transmit power while ensuring
acceptable service quality. We investigate stationary mobile stations. The power control
consists of the inner loop and the outer loop. The inner loop power control adapts the
NodeB transmit power in order to meet the E},/Ny-target by sending one ’‘power-up"
or ’‘power-down" command in each time slot. The outer loop power control adapts the
E,/Ny-target in order to maintain a certain frame error rate. We assume a constant
E}/Ny-target throughout the simulation and ignore the outer loop.
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The fundamental relation between transmission power Tz of NodeB =z, connection
properties (L, /Ny-target 5, bit rate Ry, orthogonality factor o), and radio channel
conditions (path gain ci% . from the mobile station k to the base station x, thermal noise
density Ny = —174 dBm/Hz) is summarized in (1) which is derived by using the signal
energy per bit / interference energy per bit ratio in the downlink direction for an MS
k. The transmission power S’z & of NodeB z dedicated to MS k is denoted as Sz k-
W = 3.84 Mcps is the UMTS chip rate. Assuming perfect power control means that
values fulfilling (1) have to be found.
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The aim of this paper is to decide whether the UMTS system is stable for a given
scenario. A UMTS system is considered as stable, if the transmit power of all NodeBs
stays below a given maximum Tmam. If the transmit power exceeds this threshold, the
NodeB cannot fulfill the E}/Ny-target requirements and outage occurs. In order to
determine the probability that outage occurs, we require the distribution of the NodeB
transmit power for a given scenario.

In the following, we present three ways for evaluating this distribution: an ON/OFF
simulation, an activity simulation, and an analysis. The ON/OFF simulation reproduces
the packet transfer on TCP/IP layer in order to determine when a user is active on the
air interface, i.e. a packet is transmitted over the air interface. The TCP layer models
the interaction between TCP and HTTP. In our simulation TCP is implemented accord-
ing to 4.4BSD-Lite. We use the HTTP1.1 version with 4 parallel and persistent TCP
connections proposed in [12], too.

The idea of the activity simulation is to approximate the WWW user behavior on web
page or session layer by using an activity factor instead of realizing the full TCP stack, as
a UMTS user only interferes with other users when being active. For the same reason, an
analytical evaluation of a UMTS system requires the approximation of a mobile station
by means of activity. Thereby, the activity factor is derived for a given scenario by an
ON/OFF simulation.

3 Simulation Description

We study web traffic on page and session layer. For the investigation on page layer,
we generate N web users. A web user obtains a location and starts downloading web
pages. After one web page is completed, the user immediately requests the next web
page such that there is actually no viewing time. We expect the number of active users
to be binomial distributed with parameters N and p, whereby p depends on the user
activity. We call this type of simulation as web page simulation.

In the session simulation, we start with no users in the system and then generate web
session interarrival times according to the arrival rate Ay -y which we use to scale
the traffic intensity. At each arrival event, we determine the location of the new user
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randomly. We consider a homogeneous spatial traffic distribution, so every position is
selected with equal probability. The user keeps this location during the whole session.
The web pages in a session are generated according to the model in Figure 2 with the
parameters in Table 1.

We have implemented two different simulations how to determine the NodeB trans-
mit power for the web page and the session scenario:

— The ON/OFF simulation has a full implementation of the TCP Reno stack and the
WWW source traffic model up to the web page/session layer. We implement the
ON/OFF simulation either with or without power control.

— The activity simulation performs snapshots due to the activity factors of the individ-
ual users. In order to determine the activity behavior of web users on the air interface
for the activity simulation, we use the ON/OFF simulation without power control.

3.1 Implementation of Power Control in the ON/OFF Simulation

The ON/OFF simulation determines the packet arrivals on the air interface exactly ac-
cording to the TCP/IP protocol stack. This means that for every time instant we know
which users are actively transmitting on the downlink. This allows us to determine the
NodeB transmit power according to the fast power control algorithm.

However, the fast power control works with a frequency of 1500 Hz, i.e. 15 power
updates for each user within a frame of 10 ms. In the simulation, this is very time-
consuming, so according to [7] we implement an approximative power control algorithm
with only one power update per frame.

CDF

— 10 users
— 20 users
—— 30 users
40 users
50 users
60 users

2 3 4 5 6 7 8 9 10
Node-B transmit power [W]

Fig. 4. Comparison of the approximative power control algorithm and the exact implementation
of the UMTS power control mechanism
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In Figure 4, we validate this approach against the exact implementation. We consider
10 to 60 users with fixed propagation gains. The dashed lines show the cumulative
distribution function (CDF) of the NodeB transmit power for the approximative power
control algorithm and the solid ones for the exact power control. We can see that the
curves agree very well.

Approximative Power Control (APC) Algorithm

Input: set MIS of mobile stations transmitting packets on air interface at time ¢
For each time frame ¢ do

1. Update transmission power and received Ej, /Ny for all mobile stations

Vk e MS dx=BS(k) € BS:
WNo + aTp(t)dp i + 3 Ty(t)dy i

S t) = wg - Y with wy, = —_—
x,k( ) k de k W+ OleEZ
N P UL —
W Ny + Oé(Tz( ) — Sxk(t)) zk + Z Ty(t)dy k

2. Identify transmission power

Vo € BS: T2 (t) = Tocm + Y Sex(t) . whereas o # BS(k) = S, =
keMS

. Tr(t) T3 () < Traa

T, (t 4 At frame) = ) T =

T,(t) else outage

3.2 Activity Simulation

In contrast to the ON/OFF TCP simulation, the activity simulation does not emulate TCP.
Ituses an activity factor describing if an user is active or not. The activity factor v = tiiﬁ
describes the ratio between the packet transmission time ¢, over the air interface and
the total web page/session download time t;,:,;. The web page/session download time
is defined as the time between the request of the mobile station to open the first TCP
connection and the arrival of the last packet for completing the web page/session.

From the ON/OFF simulation, we obtain a compound distribution for the web
page/session download time and the downlink activity of a web page/session. Figure 5
shows this distribution for web pages. The brighter an area is illuminated, the higher
is the probability for a web page with the given duration and activity. The structure
of the compound distribution shows us that web page activity and download time are
correlated.

In the activity simulation, we generate the arrival times of web pages/sessions as
described above. We determine the download time and the activity factor according to
the compound distribution. To determine the distribution of the NodeB transmit power,
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web page duration [s]
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web page activity [%]

80

100

Fig. 5. Web page simulation — Compound distribution for download times and activity factors

we generate a system snapshot in regular time intervals. From the compound distribution,
each user k obtained an individual activity factor vy. This means that at a certain time
instant ¢ the user k is active with probability v. The snapshot returns the set of active
users. In the next section we describe how to determine the NodeB transmit power for

such a snapshot.

IP1 IP 2 IP3
ON/OFF | IP 1 IP2|[IP3|/IP4 IP5 IP6||IP7

IP packets on air

web page | duration l activity
1 455 | 036
2 23s | o032

’ web page 2

activity ’ web page 1

interface

approximation by

Fig. 6. Illustration of the activity simulation

3.3 Monte Carlo Simulation

duration and activity

With the activity simulation we present a possibility to separate the exact simulation of
the web traffic model and the TCP/IP protocol stack and the simulation of the UMTS
air interface with the fast power control. However, the simulation is still a time-dynamic
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simulation and requires the compound distribution of web page/session duration and
web page/session activity as input. In contrast to the activity simulation, the Monte
Carlo simulation evaluates system snapshots and has no time dynamic. In a snapshot,
the number of active web users is described by a binomial distribution in a web page
simulation and by a Poisson distribution in the web session simulation. In Section 4 we
will validate that the active web users really follow these distribution and also discuss
their parameters.

In this section we will describe how to evaluate the NodeB transmit power for a
system snapshot. This method and also an entirely analytic method to approximate the
NodeB are already published in [11] for general services that are described by their bit
rate and target Ey, /Ny value. We formulate the Monte Carlo simulation for a general
UMTS network operating with multiple QoS services and one of these is the QoS web
service.

A snapshot consists of a set of mobiles with their service and position. The number of
users follows from a predefined distribution, in case of the web users either the binomial
or the Poisson distribution. The position of each mobile is determined according to the
spatial traffic distribution. In our special scenario the traffic distribution is homogenous
so every position inside the considered area is chosen with equal probability. The position
of the mobile also determines the propagation gain to the different NodeBs.

Consider a mobile k that belongs to NodeB =z, or short £ € x. Then the transmit
power S’r  follows from (1) as:

Sk,a: = ((A}k’OWNQ + Zy;ﬁm wk,yS’y + wk7z§I> )

We define the service dependent load of a mobile £ as

wk&jk if y=20

and wy y = § Wk ify=x 3)

dyr
wrpstt iy £
de ke

is its service and location dependent load. The correspondent y for the load is either the
own NodeB, another NodeB or the thermal noise Ny. The location and service dependent
load can be interpreted as the translator between the interference that y causes at the
mobile and the transmit power that NodeB z has to spend to overcome this interference.
The load of a NodeB similarly comprises the three different kinds of interference. If
we sum over all mobiles belonging to NodeB x we speak of the load 7, ,, for NodeB x
related to the interference origin y and define this load as

Ney = Zwk’y and abbreviate 7, = 77927,90 = Zwk- (4)
kex kex

Again, y is either the NodeB itself, another NodeB, or the thermal noise. The total
transmit power S, of NodeB z consists of a constant part S, ¢ required for common
channels and the variable part spent for the dedicated channels to the mobiles belonging
to x:

Sac = Ax,C + nx,OWNO + Z S’yna:,y (5)
yeB
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These equations for the L NodeBs are written as a matrix equation and solved for the
vector S = (51, ..., 50)T:

S=S8c+qWhNy+i8 & 8= (i—ﬁ)fl (SC+ﬁOWZ\70) (6)

Note, that a variable v stands for a vector and a variable /m for a matrix. So 7y =
(m.o0y--nro)t, Sc = (5’1,0, vy S’LTC)T, 7 is the L x L-matrix with 77(z,y) = 75,y,
and 7 is the L x L-identity matrix. A reasonable solution exists if the inverse of the
matrix (j — 1)) is entirely positive. A sufficient condition for this is that the row sums of
7 are strictly lower than 1.

This condition gives us the means to determine for a snapshot if a power allocation
exists such that the Ej, / Ny-requirements of all mobiles are met. If there is such a solu-
tion the NodeBs’ total transmit powers follow from (6) and the power allocated to each
mobile from (2). By generating a series of system snapshots we obtain the moments
or the distribution of the transmit powers under the condition that a reasonable power
allocation exists. The advantage of the Monte Carlo simulation is that we can easily con-
sider different service combinations, spatial processes, slow fading, and imperfections
of power control.

4 Numerical Results

We consider a UMTS network with 19 NodeBs with hexagonal cells that are arranged
in two tiers around a central NodeB. The distance between two neighbored NodeBs
is 2 km. The mobiles are homogeneously distributed on the considered cell area. For
comparison with the ON/OFF simulation the considered area is restricted to the central
cell as the simulation of the whole area is too time-consuming. Instead, the NodeBs of
the first and second tier transmit with a constant power of 5 W. The parameters of the
default scenario are summarized in Table 2.

Table 2. Simulation parameters

UMTS network parameter
cell layout hexagonal
NodeB distance 2 km

number of tiers around the central NodeB|2
propagation gain from NodeB z to MS k |dy 1 = —129.4 — 35.2 - log, o (dist(z, k))
according to [2]

constant power for common channels ch gH=2W
power of surrounding NodeBs T,=5W
Web traffic parameter

bit rate of a WWW user R = 64 kbps
target Ey /Ny of a WWW user Ey/Ny = 3dB

delay between WWW server and NodeB |D = Uni form(350; 450) ms
packet loss probabilty Pioss =3 %
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In the following we first investigate the influence of the IP packet loss probability and
the fixed network delay between NodeB and web server on the air interface activity of a
web user. Afterwards we show that the number of active web users follows a binomial
distribution in the web page scenario and a Poisson distribution in the web session
scenario. Then, we consider the distribution of the NodeB transmit power and show
that the ON/OFF simulation, the activity simulation, and the Monte Carlo simulation
yield consistent results. At the end we use the Monte Carlo simulation to determine the
probability that the NodeB transmit power exceeds a maximum of 10 W for different
web users and web users arrival rates, respectively.

4.1 Factors Influencing the Air Interface Activity

For investigating the air interface activity while downloading a web page, we use the
ON/OFF web page simulation without power control and simulate a single user for
100 hours. Figure 7(a) shows the influence of the packet loss on the web page activity.
The larger the packet loss probability is, the smaller is the activity. The same relation
holds for the delay time, illustrated in Figure 7(b). A higher delay results in a smaller
activity.

0.8 0.8¢
0.6 0.61
L L
o o
O O
0.4 0.4r
— Packet loss = 0% — Delay = 50 ms
— Packet loss = 1% —— Delay = 100 ms
0.2 —— Packet loss = 2% 0.2 — Delay =200 ms
Packet loss = 5% Delay = 400 ms
0 Packet loss = 10% 0 Delay = 800 ms
0 0.2 0.4 0.6 0.8 1 0 0.2 0.4 0.6 0.8 1
Web page downlink activity Web page downlink activity

(a) Packet loss (b) Delay time

Fig. 7. Web page simulation — Influence factors on the activity factors of web pages

4.2 Distribution of the Number of Active Web Users

We first consider the web page scenario with a constant number N of web users that
continuously download web pages. Therefore, we use the ON/OFF simulation without
power control and measure the number N, ¢, Of active users on the air interface. We
fit the distribution with a binomial distribution Nyctive ~ binom(N,v). Figure 8(a)
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shows the probability function for N = 10, 20, ..., 60 users. The solid line indicates the
ON/OFF simulation and the crosses mark the fitted binomial distribution. We can state
a good agreement. The parameter of the fitted distribution is v = 0.32. If we however
investigate the mean activity of a random web page, we find that it is only 0.2. The
reason for this is that larger web pages with longer download times have larger activities.
Therefore, we have to include this correlation in the computation of the parameter and

. . .. i tair i
obtain the mean weighted activity as E[Vyeighted] = Zoweb page iloin i

2web page i ttotal i

0.351 0.11 i i
— 10 users —— ON/OFF simulation
0.3" — 20 users —— activity simulation
‘ — 30 users 0.08F Poisson( - E[B] - E[V,ioieq)
0.25 —— 40 users Ao
- 50 users s /A
60 s L
E 02 users G 0.06 y \
g > 3
& 015 2 0,04f ] \
g ) 4
0.1 / 3
0.02 / ¥
0.05 A )
W N
o 2N o oriaimimie®l w L Shzigigigie
0 5 10 15 20 25 30 35 0 10 20 30 40 50 60
Number of users on air interface Number of users on air interface
(a) Web page simulation (b) Session simulation

Fig. 8. Number of active users on the air interface

Next, we consider the web session scenario with a session interarrival time of
M = 6 s. The session duration B is a random variable with independent and identi-
cal distribution for each session. Thus, we can model the system by an M /G1 /oo queue
and obtain that the number of ongoing web sessions N follows the Poisson distribution
with parameter \ - E[B]. If we look at a random time instant on the air interface, we see
N sessions and the number of active users on the air interface is binom (N, v). We show
that despite of the burstiness of the web traffic and the correlation between web page
activity and web page download time, the number of user active on the air interface is
Poisson distributed:

Nactive ~ binom(N,v) = binom(Poiss(A - E[B]),v) = Poiss(A- E[B -v]). (7)

Figure 8(b) shows that the activity simulation and the ON/OFF simulation match very
well. Furthermore, we compare both simulation types with a Poisson distribution. We
derive the parameter by computing the weighted mean E[v,e;gnteq] Of the activity factor
of the session trace according to the computation of the weighted mean for web page
simulations and obtain E[B-v] = E[vyeighted) - E[B] = 0.267-12.08 min = 3.22 min.
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4.3 NodeB Transmit Power

We now come to the actual objective of our paper and validate if the Monte Carlo
simulation assuming a binomial/Poisson distributed number of users yields the same
NodeB transmit power as the ON/OFF simulation. Therefore, we consider both scenarios,
the web page scenario and the session scenario. In the web page scenario we consider
10 users located randomly in the central cell. In the ON/OFF simulation and the activity
simulation, the users keep their position during the whole simulation period. In the Monte
Carlo simulation we generate 10000 snapshots with a binomial distributed number of
users that have random positions. In Figure 9(a), we compare the CDFs of the NodeB
transmit power obtained from the different simulations. The activity simulation is marked
with a triangle, the ON/OFF simulation with a circle, and the Monte Carlo simulation
with an asterisk. We see that the activity simulation and the ON/OFF simulation match
nearly completely. The Monte Carlo simulation differs as it averages over all possible
user locations. In the web session scenario, every new user obtains a random location, so
the ON/OFF simulation and the activity simulation are not restricted to a single location
snapshot. The CDFs of the NodeB transmit power is shown in Figure 9(b) for a session
arrival rate of é. As expected the three curves show only small differences.
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A a ! »P“ekg“e e
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0.6 0.6
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o 8
04 04 /
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—6— On/Off simulation 5 —©- On/Off simulation
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2 2.5 3 35 Ohetee 10 15 20
NodeB transmit power [W] NodeB transmit power [W]
(a) Web page simulation (b) Session simulation

Fig. 9. Comparison of ON/OFF, activity, and Monte Carlo simulation

In a UMTS network, the transmit power of a NodeB is technically limited to a
maximum me which is typical either 10 W or 20 W. In our scenario we choose
Tmam = 10 W. If the demand for power exceeds this maximum, the NodeB cannot
follow all power-up commands and the mobiles cannot maintain their desired QoS in
terms of target E,/Ny. This event is called outage and a mobile has to be removed
if this situation continues for a longer period of time. One objective of radio network
planning is therefore to keep the outage probability below a certain threshold. We obtain
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the outage probability directly from the CDF of the NodeB transmit power and can thus
estimate if the network is capable of carrying the offered traffic or not.

We define the web page/session capacity of a UMTS network as the maximum num-
ber of web users/maximum web session arrival rate such that the outage probability stays
below a predefined threshold ps;qpie. In the following example, we set psapie = 5%. We
use the Monte Carlo simulation to determine the NodeB transmit power. Therefore, we
generate system snapshots with mobiles in all 19 cells and evaluate the transmit power
of the central NodeB. Figure 10(a) shows the CDF of the transmit power for 70 to 85
web users per cell. We mark the maximum transmit power by a vertical line and indicate
the outage probabilities for the different user numbers by the corresponding horizontal
lines. The outage probabilities are between 1% for 70 web users and 67% for 85 web
users. The maximum tolerable outage probability psiepie = 5% is between the outage
probabilities for 75 and 80 web users. So we can conclude that the web page capacity
of the example UMTS network is equal to 75 web users.

Figure 10(b) shows the analogous curves for the web session scenario with mean
web session interarrival times between 7 and 9 seconds. The web session capacity for
Dstable = 5% is reached for an interarrival time in the range of 7.5 and 8 seconds.

S/ 77

0.6 0.6
w [T
8 8
0.4 0.4 web user interarrival time
—_—7s
— 70 web users — 7.5s
0.2 — 75 web users 0.2 — 8s
—— 80 web users 8.5s
85 web users 9s
0 0

20

10 15 10 15
NodeB transmit power [W] NodeB transmit power [W]

(a) Web page simulation (b) Session simulation

Fig. 10. Outage occurs if the NodeB transmit power exceeds 10 W

5 Conclusion

The main intention of this paper was to show that we can use well-studied methods for
analyzing the UMTS web traffic capacity. These methods are mostly analytic approaches
or Monte Carlo simulation that rely on a Poisson distributed number of users per cell and
service. By implementing a detailed ON/OFF simulation we could show that the number
of web users concurrently transmitting on the UMTS downlink is binomial distributed for
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the web page scenario with a constant number of web users downloading web pages back-
to-back. In the web session scenario where the web users arrive according to a Poisson
process and download a random number of web pages the actively transmitting users
are Poisson distributed. We also compared the ON/OFF simulation with power control,
the simplified time-dynamic activity simulation, and the static Monte Carlo simulation
and could state that they all lead to the same NodeB transmit power distribution. Finally,
we showed how to use the Monte Carlo simulation to derive the web traffic capacity of
a UMTS network with a certain spatial user distribution.
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Abstract It is well known that the large round trip time and the highly
variable delay in a cellular network may degrade the performance of TCP.
Many concepts have been proposed to improve this situation, including
performance enhancing proxies (PEPs). One important class of PEPs
are split connection proxies, which terminate a connection from a server
in the Internet in a host close to the Radio Access Network (RAN) and
establish a second connection towards the mobile User Equipment (UE).
This connection splitting can be done either purely on the transport layer
(TCP proxy) or on the application layer (HT'TP proxy in the case of web
traffic). While it is clear that an application layer proxy also infers the
splitting of an underlying transport layer connection, the performance
of applications may be essentially different for both approaches. In this
paper, we first study the general impact of a split connection proxy on
TCP bulk data transfer. We then focus on the case of web traffic and
investigate the TCP connection behavior of the Mozilla web browser.
Based on this, we study the performance of TCP and HTTP proxies
in UMTS networks under different scenarios and for different HTTP
configurations.

1 Introduction

The access to the World Wide Web is one of the most important applications
in today’s Internet. Since UMTS networks provide much higher data rates com-
pared to GSM-based cellular networks, surfing the Web is expected to be a very
promising service. The characteristics of mobile networks differ from fixed net-
works due to the error-prone radio channel and terminal mobility. Therefore, it
is important to understand how wireless web access can be improved. This usu-
ally requires cross-layer optimization of all involved protocol layers, in particular
including the transport layer.

There are two main approaches to address this issue: First, the performance
can be optimized end-to-end by using well-tuned protocol mechanisms, i.e. by

G. Kotsis and O. Spaniol (Eds.): Mobile and Wireless Systems, LNCS 3427, pp. 36-E1] 2005.
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using optimized TCP versions. This typically requires modifications in the proto-
col stacks in the end-systems and is thus difficult to deploy in the global Internet.
Alternatively, a performance enhancing proxy (PEP) [3] can be used between
the radio access network and the Internet. These proxies can operate at different
protocol layers. In the case of web traffic, the proxy can either operate at the
transport layer (TCP proxy) or at the application layer (HTTP proxy). While
HTTP proxies are already present in todays networks, TCP proxies have not
been deployed yet. However, a number of approaches have been presented in
literature, such as Indirect TCP [I] and Multiple TCP [20)].

In [6], Chakravorty et al. evaluated the WWW performance in GPRS net-
works by means of measurements. A comprehensive discussion of proxies in gen-
eral, and how TCP proxies can improve the throughput of a TCP download
session can be found in [13]. After a brief study of the impact of PEPs on TCP
bulk data transfer, we focus on the WWW as an application in this paper.
Consequently, we do not limit ourselves to the transport layer only. Instead,
we explicitly take into account the behavior of the WWW application, i.e. the
way TCP connections are handled by web browsers. In particular, we study
the behavior of the Mozilla web browser with different HTTP configurations
and evaluate the performance gain of TCP and HTTP proxies compared to a
non-proxied scenario by means of emulation.

This paper is organized as follows. In section[2], we give a brief survey of PEPs.
In section Bl we describe the scenario and the emulation environment used for
our studies. Next, we present and discuss the results for the case of FTP and
WWW traffic in section B and section Bl respectively. Finally, we conclude the
paper in section [6l.

2 Performance Enhancing Proxies in Mobile Networks

The use of PEPs in mobile networks has been studied extensively. Most of the
research has been motivated by the fact that TCP does not perform well in
the presence of non congestion related packet loss. On the other hand, e.g. in
UMTS, for PS traffic over DCH, the RLC layer can be configured to provide
excellent reliability by using Forward Error Correction (FEC) and Automatic
Repeat reQuest (ARQ). Furthermore, the UTRAN ensures in-order delivery. As
a consequence, well-configured TCP connections [12] hardly benefit from PEPs
which perform local error recovery and in-order delivery [13]. However, UTRAN
error protection comes at the cost of higher latency and delay jitter [14].

High latencies and high bandwidth delay products are a challenge for TCP.
First, the connection establishment takes longer. Second, if the bandwidth delay
product is greater than the transmitter window size, the pipe between server and
client cannot be fully utilized by the TCP connection. The transmitter window
size is reduced at the start of a TCP connection (Slow Start), but also after a
Retransmission Timeout (RTO), which causes the system to perform Slow Start
followed by Congestion Avoidance. Furthermore, the transmitter window size
may never exceed the advertised window size of the receiver which may be re-
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duced, e.g. due to buffer problems in the receiver. Beside these issues, round trip
delay jitters in the order of seconds can trigger spurious TCP timeouts, result-
ing in unnecessarily retransmitted data [I7]. In the following, we will give a brief
overview how these problems can be mitigated by different proxy concepts [3].

2.1 Protocol Helpers

Protocol helpers are able to add, manipulate, resort, duplicate, drop or delay
messages. This includes data messages as well as acknowledgments. However,
they neither terminate a connection, nor modify user data. The classical ex-
ample for a protocol helper is the Berkeley Snoop Protocol [2], which buffers
unacknowledged TCP segments and retransmits them locally in the RAN in
case of a packet loss. Moreover, acknowledgments are filtered in order to hide
packet losses from the TCP sender. However, e.g. for UMTS DCH channels, such
a local recovery is done much more efficiently by the UMTS RLC layer.

Protocol helpers have also been proposed to improve TCP performance in
the presence of spurious timeouts, either by filtering redundant segments [I§],
by buffering of acknowledgments [7] or by manipulating the receiver advertised
window [4]. However, none of these approaches can mitigate problems caused by
high bandwidth delay products.

2.2 TCP Proxies

A TCP proxy is an entity which, from the perspective of an Internet server, is
located before the RAN. It splits the TCP connections into one connection in
the fixed network part and one connection in the mobile network part. TCP
proxies are a well-known approach to improve TCP performance in wireless net-
works [1}20] and have extensively been studied in literature. For instance, Meyer
et al. [L3] showed that a TCP proxy can significantly improve TCP throughput,
especially in case of high data rates (i.e. 384kBit/s in UMTS).

TCP proxies shield the mobile network from potential problems in the Inter-
net. Usually, the transmission delay in the fixed network part is much smaller
compared to the delay in the mobile network. Hence, a TCP connection in the
fixed network part recovers much faster from packet losses. Another advantage
is the high flexibility, since TCP proxies can be modified without great effort.
In particular, the PEP’s TCP sender directed towards the wireless link can use
optimized algorithms, which might not be suitable for the worldwide Internet.

2.3 HTTP Proxies

HTTP proxies are well understood and commonly used in wireline networks.
Typically, the user can decide whether a proxy shall be used by configuring the
web browser accordingly. As with all application layer proxies, HTTP proxies
split the underlying transport layer connections. Additionally, they cache fre-
quently accessed data and thus may reduce page loading timedd. The proxy

3 Note that this might not be possible for dynamic pages
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reduces the number of DNS lookups over the wireless link as it can perform
these lookups on behalf of the web browser. If the persistence feature in HTTP
is activated, it may also reduce the number of TCP connections, since the user
equipment usually accesses the same proxy for the duration of a session. It can
then maintain one or several persistent TCP connections to that proxy, as com-
pared to several shorter lasting connections when connecting to different servers
in the Internet. This highly improves the performance as the overhead of con-
nection setup is removed and the connections are less likely to be in slow start.

2.4 Implications of Using PEPs

All PEPs violate the end-to-end argument and the protocol layering, two funda-
mental architectural principles of the Internet [3]. They require additional pro-
cessing and storage capacity and have limited scalability. Furthermore, a proxy
is an additional error source, and end-systems might not be able to correct errors
occurring within a proxy. The location of a PEP within the network architecture
has to be chosen very thoroughly since it might be necessary to transfer state in-
formation if the route from the user equipment to the Internet changes. Finally,
proxies are not compatible to encryption and digital signature on the IP-layer,
i.e. IPsec. This implies that a PEP might also prevent the usage of Mobile IP.
Border et al. disadvise proxies that automatically intervene in all connec-
tions [3]. Instead, it is recommended that end users should be informed about
the presence of a proxy and should have the choice whether to use it or not.
Such a procedure would favor the deployment of application-specific proxies.

3 Scenario and Simulation/Emulation Environment

3.1 Network Scenario and Simulation Environment

The basic scenario is shown in Fig.[ (top). We consider a single-cell environment,
where the User Equipment (UE) on the left side connects to the Node B via a
256kBit/s dedicated channel (DCH) in the uplink and the downlink direction.
The Node B is connected to the Radio Network Controller (RNC), which itself
is connected to the Internet via the 3G-SGSN and 3G-GGSN of the cellular
system’s core network. Finally, the UE establishes the data connection with a web
server in the Internet. The Internet and core network were assumed to introduce a
constant delay Tinet and randomly lose IP packets with a probability of Ploss. The
UTRAN was modeled in detail with all its relevant protocols and parametrized
according to the optimal parameters found in [14]. It was implemented using
the event-driven simulation library IKR SimLib [9]. The loss probability for a
MAC frame on the air interface was set to 0.2 and 0.1 in the down- and uplink,
respectively. As indicated in Fig. [ (bottom), we assume the TCP and HTTP
proxy to be located somewhere within the core network, where the delay and IP
loss probability from the proxy towards the UTRAN is zero.
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3.2 Emulation Environment

The previously described scenario is mapped to the emulation setup shown in
Fig. 2, which consists of four standard Linux-PCs. The heart of the emulation
setup is the UTRAN emulation, which is based on the emulation library devel-
oped at the IKR [16]. IP packets are sent from the server-PC, which runs an
Apache 1.3.29 web server, to the emulator. The emulator delays (and possibly
drops) the IP packets according to the same Internet and core network model
which is used for the simulation. Afterwards, the packets may be forwarded to the
proxy-PC, which runs a Squid 2.5 HTTP proxy or a hand-written TCP proxy.
Finally, the emulator delays the IP packets according to the UTRAN model and
forwards them to the client-PC, which runs a Mozilla 1.6 web browser. Note
that, in contrast to the model described in the previous section, there is a small
delay due to the networking overhead between the proxy PC and the emulation
PC. This is an acceptable circumstance, since the delay within the UTRAN is
several orders of magnitude higher.

The Mozilla web browser was automated using an XUL-script, which auto-
matically surfs a given list of web-pages. A new page was requested from the
web server two seconds after a page and all its inline objects were completely
loaded and displayed. The cache size of Mozilla was set to 1MByte, which is
large enough to cache small images, such as arrows and bullet points, during one
list cycle but too small to cache pictures belonging to any actual content.

To a large extend, Apache and Squid were run with its default configurations.
Squid’s pipeline_prefetch option, which supposedly improves the performance
with pipelined requests, was turned on for all scenarios with activated HTTP
pipelining. In a first trial, Squid was run in proxy-only mode, i.e. with deactivated

UTRAN Core Network
@ w
RNC SGSN [ GGSN Server
%

< Detailed UTRAN model -l Fixed Delay and Drop Probability -

‘ TINetv PIoss
' UTRAN Core Network

RNC SOCOn | CGSN w Server
TCP/HTTP
Node B L Proxy
- Detailed UTRAN model »le 2610 delay V‘Fixed Delay and Drop Probabilityr
‘ TINeN Ploss

Figure 1. UMTS scenario without (top) and with TCP or HTTP proxy (bottom)
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caching functionality. In a second trial, 1MByte of disc cache and 1MByte of
memory cache were added, which again is large enough to cache small objects,
but too small to cache actual content during one list cycle. Additionally, the
Squid cache was forced to always use the objects from its cache, regardless of
the expiry date reported from the web server. This implies that objects are only
removed from the cache due to its limited storage capacity. We believe that this
configuration quite well imitates the situation of a highly loaded proxy which
has to serve millions of pages per day to many different users.

In contrast, the hand-written TCP proxy simply opens another TCP con-
nection towards the server for each incoming connection from the client, and
directly writes any data received from either side to the respective other socket.

Throughout our paper, we do not consider DNS lookups. On the one hand,
DNS lookups can impose a significant waiting time at the beginning of a page
load, especially if the network’s Round Trip Time (RTT) is large (as it is in
mobile networks). On the other hand, they have to be done only once upon the
first access to a particular server within a session. Therefore, their frequency is
hard to determine and model. We will therefore omit the effect of DNS lookups.
As DNS lookups can be done by application layer proxies very efficiently, we
have to keep in mind that this simplification favors scenarios with no proxy and
with a TCP proxy.

3.3 FTP Service Scenario

In this paper, we investigate FTP traffic by means of simulation, where we
only consider downlink bulk data transfer. The TCP flavor was NewReno with
activated window scaling. For TCP bulk data transfer, it is sufficient to consider
the TCP proxy case, since an application layer proxy (i.e. bulk data transfer
over HTTP or FTP) would essentially yield the same results.

3.4 WWW Service Scenario

Since WWW traffic is very difficult to model for a simulative study, we chose to
investigate it by means of emulation. For that purpose, we created a snapshot

Client Emulation Proxy
(Moxzilla 1.6 web-browser) (UTRAN) Squid 2.5 HTTP-proxy, TCP-proxy  (Apache 1.3.29 web-server)
100MBps 100MBps
—o| [*Eremer “=J0| [* Ewemet ~F—]° —Jo
_ = - -

/ 100MBps /

Ethernet

Figure 2. Emulation Setup
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of the web-site www.tagesschau.de and related sites on the local web server.
Figure B shows the histogram of all inline images contained on all web-pages
within one Mozilla list cycle. This histogram counts identical images on one
particular web-page multiple times. Additionally, Fig.[3 contains the histogram
of the number of actually transferred images, which are less due to the browser’s
internal cache. As it is the case with most web-sites, there is a strong tendency
towards many small helper images, such as transparent pixels, bullet images and
the like. Figure[d shows the distribution of objects across the different involved
domains. Additionally, the figure shows the distribution of the GET requests
issued to the different domains within one list cycle. The majority of accesses goes
to the main tagesschau.de-server. In addition, several web-pages and inline
objects are fetched from related regional web-sites, such as ndr.de for news
from northern Germany or swr.de for news from southern Germany. Moreover,
there are several accesses to web-servers responsible for tracking access statistics
(ivwbox.de, stat.ndr.de).

4 FTP Results

In this section, we evaluate the performance of a downlink bulk data transfer in
dependence of the loss probability Poss and the delay Tinet in the fixed network
part. Figure Bl shows the total TCP throughput plotted over the delay Tinet
for different loss probabilities P,ss and the two cases with and without proxy.
Without a TCP proxy, the throughput dramatically decreases if the fixed net-
work exhibits packet losses. Even for as few as 0.5% of lost packets in the fixed
network, the throughput is reduced by more than 10%. If a TCP proxy is used,
the situation is completely different. Now, the system can recover from packet
losses in the fixed network part much quicker. Consequently, the TCP through-
put remains at a high level for low to medium loss probabilities Pogss. Only for



Performance of Different Proxy Concepts in UMTS Networks 43

30

—— Tinet=0-01ms
. T o = 20ms
o5 ith TCP-proxy T'NeL om
T
N ——— Tj\e = 100ms
1\ INet
%, b \S,
< 20| ]
R X
pey \\ﬁ\ X
3
£ 15[\
s WS :
2 NS
= BARN
d 10
(D—) Ae\ \,E L
N N
N \\\
) N N
5 |- without proxy. TR oy \
i
B = = S

0

0 0.025 0.05 0.075 01 0.125 0.15 0.175 0.2
P

loss,INet

Figure 5. Performance of downlink bulk
TCP traffic with and without TCP proxy

high loss probabilities or long delays Tinet does the system throughput decrease
again. This goes well along with the results presented in [T3].

5 WWW Results

5.1 TCP Connection Behavior

We will first discuss Mozilla’s TCP connection behavior for different system
configurations. Figure [ illustrates the TCP connection behavior for a direct
connection to the web server with no proxy. The figure shows the duration of
all TCP connections on their corresponding port numbers over the timdd. No
automated surfing was used here. Instead, the main page www.tagesschau.de
was manually accessed at time t=0s, and subsequent subpages were accessed at
times t=40s, t=60s and t=80s. The browser was terminated at t=100s. HTTP
version was 1.1 with deactivated keep-alive and no pipelining. The browser’s
cache was cleared at the beginning of the measurement. This protocol configu-
ration forces the web browser to open a separate TCP connection for each inline
object which results in 414 TCP connections for loading all four pages. This
implicates a considerable overhead with respect to delay and transmitted data,
since each TCP connection needs one RTT to be established and at least one
RTT to be torn down [19]. Especially in networks which exhibit a high RTT,
the performance will suffer from this behavior.

The situation can be improved by activating the HTTP keep-alive feature [§]
(persistent connections). Figure [ shows the new pattern of TCP connections,
with the destination server annotated for each TCP connection. The number
of TCP connections reduces to only 16 in total. Note that TCP connections to
the server hosting the main web-page are kept persistent for a long time, while

4 Note that not all consecutive port numbers are used within the session.
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Figure 6. Timeline of TCP connections with no proxy and no HTTP keep-alive

connections to servers serving inline objects are torn down much faster. However,
this relatively fast connection teardown is not caused by the web browser, but by
the web-server, i.e. the browser has no influence on it. Instead, it highly depends
on the settings of the Apache web server, which provides two main parameters to
control the teardown of persistent connections, namely MaxKeepAliveRequests
and KeepAliveTimeout. The first parameter specifies the maximum number of
objects that may be transmitted over a persistent connection before it is being
closed, while the second parameter indicates the time after which a persistent
connection is closed if it became idle. The default values of these parameters are
100 and 15 seconds, respectively. Since, most likely, there are many web-sites
using the default values, we will use the same values for our studies. Figure [
nicely reflects the value of KeepAliveTimeout for servers serving inline objects.
With HTTP keep-alive, the number of connections reduces, leading to less
overhead with the potential of faster loading times. On the other hand, the
client has to wait for the response from the server for each requested inline
object before it can issue another request. This implies that there may be far
fewer outstanding requests as compared to non-persistent connections, which is
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a potential performance inhibitor in networks with large RTTs. This situation
can be greatly improved by activating pipelining in HT'TP 1.1, which allows the
request of multiple inline objects over the same persistent connection without
waiting for each response.

Finally, we will consider the connection behavior if an HTTP proxy is used.
RFC 2616 [8] states that “talking to proxies is the most important use of persis-
tent connections”. The reason is that multiple different servers can be accessed
via the same persistent client—proxy connection. The connection behavior in such
a scenario is shown in Fig. Bl It is now no longer possible to associate a TCP
connection with a particular server. The chart shows that the number of connec-
tions almost halfened to 9. Again, all but one of the connections that are closed
before the end of the session are terminated by the WWW proxy.

We do not need to consider the case of a TCP proxy here, since it does not
change the semantics of an HTTP connection.

5.2 Page Loading Times

In this section, we investigate the page loading times for ideal Internet conditions.
In particular, we chose Tinet = 20ms and Plogs = 0. Table [, Fig. @ and Fig. 10
show the mean and median of the page loading times for all considered proxy
scenarios and different HTTP 1.1 configurations. For the Squid scenario, we have
provided two values per table cell. The first one was obtained with Squid acting
as a proxy only, the second one with Squid additionally caching web objects.
Since the difference is very small, Fig. @ and Fig. show only the values with
caching enabled.

For the non-proxied scenario and the scenario with a TCP proxy, it is obvi-
ous that HTTP performs best when keep-alive and pipelining is activated, and
performs worst if both is deactivated. In contrast, according to information in
[TT], Squid does not support pipelined requests towards servers very well. While
it accepts pipelined requests from the client side, it transforms them into parallel
requests, where no more than two requests from a pipeline can be fetched in par-
allel. This drawback is reflected in Table [Il since, with pipelining, performance
does not improve compared to the non-pipelined case.

Table 1. Mean values and median of the loading time

no keep-alive keep-alive
Mean | Median Mean | Median

no pipelining 8.2s 6.3s 7.73s 5.95s

pipelining - - 6.22s 1.06s | O PrOxY
no pipelining 8.56s 6.47s 8.22s 6.16s

pipelining — — 6.74s 4.94s TCP proxy
no pipelining| 8.85s / 8.81s | 6.67s / 6.58s | 7.02s / 6.92s | 5.35s / 5.26s .

pipelining — — 7.095 / 6.91 | 5.4Ts / 5.40s | duid proxy
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When comparing the different proxy scenarios, we can see that a proxy not
necessarily improves the performance. For all considered HTTP configurations,
the TCP proxy worsens the performance compared to the non-proxied case,
which results from the overhead introduced by the proxy. However, the proxy
could significantly increase the performance under two circumstances: First, if
the fixed part of the connection was non-ideal, the TCP proxy could efficiently
recover from lost packets within the fixed part of the network and also mitigate
the effects of long RTTs in the fixed network (see section B3 and [B.4]). The
second circumstance is a proxy with an optimized TCP sender towards the UE.
The most efficient and simple measure hereby certainly is an increase of the
initial congestion window, since a small congestion window will prevent the full
usage of the available bandwidth within the RAN for a relatively long time at
the beginning of a TCP connection. This results from the long RTT in mobile
networks (see [6] for measurements in GPRS networks on this issue).

The same can be said for the Squid scenario and non-persistent HT'TP con-
nections with no pipelining. If keep-alive is activated, we observe a significant
performance increase compared to the non-proxied scenario. This goes well along
with the observations made in section Bl The UE can now maintain persistent
HTTP connections to the proxy, even if the requests are issued across different
servers. This leads to fewer TCP connection establishments and teardowns across
the RAN. If pipelining is activated, the performance in the non-proxied scenario
significantly increases, whereas the performance with Squid remains about the
same. The reason is again the lack of pipelining support in Squid.

Figures[T1] and [[2 show the complementary cumulative distribution function
(CCDF) of the page loading time for the different proxy scenarions with deacti-
vated and activated keep-alive, respectively. Pipelining was deactivated in both
cases. In both diagrams, we can identify three groups of pages. About 40% of all
pages are loaded within 5 seconds. 50% are loaded faster than 12 — 15 seconds,
depending on the scenario. Only 10% or less of all pages take longer than 15
seconds to load. For the case of non-persistent connections, all CCDF's are very
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close together, whereas the performance gain with an HT'TP proxy is well visible
if persistent connections are allowed. In contrast, for the case of persistent con-
nections, there is a noticable difference between the performance of the HTTP
proxy and the other two scenarios. This again reflects the great advantage that
HTTP proxies can take of persistent connections.

We already know that the mean and median of the page loading time be-
comes smaller if persistent connections are activated. However, when comparing
Fig. [ and T2, we can observe a much heavier tail in the CCDF's for persistent
connections as compared to the non-persistent case. In other words, there are
a few pages that have a significantly longer loading time if persistent connec-
tions are allowed. In fact, the heavy tail is caused by only one page, which is the
main page www.tagesschau.de. This page is characterized by a number of inline
objects well above average. It is a good example of where the more serialized
issuing of HTTP requests with persistent connections reduces performance.

5.3 Internet Packet Losses

Studies of the Internet packet dynamics, such as in [I5], and recent measurements
[T0] reveal that typical IP-packet loss probability on the Internet are on the order
of 0 to 5 percent, or even more in very bad cases.

Figures [[3 and [[4 plot the mean and median of the page loading time over
the Internet packet loss Pogs if keep-alive is activated but pipelining is deacti-
vated. Figure and shows the same but with activated pipelining. Squid
is considered with caching enabled only. As it can be expected from previous
studies (e.g. [13]), the mean and median of the page loading time increase in the
non-proxy case as Plogs increases. It is interesting to observe that this increase
is approximately linear with Ploss.

A similar increase can be observed if a TCP proxy is used. However, the
increase is much smaller. We already noted that the performance with TCP
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proxy is worse compared to the non-proxied case if Ploss = 0. As Poss increases,
the advantage of the proxy becomes obvious, as it outperforms the non-proxied
case for Pss > 0.01. We should expect a similar behavior for an HTTP proxy.
However, we observe a strong performance decrease in the Squid scenario as
Pioss increases. For both HTTP configurations, the Squid performance eventually
drops far below the performance of the TCP proxy. This behavior is not intuitive,
since both proxies split the TCP connection and should be able to quickly recover
from packet losses in the Internet.

The reason for this is the following. In the non-proxied case, for each displayed
page, the web browser has to issue many GET requests to the web server. That
means, persistent HTTP connections are usually busy. Hence, they will not be
closed by the web server due to a timeout caused by the KeepAlive Timeout timer,
but only due to reaching the maximum number of transmitted inline objects on a
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connection. Consequently, the TCP connections will be in congestion avoidance
most of the time, unless multiple TCP packets are lost per RT'T. The same thing
applies to the TCP proxy scenario. In contrast to this, the Squid proxy has an
essentially different connection behavior towards the web server. Since it caches
most of the web objects, the persistent connections towards the web server are
mostly idle and frequently get closed by the web server. This implies that the
connections towards the web server are in slow-start very often. That is, a TCP
connection is more likely to be in slow-start when a packet loss occurs, which
results in long recovery timedd. The final consequence is that the link from the
HTTP proxy to the web server may be idle for quite a long time, while the web
browser is still waiting for objects to be served from the proxy. This eventually
leads to the bad performance in the Squid scenario if packet losses in the Internet
are present.

Squid performance can be improved by setting the Apache parameters Maz-
KeepAliveRequests and KeepAlive Timeout to higher values. Here, we set it to
infinity and 150s, respectively. Now, Apache waits much longer before closing
any persistent connections. Figures [[3] through [I6] contain the measured results
obtained in the Squid scenario, labeled with increased persistency. Looking at
the non-pipelined case, the Squid proxy now behaves as we expect it: the mean
loading times are below or about equal to those of the TCP proxy, which is
intuitive, since the HTTP proxy can cache content. The pipelined case shows
some improvements, but the performance cannot match that of the TCP proxy
due to the reasons discussed in section

5.4 Internet Packet Delay

Finally, we will investigate the influence of the packet delay Tinet in the fixed
network part. Figures [I7 through [[9] plot the mean page loading time over the
loss probability Pjoss for different delays Tine; and the three considered proxy
scenarios. It is obvious, that the mean page loading time must increase as Tinet
increases. It is more interesting to note that, for each scenario, the slope of the
curves is independent of the delay Tinet. That is, the delay Tinet has an additive
impact on the loading times. This indicates that the persistent TCP connections
are mostly in congestion avoidance.

As expected, the advantage of the proxy solutions becomes greater as the
delay Tinet increases. The reason is again the faster recovery from packet losses
in the proxy case, especially if the delay is large. We can also see that an HTTP
proxy can take more advantage of its caching functionality if the delay is large,
as it takes longer to retrieve documents and objects from the actual web server.

6 Conclusion

We investigated the connection behavior of the Mozilla web browser and eval-
uated the performance of TCP and HTTP proxies under typical web traffic in

5 We measured TCP timeout durations of 10s and more.
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an UMTS environment. Our studies show that proxies do not increase system
performance by default. Instead, the proxy concept and the parameters of all
involved devices must be carefully chosen under consideration of all network
aspects. In the case of a good server connection, HT'TP performs best with
activated keep-alive and pipelining and without any proxy. If the connection
towards the server is bad, the same HTTP configuration in combination with
a TCP proxy delivers best results, whereas the Squid HTTP proxy does not
perform well due to the lack of pipelining support.
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Abstract. The impressive market spread of IEEE 802.11 based Wireless
Local Area Networks (WLANS) is calling for quantitative approaches in
the network planning procedure. It is common belief that such networks
have the potentials to replace traditional indoor wired local networks
and allow flexible access outdoor, eventually competing with classical
cellular systems (GSM, GPRS, UMTS, etc.). The appropriate posi-
tioning of the Access Points (AP) is crucial to determine the network
effectiveness. In a companion paper we argue that previously proposed
approaches to coverage planning neglect the features of the IEEE 802.11
access mechanism, which limits system capacity when access points cov-
erage areas overlap. In this paper we describe the optimization models
with hyperbolic and quadratic objective functions that directly accounts
for system capacity and we propose heuristics combining greedy and lo-
cal search phases. Computational results show that our heuristics provide
near-optimal solutions within a reasonable amount of time.

Keywords WLAN, radio planning, coverage problem, set covering problem,
802.11, wireless hot spots.

1 Introduction

WLAN technology is having a surprising diffusion in the market of telecommu-
nications. WLAN hot spots are creeping up day by day and almost all portable
devices like PDAs, laptops etc. come equipped with 802.11 network interface
card and adapters. This amazing success is mainly due to the simplicity of the
solution, its cost effectiveness, and, last but not least, the increasing demand for
”anywhere, anytime” connectivity. A WLAN is basically constituted by one or
more wireless Access Points (APs) connected to the backbone network which
provide wireless connectivity to the covered area.

In many situations, the deployment of a single AP is not enough to provide
the required connectivity. As an example, large facilities, such as an office com-
plex, apartment buildings, hospitals, university campuses, or warehouses gener-
ally require many cooperating APs in order to provide the required services to
the end users.

In order to access the network, a user terminal needs to receive the radio
transmission of an AP at an adequate level of power. A simple way to plan radio

G. Kotsis and O. Spaniol (Eds.): Mobile and Wireless Systems, LNCS 3427, pp. 52-65] 2005.
(© Springer-Verlag Berlin Heidelberg 2005
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coverage is to consider a set of possible positions of user terminals (Test Points,
TPs) in the service area and a set of AP candidate sites (CSs). A subset of CSs
in which to install APs has then to be selected so as to guarantee a high enough
signal level at all TPs. The problem of minimizing the number of candidate
AP sites that are able to cover all TPs amounts to a well-known combinatorial
optimization problem, namely the minimum cardinality set covering problem [2].
This problem is N P-hard and heuristics are usually adopted to obtain sub-
optimal solutions.

However, not all feasible solutions (subsets of AP candidate sites that are
able to cover all TPs) provide the same system capacity and level of service.
Due to the WLAN medium access mechanism, if a user terminal is covered by
more than one AP and is transmitting/receiving to/from one of them, the other
APs are prevented to transmit/receive to/from other users [5]. Therefore, the
overlaps between the subsets of TPs covered by different APs should be taken
into account during the radio planning phase.

Classical methods for coverage planning based on random search heuristics
can be applied to the problem [4]. In [6] the authors propose a formulation driven
jointly by the maximization of the signal quality in the service area and by the
minimization of the areas with a poor signal quality. The objective function
comes from a combination of the above objectives. Rodrigues et al. [§] propose an
integer linear programming (ILP) formulation in which the signal quality at the
test points is maximized. This formulation, which does not require full coverage,
is solved by using the state-of-the-art CPLEX ILP commercial solver. In [7] a
traffic intensity is assigned to each TP and a formulation aimed at maximizing
the channel utilization of each AP is proposed. This formulation turns out to
be a special case of the capacitated facility location problem. In general, all the
above-mentioned works focus on the problem of achieving high coverage level in
terms of received signal quality. Very few of them consider network capacity as
an optimization objective.

In [I] we proposed novel mathematical programming formulations for the
WLAN planning problem which take into account the coverage overlap between
APs and its impact on the network capacity. In particular, we formalized the
planning problem by using hyperbolic and quadratic objective functions. Since
the proposed formulations are hard to (/N P-hard) tackle, in this paper we show
how the special underlying structure makes it possible to devise effective heuris-
tics based on combined greedy and local search procedures to provide near-
optimal solutions within a reasonable amount of time. After briefly describing
the formulations, the heuristics are presented in Section[3 Computational results
are reported and discussed in Section Ml and concluding remarks are contained
in Section

2 Planning Problem Formulations

The access mechanism of IEEE 802.11 WLANSs is based on the "listen before
talk” approach, i.e., each station willing to use the shared resource listens to
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the channel for ongoing communications before attempting its own access. If the
channel is sensed busy the station refrains from transmitting (Carrier Sensing
Multiple Access, CSMA).

The peculiar characteristics of the 802.11b access mechanism affect the cov-
erage planning process and the planning procedure should take into account the
incidence of overlapping regions, beside all the other optimization parameters.

In [1] the planning problem is formalized as follows. Let J = {1,...,n}
denote the set of the indices of the candidate sites to host access points and
I = {1,...,m} be the set of users’ indices. For each j € J a subset of users
I; C I is given. This subset represents the users which can use the access point
j. A second family of subsets I ;, j € J, representing the users affected by the
interference of access point j, can be also defined. As a matter of fact, the IEEE
802.11-powered devices work with two thresholds on the received power: a carrier
sensing threshold, which is used in the channel sensing phase, and the receive
threshold, which defines the correct reception of a packet on the wireless channel.
Namely, if the power on the channel is above the carrier sensing threshold, any
device refrains from transmitting,and if a self-destined transmission is received
with a power level above the receive threshold, the transmission can be correctly
captured by the receiver. The value of the carrier sensing threshold is generally
lower than the one of the receiving threshold. I j’ represent the set devices which
whose transmissions are received by device j with a power level above the carrier
sensing threshold, whereas I; is the set of devices whose transmissions are re-
ceived by j at a power level above the receive threshold value. Clearly I; C I ]’ In
the following we consider I; = I ]’ in order to ease the formulation of the planning
problem, i.e., we assume that the carrier sensing threshold coincides with the
receive threshold. The proposed formulations still hold two separate thresholds
are considered.

Further, we assume that each user is connected to a single AP whose capacity
is shared by all users within its coverage range. Without loss of generality, we
assume that the overall capacity of an AP is equal to 1. However, due to the
multiple access mechanism of the IEEE 802.11 standard, a user that is in the
interfering range of a set of AP blocks the transmissions to/from all APs in this
set. Therefore, we can assume that the fraction of the AP capacity available to
each user is equal to the reciprocal of the number of users in the interference
range of the set of APs the considered user can interfere with. The focus of our
work is not on the accuracy of the capacity of a WLAN, since this rather complete
and out the scope of this paper. On the other hand, we try to define a qualitative
measure of the network efficiency to be used in the planning problem definition
which captures some of the features of the IEEE 802.11 access mechanism.

Thus, assuming uniform traffic for all users, the network capacity can be
estimated by the following expression:

1

| Ujesiier; Tl

c(S) =

i€I(S)
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where S C J is the subset of CSs in which APs are installed and I(S) the subset
of users covered that is included in some [;,j € S.

As in any covering problem, the basic decision variables indicate which sub-
sets are included in the solution:

~_ J1lifan AP is installed in j
¥7 71 0 otherwise

To measure the cardinality of the union of subsets containing each element, we
also need the following variables which clearly depend on S (and hence on ’s):

1 if elements 7 and h appear together in some I;
Yih = with j € S
0 otherwise
Consider the usual elements-subsets incidence matrix A where a;; = 1 if
element ¢ belongs to subset j, and 0 otherwise, for each ¢ € [ and j € J.
The hyperbolic formulation of the problem aiming at maximizing the capacity
(Planning Capacity with Hyperbolic formulation, PCH) is:

1

PCH : max ; S (2)
subject to:
Zaijxj >1 1el (3)
J
AijanTi < Yin jeJihel (4)
z; €{0,1} jedJ (5)
Yin = 0 i,hel (6)

where (3]) imposes the complete coverage and (@) defines the variables y;j,.

Since even small-size mathematical programs with hyperbolic objective func-
tions are very challenging (see [3]), the AP location problem can be approximated
in terms of quadratic programming. Consider an arbitrary subset I; in a given
solution S C J. If I; does not intersect any other subset in the solution (or is
the only subset in S), its contribution to the network capacity amounts to 1/|;]|
for each element of I;, which gives a total contribution over all TPs in I; equal
to 1. If a solution contains two subsets I; and I, with an empty intersection,
the contribution to the network capacity due to I; and I, is equal to ¢; + c.
Conversely, if I; and I, do intersect, the above contribution must be decreased
by an amount which depends on the cardinality of their intersection. In partic-
ular, the contribution of the intersection must be subtracted from the capacity
of the two subsets and a new evaluation of the contribution of the intersection
considering the union of the two subsets must be added to the capacity measure.
To estimate the decrease in network capacity due to the overlapping between a
pair of selected subsets I; and I, we define the coefficients:

_|Ijﬁ]g‘ _ ‘Ij ﬂ]g‘ ‘Ij ﬂ]g|
175 Lo [1; U I

(7)

qje =
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Note that these coefficients assume values between -1 (when I i CLyor I, C1I j)
and 0 (when the two subsets are disjoint) and are symmetric, that is gje = gy;.

The problem of locating APs so as to guarantee full coverage can then be
approximated by the following quadratic program:

QPC : max %Z Z qjeT;Te + Zﬂﬂj (8)

JEJT LET L] jeJ
subject to:
Zaija:j >1 1€l (9)
J
xz; €{0,1} jed (10)

which turns out to be an interesting Quadratic set Covering Problem. It is worth
noting that this formulation contains a substantially smaller number of variables
than the hyperbolic one. Moreover, it is easy to verify that the objective function
coincides with the network capacity if each TP belongs at most to two different
selected subsets I; and it provides a lower bound if I-tuples (I > 2) of selected
subsets have a non-empty intersection. Figure[llshows a case where the quadratic
objective function provides lower network capacity than the hyperbolic one.
Three access point are installed, each one serving one test point. Furthermore,
a test point point falls in the transmission range of all the three access points.
The value of the hyperbolic objective function is 1/24+1/2+1/2+1/4 =7/4,
where 1/2 is the contribution to network capacity of the test point covered by
one access point only, and 1/4 is the contribution due to the test point in the
overlapping region.

Fig. 1. Network configuration with multiple overlaps

On the other hand, the value of the coefficients gj; defined in Equation [ is
—4/9 for each j and ¢, thus the quadratic objective function (see Equation B) is
3x(1—2/3) = L.
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3 Heuristics

Since the two above formulations are hard to tackle even for small instances,
we developed effective heuristics able to provide near-optimal solutions in a
reasonable amount of time.

All proposed algorithms are composed of two phases: in the first one a greedy
approach is used to build a feasible solution and in the second one the resulting
solution is improved through local search. The greedy phase starts from a empty
solution and iteratively adds to the current solution the candidate site which
maximizes a certain benefit function. This function measures the benefit achieved
when adding a candidate site to a current partial solution. The benefit function
is adaptively computed for each candidate site that is not yet included in the
current solution.

The general structure of the proposed heuristics can be summarized as fol-
lows:

PROCEDURE Heuristic(A)
S = 0;
BuildUpSolution(A, S);
LocalSearch(S);
RETURN(S)

END Heuristic

where S is the set of candidate sites in which APs are installed and A is the
incidence matrix defined in Section 2l Function BuildUpSolution implements the
greedy phase of the heuristic which iteratively converges to a feasible solution
S. Function LocalSearch refines the solution S through a local search.

3.1 Greedy Phase

The greedy phase of the proposed heuristics starts off from a NULL solution
(S = 0) and keeps adding iteratively one CS at a time. The procedure stops
when all the TPs are covered by the CS in set S. At each iteration, the CS which
maximizes a greedy benefit function is added to the solution. A pseudo code
implementation of the greedy procedure is reported hereafter:

PROCEDURE BuildUpSolution(A, S)
Best_CS = PickBestCS(A);
S =S U Best.CS;
Covered_TPs = Covered_ TPs U I_Best_CS;
WHILE Covered TPs != ALL_TPs
GreedyStep(A, Covered_TPs,S);
END BuildUpSolution;

The function PickBestCS chooses the first CS to be added to the solution.
The idea is to choose the AP whose coverage area has the smallest overlap with
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the coverage areas of all the other CS. The pseudo code of this function is not
reported for the sake of brevity.

The GreedyStep function, which represents the core of the greedy phase,
returns the next CS to be added to the solution set. The pseudo code of this
function is the following:

PROCEDURE GreedyStep(A, Covered TPs, S)
MaxFunction = 0;
DO FOR j ¢ S
IF Benefit_ function_j > MaxFunction;
CS_ToAdd = j;
MaxFunction=Benefit function_j;
FI
0D
S =S U CS_ToAdd;
Covered TPs = Covered. TPs U I_CS_ToAdd
END GreedyStep;

where I_CS_ToAdd following the notation of Section [2is the set of TPs covered
by the j-th CS.

The CS to be added to the solution is the one with the highest benefit function
which is calculated as follows:

Aor
ATP,

Benefit Function_j =

where Apr denotes the increase in the objective function if an AP is added in
CS j and AT P; the corresponding increase in the total number of TPs covered.
The greedy algorithm is adaptive since both Apr and AT P; are re-calculated
at each iteration.

Since each iteration adds to the solution a CS which covers one TP at least,
the procedure BuildUpSolution requires min(n,m) steps to converge at most,
where n and m are the TP number and the CS number respectively.

3.2 Local Search

The local search phase takes as input the solution S provided by the greedy
phase and tries to enhance it. In particular, the neighborhood of solution S is
explored to check for the presence of a better solution. In our case, starting from
S we eliminate first one, then two CS belonging to S itself and we apply to the
perturbed solution S, the BuildUpSolution procedure described in the previous
section. The final solution S* is the one with the highest objective function,
otherwise S* = S.

The pseudo code of the local search is:
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PROCEDURE LocalSearch(A,S)
Max0OF=ComputeOF (A, S);
DO
Enhanced=FALSE;
DO FOR j € S
s=5\ {3}
Covered TPs = Covered TPs \ {I_j};
BuildUpSolution(A,Covered TPs,S);
NewOF=ComputeOF (A,S) ;
IF NewOF > MaxOF
MaxSOL=S;
Max0F=NewQF
Enhanced=TRUE;
FI
DO FOREACH i IN S AND i>j
s =5\ {i.3};
Covered TPs=Covered TPs \ {I_i, I_j};
BuildUpSolution(A, Covered_TPs,S);
NewOF=ComputeOF (A, S);
IF NewOF > MaxOF
MaxSOL=S;
Max0F=NewOF
Enhanced=TRUE;
FI
0D
0D
IF Enhanced
S=MaxSO0OL;
FI
WHILE Enhanced;
END LocalSearch;

Obviously the function ComputeOF has different implementations according
to the formulation of the planning problem we are applying the heuristic to
(hyperbolic, quadratic).

The same heuristic approach can be extended with slight modifications to
hyperbolic and quadratic formulations of the planning problem without full cov-
erage constraint. For the sake of brevity, the details of this extension are not
described in this paper.

4 Computational Results

Firstly, we have tested the effectiveness of the above algorithms on synthetic
instances representing WLANS in order to gather information on the quality of
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the models and the proposed heuristics. Secondly, we have used the proposed
approach to plan the positions of 802.11 APs at the Telecommunications Section
of the Department of Electronics and Information (DEI) of the Politecnico di
Milano.

4.1 Analysis of Synthetic Instances

The synthetic instances generation software takes as input the following param-
eters:

— the edge of the square area to be simulated (L)

— the number of Candidate Sites (C'SNumber), i.e., the positions where a AP
can be installed

— the number of Test Points (TP Number), i.e., the end users

the value of each AP’s coverage range, expressed in meters (7).

Each AP is assumed to have a circular coverage region with radius r.

According to the above parameters, the generating tool randomly draws the
positions for the C'S Number candidate sites and of the TP Number test points.
An instance is not feasible when no solution covering all the T'Ps can be found. In
order to generate feasible instances, the generator does the following: firstly, the
positions of the C'S are randomly generated within the simulated area, secondly
each TP is forced to belong to the coverage range of one C'S at least.

Using the tool described above we have generated a set of “uniform” instances
where all the APs to be installed have uniform value of coverage radius r. All
the results in the following have been obtained averaging on 10 instances of the
same type.

The first step of our analysis is to test the effectiveness of the proposed
approaches by comparing their results with the optimum values of the two ob-
jective functions, hyperbolic and quadratic. Since the quadratic and hyperbolic
problems are solved at optimum by enumeration, we are forced to limit the
comparison to relatively small uniform instances with C'S Number = 10, 20.

Table [l reports the comparison between the optimum values of the different
objective functions and the ones obtained through the heuristics. The optimal
values have been obtained through enumeration. The results have been compared
when varying the number of CS (10,20) and the value of the coverage radius
(r = 50,100, 200m). The number of TP to be covered is set to 100.

The left hand part of the table, named OPTIMU M reports the optimum
values of the hyperbolic (PCH) and quadratic (QPC') objective functions. The
other two parts on the right report the results obtained applying the heuristic
approach to the hyperbolic and quadratic formulation respectively. The solution
providing the heuristic optimum for one formulation is used to calculate the
objective functions of all the other formulations. For example, referring to the
part of the table named H FURISTIC PCH, the column with the terms in bold
reports the value of the PCH objective function when looking for a heuristic
solution for the PC'H problem, while the column named @ PC reports the value
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Table 1. TPNumber=100, uniform instances, randomly generated positions of CS
and TPs within 1Km edge square area, comparison between the optimal values of the
objective functions and the values calculated by the hyperbolic and quadratic heuristics

OPTIMAL |HEURISTIC PCHHEURISTIC QPC

PCH QPC PCH QPC PCH QPC
r=50m | 9.334 9.323 9.334 9.323 9.334 9.323

CS=10 r=100m| 7.424 7.262 7.424 7.251 7.424 7.262
r=200m| 4.344 4.06 4.344 3.708 4.338 4.06
r=50m (17.187 17.105 |17.187 17.105 17.187 17.105

CS=20r=100m|12.243 11.852 |12.243 11.508 12.243 11.812
r=200m| 5.494 5.238 5.47 4.71 5.407 5.192

of the Q PC objective function computed using the heuristic solution of the PCH
problem. Same thing for the part of the table named HEURISTIC QPC.

In most cases the heuristics come out with the optimum values of the ob-
jective function. A slight discrepancy from the optimum just happens for high
sized instances (C'S = 20) and high coverage radius (r = 200m). In these cases
the number of feasible solutions is greater and the heuristic approach presents
slight differences with respect to the optimum.

Once validated the effectiveness of the proposed heuristics in predicting the
optimum values of the hyperbolic and quadratic objective functions, let’s com-
pare the results obtained with the heuristics themselves and the classical mini-
mum cardinality set covering approach. The Set Covering Problem (SCP) aims
at minimizing the cost of installed CS with the full coverage constraint. In our
case all the CS are supposed to have the same installation cost, thus the SC'P
tend to install the smallest number of CS, without considering network capacity
in the objective function definition.

Table [ reports the values of the objective functions calculated with the
optimum solution of a classical set covering problem. On the other hand, Tables
and [ report the values of the objective functions when running the hyperbolic
and quadratic heuristics respectively. All the three tables[2, Bl and Erefer to the
case where 300 Test Points are deployed within the simulation area. As in Table
[, the solution obtained solving one particular formulation is used to calculate
the values of the objective functions of the other two formulations.

From the tables, the classical set covering approach does install a smaller
number of Access Points than the heuristic approaches. On the other hand, the
set covering solutions provide smaller values of capacity. The difference between
the two planning approaches appears clear: on one side the set covering tends
to optimize the installation costs, thus reducing the number of installed APs, on
the other side our approach privileges solutions with higher network capacities.
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Table 2. TPNumber=300, uniform instances, exact solution of the set covering prob-
lem

Radius| PCH QPC SCP

50m | 24.1 239 28.9
CS=30( 100m |14.196 12.63 23.1
200m | 5.23 4.588 9.7
50m |29.799 29.372 38
CS=40| 100m |15.34 13.502 26.6
200m |5.368 4.86 9.5
50m |34.047 33.359 44.8
CS=50| 100m |16.49 14.945 27.8
200m |5.278 4.714 9.5

Table 3. TPNumber=300, uniform instances, values of the various objective functions
calculated with the solution of the hyperbolic heuristic

Radius| PCH QPC SCP
50m 24.2 24  29.1
CS=30| 100m | 14.3 12.548 24.1
200m | 5.7 4.089 114
50m |29.943 29.49 38.3
CS=40| 100m |15.76 13.639 27.9
200m |5.995 4.509 11.8
50m (34.216 33.233 46.1
CS=50{ 100m | 17.1 14.642 30.1
200m |6.286 4.765 12.3

4.2 Planning a Real Environment

Once acquired a feeling on the quality of the proposed planning models and
heuristics, we show hereafter the results of the WLAN planning procedure of the
Telecommunications Section at the Department of Electronics and Information
of the Politecnico di Milano.

Figure [ reports the area to be covered with the feasible CS positions and
their correspondent coverage radii (R). That area is composed of 18 offices occu-
pied by faculties and PhD students, and a square Open Space area with several
workstations dedicated to master students. As in the previous section, we assume
a simplified propagation model according to which each CS covers a circular area
with radius 7.

The positions of the TPs are chosen according to the following rules:

— Four people occupy each office on average, thus four TPs are randomly po-
sitioned in each office.

— Thirty master students occupy the Open Space on average, thus thirty other
TPs are randomly positioned in the Open Space.
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Table 4. TPNumber=300, uniform instances, values of the various objective functions
calculated with the solution of the quadratic heuristic

Radius| PCH QPC SCP

50m 24.2 24.005 29.1
CS=30| 100m [14.249 12.766 23.6
200m | 5.671 5.192 10.6
50m |29.943 29.517 38.2
CS=40| 100m |15.603 14.162 27.3
200m |5.902 5.529 10.9
50m [34.211 33.58 45.6
CS=50| 100m |[16.859 15.644 29.1
200m |6.174 5.869 11

@ Coverage radius 7.15m A Coverage radius 15 m
O Coverage radius 16 m @ Coverage radius 17.2m

wzl

7m

315m 15m

Fig. 2. Area to be covered through a WLAN

Fig. 3. Positions of the installed Access Points in the two cases of PCH and SCP
approach
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The results of the planning procedure with the full coverage constraint are
presented in Figure B which shows the APs actually installed when solving at
optimum the PCH and the classical SCP models. The quality of the solutions in
terms of network capacity, and number of installed APs is reported in Table Bl
The results have been obtained averaging on ten instances of TPs’ positions.

Table 5. Planning the Telecommunications Section. Comparison between the PCH
and the SCP approaches

Capacity|# APs
PCH| 5.649 7
SCP| 1.913 3

As expected our capacity oriented approach does provide a WLAN with
higher capacity with respect to the classical SCP approach, which, on the other
hand, tends to install a smaller number of APs.

5 Concluding Remarks

We have addressed the problem of coverage planning in WLANSs, which is start-
ing to attract the attention of both industry and research community. In par-
ticular, we have proposed and analyzed effective heuristics to tackle hyperbolic
and quadratic formulations of this problem which aim at maximizing the overall
network capacity. Our combined greedy and local search algorithms turn out
to provide near-optimum solutions in a reasonable amount of computing time.
In contrast, the classical approach based on the minimum cardinality set cov-
ering problem tends to yield networks with poor overall capacity. This stresses
the need for appropriate planning models and procedures that are specific to
WLANS.
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Abstract. In this paper, the focus is on the design of an aggregation net-
work for offering high bandwidth services to fast moving users (e.g., users
in trains or cars). The overall considered network architecture consists of
two parts: an access network part and an aggregation network part. The
users in the fast moving vehicles are connected to the access network via
a wireless connection. In the aggregation part, traffic of different users is
bundled together in tunnels, and as the users move from one access net-
work to another access network, tunnels have to move with them. Two
problems concerning this issue are tackled in this paper. The first one can
be described as follows: how to determine the tunnel paths in the aggre-
gation network to meet the fast moving traffic demand of requests while
achieving low congestion and minimizing the network dimensioning cost.
Secondly we need protocols to manage the tunnels by means of configura-
tion and activation at their due time. GVRP (GARP (Generic Attribute
Registration Protocol) VLAN Registration Protocol) and a new GARP
protocol, called G2RP, were designed and implemented as protocols for
the automatic tunnel configuration and activation, respectively. Finally,
the performance of the different algorithms used for the network capacity
planning and the tunnel path determination is compared on basic train
scenarios.

Keywords. Capacity assignment, traffic engineering, mobility support

1 Introduction

Nowadays, a lot of multimedia applications are taken for granted in fixed net-
works. These applications, such as managed home networking, multimedia con-
tent delivery, video phoning and on-line gaming require a high level of Quality of
Service and are generally characterized by high bandwidth requirements. Cur-
rent telecom-operators have mainly designed their broadband networks to cope
with rather static or slowly evolving traffic demands while fast moving traffic
conditions have never been taken into account. The challenge is to design tele-
com networks in such a way that high bandwidth services can be provided to
fast moving users (e.g., in the car or on the train). These networks can typically
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Fig. 1. Schematic representation of considered network architecture, which consists of
an access part and an aggregation part. The designed protocols for tunnel configuration
and tunnel activation are shown as well.

be deployed in metropolitan areas, along railroad tracks or along highways. For
an example of such a network, the reader is referred to [3].

The considered network architecture in our paper is depicted in figure[[l As
can be seen in this figure, the architecture is divided in an access network part
and an aggregation network part. The main difference between these two parts
is that in the access network part, traffic demands from separate users are con-
sidered, whereas in the aggregation network part, groups of users are aggregated
together. We define one or more groups of users per train. The traffic of each
group of moving users is multiplexed in the Access Gateways (AGWs) into a
tunnel. These AGWs provide the connections between the access networks and
the aggregation network. The aggregation of the groups is done by taking the
users together in tunnels in the aggregation network, as depicted in figure [l In
this figure we consider three consecutive time-events: t1, to and t3 on which one
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train is connected to one of the different access networks. The total required
bandwidth for the train is 1 Gbit/s, based on a calculation made in [§]. On ¢,
Tunnel 1 is used to meet the traffic demand of the train. On ¢4, Tunnel 2 is used,
and on t3, Tunnel 3. The aggregation network is responsible for the transport
of aggregated data traffic, by means of high bandwidth tunnels moving at high
speed, between the access networks and service provider (SP) domain such as In-
ternet service providers (ISPs), content providers and telephony operators. The
connection between the SPs and the aggregation network is realized by Service
Gateways (SGWs). The fast moving aspect of the traffic demands (leading to
rapidly moving tunnels) has not been extensively studied for aggregation net-
works. E.g., a detailed description of the UMTS technology in [I1] gives only a
brief description of the used protocols for interaction with the fixed network.

The main problem, tackled in the paper, can be described as follows: how to
calculate and set up dynamic tunnels between the gateways in the aggregation
network to meet the traffic demand of requests while achieving low congestion
and minimizing the network dimensioning cost. In order to automatically invoke
the set-up of the required tunnels and activate the tunnels at their due time, pro-
tocols are required. Two different protocols are designed for handling the tunnel
configuration and activation requests. But first the optimal path for each tunnel
needs to be determined. Therefor a theoretical network capacity planning and
dimensioning model is implemented that optimizes the use of resources under
rapidly moving but quite predictable traffic conditions. Due to the complexity of
the problem, rigorous optimization by means of ILP (Integer Linear Program-
ming [J]) techniques only delivers solutions in a reasonable calculation times
for limited network sizes. Therefore, we present several approaches to shorten
the solution times. The model also includes a path calculation algorithm that is
specifically designed for fast moving user conditions.

Mainly for economical reasons telecom operators [I] tend towards networks
consisting of standard QoS-aware Ethernet switches (IEEE 802.1d [4], IEEE
802.1q [5] & p, IEEE 802.1s [6] compliant). We do not consider satellite or
UMTS technology, due to their respective limitations of latency and bandwidth
for fast moving users. The protocols for tunnel configuration and activation are
implemented for Ethernet aggregation networks. The designed protocols allow to
make optimal use of VLANs (Virtual LANs [3]) to support Multiple Spanning
Trees in the Switched Ethernet networks. In this way network resources are
optimally used.

The remainder of this paper is structured as follows: section Bl describes the
self designed and implemented protocols for tunnel configuration and tunnel acti-
vation and section[3 details the implemented model for optimal network capacity
planning and tunnel path determination. Section [l considers the evaluation re-
sults, found for the considered scenarios, as described in section Bl In the final
part of the paper in section[f, some interesting conclusions are summed up.



Designing Aggregation Networks to Support Fast Moving Users 69

2 Tunnel Configuration and Activation

Based on the determined optimal path for each tunnel, found by the solution
method described in section [B] the tunnels are configured in the network by
means of GVRP (GARP (Generic Attribute Registration Protocol) VLAN Reg-
istration Protocol). At activation time the necessary resources are reserved by
means of the G2RP (GARP Reservation Parameters Registration Protocol) pro-
tocol. This section gives a brief operational description of both protocols. For an
extensive description, the reader is referred to [I0], which also contains extensive
performance measurements of both protocols.

2.1 GVRP

Based on the output of the network dimensioning process, the paths for each
required tunnel are calculated. The path calculation aims at minimizing the
total resource usage by applying optimization algorithms, which are detailed in
the next section. Based on the determined path for each tunnel, these tunnels
are configured in the network by means of GVRP. This protocol automatically
establishes the tunnel path, without reserving the required resources. It is a
GARP compatible protocol (standardized by IEEE 802.1q [5]) and sets up the
tunnel path by means of automatic VLAN registration on every switch of the
network. Due to the fact that GVRP was initially not designed for a VLAN
tunnel, but rather for a sub-tree of the topology, the protocol suffers from a lot
of overhead registrations. To deal with this problem, we developed the ”Scoped
Refresh” extension of GVRP. More details of this extension are also given in [T0).

2.2 G2RP

The main purpose of this protocol is to activate the configured tunnels at their
due time, and de-activate them when they are not needed anymore. Instead of
extending GVRP to support (i) propagation of reservation parameters (band-
width parameters, QoS class, burst size and the size of the time sample win-
dow) and (ii) activation and de-activation of tunnels, a new GARP protocol is
designed. This protocol is called GARP Reservation Parameters Registration
Protocol (G2RP). By separating the configuration of tunnels from the distribu-
tion of reservation parameters, G2RP remains independent of the applied tunnel
configuration mechanism. G2RP is designed according to the GARP standard.
G2RP will translate the activation and de-activation triggers into hardware op-
erations. Basically, the switch hardware (bandwidth shapers, classifiers, queues,
etc.) will be configured according to the reservation parameters for the asso-
ciated configured tunnel. Before any activation takes place, G2RP will consult
the admission control. Admission control is added to keep track of the existing
bandwidth reservations. If at any point along the VLAN tunnel the available
hardware resources are not sufficient to support a specific reservation, the acti-
vation will fail and this will lead to an error indication.
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3 Network Capacity Planning and Tunnel Path
Determination

Subsection B.1] proves the need for a model for optimal network capacity plan-
ning, while subsections and [3.3] details the assumptions concerning the con-
sidered network and traffic parameters. A formal definition of the aggregation
network capacity planning and related tunnel path determination will be pre-
sented in subsection [3.4] Subsection details the developed solution technique.

3.1 Motivation

To prove the need for a model that optimizes the network cost for aggregation
networks under rapidly moving demand requests, we consider a simple problem,
depicted in figure [2. The considered network is part of the network depicted in
figure[T], as we do not consider AGWs 0, 1, 5 and 6. The remaining nodes (7 in
total: (i) one connected to the SGW, (ii) 3 connected to AGWs 2, 3 and 4 and
(iii) 3 core nodes) are connected as shown in figure [l To each of the AGWs, an

Simple solution technique Our solution technique
detecting shortest path from every ILP solution technique gives two
AGW to the SGW; possible solution: one with full lines,
cost = |2 interface cards needed AGW one with dashed lines;

cost = 8 interface cards needed or
33% cheaper

—_0

e}
A/

o e |

el 1 SV T T vrd
w

for tunnel between
SGW and AGW 2

2 — \, b
time
events

t2 t3 t4

Fig. 2. Two different solutions for a simple problem: on the left side a simple solution
technique, on the right are the solutions found by our implemented solution technique.

access network is connected, that provides a wireless connection to the passing
trains. In this simple problem, one single train is considered, starting at AGW 2,
passing AGW 3 and ending at AGW 4. This is visualized at the center of the
figure: the train (depicted with a little circle) is connected to AGW 2 (shown on
the Y-axis) on t5 (time events are indicated on the X-axis). We consider three
consecutive time events, similarly to the situation described in the introduction
of the paper. Intuitively, the best solution seems to be the one which detects the
shortest path from each AGW to the SGW and adds them all to the network
topology. This solution is shown in the left part of figure Pl With respect to the
routing cost, this is certainly the cheapest solution, but does this solution also has
the cheapest network cost? The found solution needs 12 interface cards installed
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over the network, which is more than the solutions found by our developed
method, as they only need 8 interface cards around the network. This means
a total reduction of 33% in network cost. But still, two possible solutions are
found by the developed model, the first one is depicted with full lines in the
right part of figure[2 the second solution with dashed lines. The overall optimal
solution depends on other model parameters, namely the availability of types of
interface cards, the maximum number of interface cards and ports per node, the
importance of routing cost with respect to the network cost, etc. If all types of
interface cards are available and no limit is set to the number of interface cards
and ports per node, the solution with the dashed lines will be the optimal one.
However, if the maximum number of ports per node is limited to 2, the solution
with the dashed lines is no longer possible and only the solution with the full
lines will be appropriate.

3.2 Network Model

For now, we assume a network with one or more service gateways and we assume
that successive access gateways are positioned along the railroad track. Passing
trains will connect to the closest access network and will hop from one AGW
to another. The SGWs are constantly updated with the current position (and
future positions) of the train and updates at every turn the next hop gateway for
the IP routing towards the moving user [7]. To optimize the cost of the network
we assume the links to be already installed and we only take the node cost into
account. We distinguish between different line card types of different speeds and
with different port ranges. The model will ensure that link and node capacities
are adjusted appropriately. The model allows a large flexibility: removing certain
card ranges on nodes, different prices of different hardware vendors can be taken
into account. We assume that for every traffic class a single path is used for
routing for every AGW-SGW pair at a certain moment. This path may vary in
time but it will always be the same for a traffic class. In other words, this sup-
ports that different traffic classes of one train may be routed differently. Traffic
demands vary depending on wether the application is symmetric (video con-
ference) or asymmetric (video broadcasting). Both symmetric and asymmetric
demands can be taken into account in the proposed model.

We define a set of access gateways: AGW = {agw;}, with index ¢ indicating
the different access gateways and a set of service gateways: SGW = {sgwy, }, with
index k indicating the different service gateways. To characterize the network,
we define a given set of unidirectional edges: E = {e} and a given set of nodes:
N = {n}. In addition we define a set of links: L = {i} with every (bi-directional)
link consisting of two unidirectional edges given by set E; = {e;, €]} with same
source-destination node pair as link . We like to remark that VI : |E;)| = 2.
FEach node is characterized by the speed of every interface and the number of
interfaces, possibly grouped together on one card (e.g., one card with two Gigabit
interfaces):

C, = e.g., {100/1000/10000} ,v = 1...|V|; (1)
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Yo : Oy = e.g.,{112/4} ,w =1...]0,]. (2)

V' gives the set of strings, each describing a different type of card which are
present on a node; C, defines the different speed of every type of the set V
(where v is used to distinguish the different types of cards): in this example
speeds from 100 Mbit/s to 10 Gbit/s are considered; O, gives the set of possible
configurations of the cards of a certain type (the type is indicated by index v);
more specific, Oy, gives the number of interfaces present on a card for every
type of card.

3.3 Traffic Model

In order to describe the traffic demands, we define flows j as being the basic
routing unit: this allows different levels of abstraction. We can define one flow
per train, one flow for every QoS class per train, etc. Traffic loads per AGW
are associated with the flows as they move along the AGWs. It is important to
notice that flows are associated with a moving train, so flows are not directly
connected to one specific AGW nor SGW. Each train that passes the antennas
connected to an AGW results in a certain demand for the specific agw from a
specific server: D;, = {d;jx (t)} with index 7 indicating the AGW, k indicating
the SGW and j is used to make a difference between the different flows, in order
to distinguish the different trains and/or QoS classes. To indicate if the demand
at a certain agw is above zero and thus active, we introduce

{LifZ S digi (1) > 0
Q5 = t ok .

0, otherwise

(3)

Due to the moving aspect of trains, the traffic demands are time dependent.
However, the dimensioning problem is not continuous and can be solved for
a limited set of discrete events. Therefore, we define a set of events that are
critical for the dimensioning. These events are all the discrete time points when
the traffic conditions change. However, this set contains a lot of events which
are redundant for the dimensioning problem. In order to minimize the amount
of constraints for the dimensioning problem, the set of events is reduced: e.g.,
for a single AGW scenario, if the network must be able to support a certain
demand to this AGW, all the events with lower demands for the AGW (under
same other circumstances) are already covered and are removed from the set of
events. The set of reduced time events is given by 7" = {¢'}.

3.4 Problem Formulation: Network Capacity Planning and Tunnel
Path Determination

1. Variables
First of all, the variables of the ILP-problem are defined. The first one rep-
resents the number of line cards available in each node:

2o = # of cards with O,,, interfaces of speed C, on node n.  (4)
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Each card has a specific cost, ¢, depending on the speed of the interfaces
on the card (C,) and the number of interfaces installed on the card (Oyy,).
The following parameter gives information about the number of fibres on
every link:

x] = # of fibres with speed C, on link I. (5)

2. Node capacity constraint
Every node needs enough interfaces with appropriate specifications (given
by indices v and w) to provide the links that are connected to it:

|0 |
Vn, Vv : E 200 Oy > E xy. (6)
w=1 l incident to node n

Link Flow Formulation

1. Variable
Besides the previous defined variables, we also need a variable to indicate if
a certain edge e is used for a certain flow j:

(7)

- _ J 1, if edge e is used between i and k for flow ]
Yeijh 0, otherwise

2. Link Capacity constraint
This constraint imposes that the traffic that is transported over a link does
not exceed the capacity of that particular link:

Zzzyezzﬂc “dijr (t) < le . vv

VIivteT :{ & i 3
Zzzye Tigk-dij (t S le 'CT,. ( )

3. Flow Conservation constraint
The last constraint imposes that a flow is not interrupted in the network:

Vn, Vk, V’L, VJ : Z Yeijk — Z Yeijk =
ecout(n) e€in(n)
Grj, if node n is the source for the flow (9)
—@in, if node n is the desired agw
0, otherwise

4. Objective function o

|0, |

O_ZZZZWH CUW—I_ZZZZZJPZ]k Pe - Bj. (10)

n v w=l1

The first part is the cost for the network devices in the network while the
second part is the routing cost in the network, in which p,. gives us the cost
for every edge and B; represents the bandwidth of each flow. The aim of the
optimization algorithm is to minimize o.
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Path Flow Formulation

. Variables

First we have to define a set of possible paths for each SGW-AGW pair:

Bir, = {Pika} » (11)

in which index ¢ is used to indicate the different considered paths between
source and destination. They are calculated by taking the M shortest paths
between the two end nodes. This M is also a parameter for the path flow
formulation. We use the same z;* and x] variables as above in Link Flow
formulation, but we define a new variable to indicate which path p is used:

1, if path p is used between 7 and k for flow j
Ypijk =

0, otherwise 7P € L%PZ"
(]

(12)

. Link Capacity constraint

With these parameters, we can build our constraints. The first one sets
the capacity of each link, this constraint imposes that the traffic that is
transported over a link does not exceed the capacity of that particular link:

VLVEET Y D DD Ypijkathdieiny S D af - Coi (13)
k 7 7 p v

sik — 1, if path p uses link [ to get to destination k from source 4
pl 0, otherwise ’

(14)
Path Activation constraint
The second constraint takes care of the fact that we only need a path, and
only one, from source to destination:

V’L,Vj : Zypijk = Q4y5, (15)

p

and thus we just foresee one path for each signal coming from one SGW and
going to one AGW for a specific flow.
Objective function o

‘Ovl
0= 2 0 AN et 2D D) Ynk b By (16)
n v o w=1 k i 7 P

The difference between this objective function and the one in equation [0]
is that py,, the cost for every path, based on the hop count, is used, and
variable yp;;i, instead of p. and yeiji, respectively.
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3.5 Solution Technique: Integer Linear Programming

Network and traffic model - The network topology, node- and link-related pa-
rameters were modeled by using the TRS (Telecom Research Software) library.
TRS is a Java-library, developed by our research group, intended to be used in
the telecom-research to speed up the development of tools and applications. For
more information about TRS, the reader is referred to [2].

ILP solution technique - Based on (i) the input variables Dk, Cy, Oy, Cow,
Bj and p. (for link flow approach) or p, (for path flow approach), on (ii) the
constraints (@), [®), (@) for link flow approach and (@), (@3), @H) for path flow
approach, and on (iii) the objective function () for link flow approach, (6] for
path flow approach, the requested matrices for ILP are constructed. The optimal
values for the decision variables 2", x7 and y(c|,14jx are then calculated, using
a Branch and Bound based ILP solution approach [9]. From the obtained values
of the decision variables, the optimal path required capacity for the considered
problem instance can be easily deduced.

Link flow versus path flow - The main difference between the link and the path
flow approach is that the former is able to calculate all possible paths, whereas
the latter only considers a pre-defined number of possible paths, found by the K
shortest loopless paths algorithm, as described in [12].

4 Considered Scenarios

We consider a network (shown in figure[ll) consisting of 11 nodes, which positions
are fixed. One of the 11 nodes is connected to a Service Gateway (SGW) and
7 others (indicated with numbers 0 to 6) are connected to one of the 7 Access
Gateways (AGWs). The last 3 nodes are core nodes ethernet switches installed
between the node connected to the SGW and the nodes connected to the AGWs.
The topology of the network is a tree with the node connected to the SGW as the
top node and the 7 nodes connected to the AGWs positioned in lowest layer of the
tree. These 7 nodes are located along the railroad track every 5 to 10 kilometers,
based on a calculation made in [§]. Also in the figure, all possible fibres are
depicted and we assume that the installation of the links does not have a cost. We
only take into account the cost for installing interfaces at the different nodes. Also
the routing costs for the different solutions are taken into account to achieve the
solution with the best routing model. For the scenarios an important parameter
will be the frequency of trains (number of trains per hour). The dimensioning is
very sensitive to the number of trains that are simultaneously on the track. We
consider 3 distinctly different train scenarios. The scenarios are based on major
events, namely moving trains from one station to another, crossing trains and
consecutive trains.

4.1 Train Scenarios

Single train - The first considered scenario is the simplest one. One train, de-
manding a basic traffic of 0.8 Gbit/s is going from AGW 0 to AGW 6, via all



76 F. Van Quickenborne et al.

intermediate AGWs 1, 2, etc. Besides the 0.8 Gbit/s traffic demand, we also
foresee an extra capacity of 300 Mbit/s to deal with sudden peak demand re-
quests. Several options are possible to handle these two types of traffic demand:
one tunnel for both demands together or one tunnel for each demand, resulting
in two tunnels per train. Although this scenario seems very easy to solve, an
important deduction we make is that the optimal dimensioning is not straight-
forward, as shown in subsection 311

Crossing trains - A logical next step is to consider two trains. Besides the train
described in the previous paragraph, another train goes in the opposite direction,
namely from AGW 5 to AGW 1, via the AGWs on the bottom. The bandwidth
requirement for this train is slightly lower than the other one: we consider a
bitrate of 0.6 Gbit/s as basic traffic, and an extra capacity of 200 Mbit/s for
sudden peak demand requests. We consider one or two tunnels per train, as ex-
plained in the previous paragraph. Again, the solution seems very predictable,
but the results are quite surprising. A few rules of thumb for tunnel path deter-
mination will be derived from the results.

Three trains scenario - In this scenario, two trains go from the upper left to the
upper right AGW as previously defined in the single train scenario, and one goes
in the opposite direction as described in the previous paragraph. In this case,
we have two moments of crossing trains. Again we consider two types of traffic
demands: one basic traffic demand and one extra capacity demand per train.

4.2 Demand Cases

The three considered different input demand cases for the problem will be de-
tailed in this paragraph. A crossing trains scenario will be used consequently to
illustrate the different approaches (however a less complex crossing trains sce-
nario as above for the sake of simplicity).

Ezact demand (figure - In this case we take the exact traffic demands
into account. For the crossing trains scenario, this implies that we optimize the
network resources with knowledge of the exact point (=the exact AGW, in this
case AGW 4) where the two trains cross each other and of the exact moment in
time when the two trains cross each other (in this case time event t5). However,
should one train experience a delay and the point where the two trains pass
each other changes to another AGW, the network could suffer from inability to
provide the requested resources to meet demand.

Static demand (figure - This case translates the dynamic traffic demands
of the exact demand case into a static demand (and hence neglecting the time-
related aspects of the demands). This is done by adding all the demands that
are requested for a particular AGW, and this for every AGW separately. This
results in a time-independent demand from the SGW to each AGW. For the
shown scenario in figure (], this implies that we assume that both trains could
cross in every AGW simultaneously. By doing this, we can guarantee that all
trains will achieve their asked bandwidth, even when delay occurs. This dimen-
sioning case is required if the network is lacking a dynamic configuration and
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Fig. 3. The three traffic demand cases

activation mechanism. This results in a new definition of the traffic demand:

Vi, Vi, VE t dije =Y digi(t); (17)
teT”

and the link capacity constraints (8) and (I3) are only evaluated for a static,
time-independent demand d;jy.
Train delay insensitive demand (] ﬁgure - To tackle the problem of loss of
information in case of train delays, a new approach has been developed. In this
case we re-interpret the traffic demands by neglecting the exact time-position
relation between multiple trains. For the crossing trains scenario this implies
that we assume that single trains are not connected to all the AGWs at the
same time but we neglect the information of when or where the trains will cross
each other exactly. In other words, the network is dimensioned to support that
the trains will cross each other in any AGW along their track. Again, this results
in a new definition for the demand. The demands become independent of flow j
in the link capacity constraints (8) and (L3]).

5 [Evaluation Results of the Optimal Network Capacity
Planning and Tunnel Path Determination

5.1 Three Traffic Demand Cases Compared

Table[ shows the comparison between the three considered demand cases found
by the ILP solution technique for the three trains scenario. For the static demand
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case, no difference will be found when using multiple tunnels, because all the
tunnels are treated equally. From the difference between the static demand case
and the other two, we can conclude that the static demand case is not advisable
to use in the considered scenario, nor it is for every other scenario with rapidly
moving traffic conditions. The cost for the static solution is almost twice as much
as the cost for the dynamic cases. These results show that for rapidly changing
traffic demands dynamic tunnel management is very useful.

Also, by splitting the traffic flows into two tunnels, one for the basic traffic
demand and one for the extra demand, the routing becomes cheaper. As a com-
parison, in the presented scenario and for the link flow approach, the solution
which uses 2 tunnels is almost 10% cheaper than the solution presented when
using 1 tunnel.

The very cheap solution found for the exact demand case looks very attractive
to use, but several drawbacks makes the solution less useful in real situations.
The example of a train with little delay is already mentioned. Therefore a new
traffic demand has been taken into account that deals with train delays: the train
delay insensitive traffic demand. As shown in table [l the cost for the network
capacity planning found for this traffic demand is a little more expensive than
the cheapest solution, but the benefits are huge: trains with delay will still receive
their requested bandwidth.

5.2 Path Flow Approach Versus Link Flow Approach

As mentioned before, another solution approach is considered to deal with the
reasonable calculation time of the link flow approach. Therefor the path flow ap-
proach is also evaluated. The derivations that are applied for the link flow and
path flow solution approaches are both given in section[3.4. This solution tech-
nique is based on the K shortest loopless paths algorithm, as described in [12].
This method introduces an extra parameter, namely the number of considered
shortest paths M, which also defines the maximum length of set ([[IJ). Table
shows the required costs for the network capacity planning calculated with the
path flow approach, for different values of M versus the required network cost
calculated with the link flow approach. With parameter M equal to 2, the cost
for the path flow approach is 25% higher than the link flow approach. If we
choose M equal to 7, the cost is only 7.5% higher than the optimal solution.

Table 1. Required cost for the three demand cases, found by ILP solution technique
and for three trains scenario, with one or two tunnels per train

Traffic demand case Required cost (%) Required cost (%)
for one tunnel per train|for two tunnels per train
Static demand 100 100
Train delay insensitive demand 49 45
Exact demand 48 44
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If we compare the solution approaches with respect to calculation times (also
shown in table 2)), we observe growing calculation times with higher M-values.
Though, finding the optimal solution using the link flow approach, takes the
longest time.

5.3 Rules of Thumb for Path Determination

Besides the cost of the network capacity planning, the routing is also calculated
with the solution technique. It is important to mention that only the exact
demand case will determine the paths for the different flows, as for the other
demand cases it is not known in advance where different trains will cross each
other. We can derive two global rules of thumb concerning the routing. The
routing depends on the number of tunnels per train that are used to solve the
design problem. First, we consider one tunnel for all the traffic demand. Second,
we consider a tunnel for each demand, resulting in two tunnels per train. For
both rules of thumb, we use the crossing trains scenario.

One Tunnel per Train In this scenario, the shortest path between the SGW
and the AGW where the crossing of the two trains occurs, is part of the design.
The other links of the network design are the links that are located along the
train-rail. This is the optimal path determination solution obtained through the
ILP link flow solution technique. We can explain this by looking at the asked
bitrate from the SGW to every AGW. At every moment two separate AGWs
require about 1 Gbit/s each, except the moment the crossing takes place. That
moment the sum of all flows are going from the SGW to one AGW. It is logical
that the tunnel between this AGW and the SGW must be as short as possible.
As a rule of thumb we can say that all the links along the train-rail are part of
the design, together with the shortest path between the stressed AGW (where
the crossing takes place) and the SGW.

Two Tunnels per Train The set of figures in figured shows the tunnel activa-
tion for the crossing trains scenario. The set of figures are 4 snapshots taken at
4 different moments, starting when the dashed train comes into play and ending

Table 2. Required cost and calculation times for path flow approach with different
value for parameter M versus link flow approach for crossing trains scenario and for
the exact demand case (*=measured on an AMD Athlon™XP 1700+ with 256 MB
RAM)

| Solution approach |Required cost (%)|Ca1culation time* (sec.)|
Path flow approach, M=2 100 1
Path flow approach, M=5 88 30
Path flow approach, M=7 86 922
Link flow approach 80 2114
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Fig. 4. Tunnels used for demand requests for crossing trains scenario with two tunnels
per train, found by the ILP link flow approach for the exact demand case

when the dark train reaches his end station. The two trains cross each other
in the lower right AGW, as shown in the lower left figure. Again, as described
in[.T], the dark train requests a bandwidth of 1.1 Gbit/s, divided into 800 Mbit/s
basic traffic and 300 Mbit/s extra traffic. The dashed train also has two differ-
ent tunnels, but a slightly lower overall demand: 600 Mbit/s basic traffic and
200 Mbit/s of extra traffic demand. The routes for the basic traffic are indicated
with full lines (dark ones for the dark train and lighter ones for the dashed
train), the routes for the extra traffic are indicated with dashed lines. Contrary
to the previous case, the shortest path between the SGW and the stressed AGW
is no longer part of the network design. The optimal network design is almost
a ring. Indeed, only the upper left and upper right AGWs are not included in
the ring. This can be explained as follows: due to the separation of the traffic
into two tunnels, it becomes possible to use a shorter path to route the largest
traffic demand, which leads to a cheaper network cost. In the first two figures,
the left-side hand tunnel between AGW 1 and the core switch is used for the
basic traffic of the dark train and for the smaller extra traffic of the dashed train.
On the other side, we also have two tunnels, but now one for the basic traffic
tunnel of the dashed train and for the extra demand tunnel of the dark train.
This is exactly what we want: the basic traffic should be routed over a shorter
path than the path for the extra traffic. After the crossing point, as shown in
the lower right figure, the biggest tunnels switch from the left side to the right
one for the dark train and from the right to the left side for the other train.
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6 Conclusion

In this paper, we focused on optimization models for designing aggregation net-
works to support fast moving users. More specifically, we focused on the service
realisation for the aggregation network, the core part of the considered network
architecture. First the need for a network capacity planning model for aggrega-
tion networks under fast moving demand requests has been proven for a simple
example. By the developed optimization algorithms it has been proven that us-
ing dynamical tunnel configuration and activation strongly reduces the cost of
the network capacity planning. For the configuration of VLAN-based tunnels, a
”Scoped Refresh” extension of the GVRP standard has been implemented and
for the activation of the tunnels, a new GARP-based protocol (G2RP) has been
developed. Finally, a few rules of thumb for designing aggregation network for
fast moving users and the related determination of the tunnel paths, have been
motivated for particular scenarios.
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Abstract. Wireless Ad-hoc networks are expected to be made up of
energy aware entities (nodes) interested in their own perceived perfor-
mance. We consider a simple random access model for a wireless ad hoc
network to address problems of finding an optimal channel access rate
and providing incentive for cooperation to forward other nodes’ traffic.
By casting these problems as noncooperative games, we derive conditions
for the Nash equilibrium and provide distributed algorithms to learn the
Nash equilibrium.

Keywords. Game theory, Stochastic approximation algorithm.

1 Introduction

Wireless ad hoc networks (also referred to as packet radio networks and multihop
radio networks) consist of mobile nodes communicating over a shared wireless
channel. Contrary to cellular networks, where the nodes are restricted to com-
municate with a set of carefully placed base stations, in wireless ad hoc networks
there are no base stations; any two nodes are allowed to communicate directly if
they are close enough. A wireless ad hoc network can be considered as a system of
various mobile wireless devices that is dynamically changing and self-organizing
in arbitrary networks. These wireless devices are usually constantly changing
their location because they are, for example, carried by people (for example,
PDAs). These devices need to form a dynamic network without a pre-existing
communication infrastructure. For such networks we address two problems men-
tioned in the subsections below.

1.1 Optimal Channel Access Rate

These networks are expected to use medium access protocols similar to the IEEE
802.11 protocol [12]. The 802.11 protocol is inherently a random access protocol

G. Kotsis and O. Spaniol (Eds.): Mobile and Wireless Systems, LNCS 3427, pp. 82-[I14] 2005.
(© Springer-Verlag Berlin Heidelberg 2005
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since the protocol running in each wireless device keeps a backoff timer whose
mean value essentially denotes the node’s willingness to attempt a transmission,
thus also risking a collision. Clearly, the nodes can not have a very large mean
backoff timer value as this can add significantly to the delay in their packet
transmission and also the node may miss opportunities of transmission. On the
other hand, if all the nodes set their mean backoff timer value at a very small
value, there will be singnificant amount of collision, thus again having an adverse
effect on the nodes’ performance. It is thus clear that there is some optimal
attempt probability for the wireless devices at which the risk of collision could
be balanced by the benefit of successfull transmission (and hence less delay)
while making use of the most of the transmission opportunities available. Since,
in such networks the nodes are rational, i.e., a node wants to maximize its own
performance, a node needs to compute its own attempt probability such that it
gets best performance for what other nodes do.

Much of the work on wireless ad hoc networks (with some exceptions) has
been on the protocol design issues for medium access (the various variants of
the IEEE 802.11 protocol, for example [5]) or dynamic routing in such net-
works [13[19]. The authors of [§] also look at the problem of tuning of the IEEE
802.11 parameters but they assume that all the nodes are cooperative and do
not consider the rational behaviour of the nodes. Relatively little has been done
on the resolution of ‘optimal’ self-organization as an optimization problem which
amounts, roughly, to finding optimum parameters for the various protocols. As
an example of the latter, consider [14] where the problem of adapting trans-
mission attempt probabilities is viewed as a single optimization problem with
a stated performance metric to be minimized and the optimization task is ex-
ecuted by a stochastic gradient method implemented in a distributed fashion.
This approach, though suitable for sensor networks where each wireless device
(or sensor) cooperates to acheive a common goal, is not suitable for a wireless
ad hoc network with rational entities.

In Section Bland @] we view the problem as a noncooperative game with each
node trying to optimize its own objective. By assuming a particularly simple
performance metric for each node we get an explicit characterization of a Nash
equilibrium. This in turn can be adaptively learnt by an iterative scheme that
uses local information exchange. The required information for the algorithm
should be available from a standard topology learning procedure.

1.2 Incentive for Forwarding

In order to maintain connectivity in an Ad-hoc network, mobile terminals should
not only spend their resources (battery power) to send their own packets, but
also for forwarding packets of other mobiles. Since Ad-hoc networks do not have
a centralized base-station that coordinates between them, an important question
that has been addressed is to know whether we may indeed expect mobiles to
collaborate in such forwarding. If mobiles behave selfishly, they might not be
interested in spending their precious transmission power in forwarding of other
mobile’s traffic. A natural framework to study this problem is noncooperative
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game theory. As already observed in many papers that consider noncooperative
behavior in Ad-hoc networks, if we restrict to simplistic policies in which each
mobile determines a fixed probability of forwarding a packet, then this gives
rise to the most “aggressive” equilibrium in which no one forwards packets, see
e.g. [11], Corollary 1], [I8], thus preventing the system to behave as a connected
network. The phenomenon of aggressive equilibrium that severely affects perfor-
mance has also been reported in other noncooperative problems in networking,
see e.g. [10] for a flow control context (in which the aggressive equilibrium cor-
responds to all users sending at their maximum rate).

To avoid very aggressive equilibria, in Section [f] we propose strategies based
on threats of punishments for misbehaving aggressive mobiles, which is in the
spirit of a well established design approach for promoting cooperation in Ad-hoc
networks, carried on in many previous works [11}24]. In all these references, the
well known “TIT-FOR-TAT” (TFT) strategy was proposed. This is a strategy
in which when a misbehaving node is detected then the reaction of other mobiles
is to stop completely forwarding packets during some time; it thus prescribes a
threat for very “aggressive” punishment, resulting in an enforcement of a fully
cooperative equilibrium in which all mobiles forward all packets they receive (see
e.g. [I1] Corollary 2]). The authors of [22] also propose use of a variant of TFT
in a similar context.

2 A Model for Wireless Ad Hoc Networks

We consider a wireless adhoc network where all the terminals transmit on a
common carrier frequency so that a terminal can either receive or transmit at a
time. The transmission range of a terminal is denoted by Ry. Henceforth we use
the terms terminal and node to mean the same entity.

We assume that the condition for node j to successfully decode the trans-
mission of its neighbouring node 7 is that none of the other neighbours of node
j transmit when ¢ is transmitting.

A node is assumed to be in exactly one of the following modes at any time:

1. be transmitting to its neighbours, or,

. sensing the channel for the transmission from its neighbour, or,

3. can be in the sleep mode, i.e., it is neither transmitting nor receiving and also
not wasting its battery power in sensing the channel. Note that in this mode
of operation a node may lose an opportunity of reception of a transmission
from one of its neighbours.

[\

Time is assumed to be slotted and channel access is random, i.e., in each slot,
a node 7 either decides to transmit with probability a;, or enters sleep mode with
probability 7; or decides to receive with probability (1 —; — ). «; is called the
attempt probability of node i, c; +v; < 1.

A node can be heard by only certain nodes called the neighbours. The neigh-
bours of a node ¢ are the nodes within a distance Ry from node 7. A node is
assumed to have some amount of data in its transmit queue at all times. For ease
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of presentation, we first assume that a transmission of a data packet from node 4
is considered successful iff all the neighbours of node i can decode the transmis-
sion successfully. Later we remove this restriction and show how to accommodate
the possibility that a node ¢ transmits to a specific neighbouring node j with
probability o ;. In the latter case a transmission is declared successful if the node
that the transmission was destined for can decode the transmission successfully.

We assume that the topology of the network is fixed but the nodes need not
be aware of the complete topology. The network consists of N nodes. Denote
the set of nodes by N. For i, 5 € N say ¢ — j if node 7 can receive node j’s
transmission, i.e., node j is within a distance of Ry from node i. For ease of
presentation we assume in this section that i — j iff j — i, i.e., Ry is same for
all the nodes; we use the notation i < j to mean either of these two. Associate
with each node i € N, a neighbourhood set N(i) := {j € N : i < j}. Denote
the node incidence matrix thus obtained by @, i.e.,

e J1If iejoor e N()
(i, j) = P(j,i) = {O otherwise. W

We assume that & is an irreducible matrix, i.e., every node ¢ € N has a path to
any other node j € N; this amounts to assuming that the network is connected.

3 Finding Optimal Channel Access Rates

Assume for now that «; = 0 for all nodes i in the network, i.e., in any slot a
node is either transmitting a packet (which contains an update information) or
is listening to the channel. It is clear from the model described above that if
a; is very small for all the nodes, there will be significant delay in information
processing though the battery power consumption will be less. On the other hand
increasing ;s to large values will result in increased collisions in the network
and will also waste the battery power in unsuccessful transmissions. Thus there
is a need to find the optimum value of these attempt probabilities.

This phenomenon is very similar to that of finding the arrival rates in a
slotted Aloha system for multiple access (see [4]). It is well known (see [4]) that
for such a system there exists an optimal attempt rate at which the system
throughput is maximized.

Our problem here is to find, for a given network, the values of «; (or, ¢ ;,
as the case may be) which maximize a performance measure to be defined in
Section [3Il The objective then is to come up with an algorithm using which
a node ¢ computes the optimal attempt probability (a; or oy ;) for itself in a
distributed manner.

3.1 Optimization Problem

For simplicity of presentation, in this section we assume that a transmission from
a node is successful if all of its neighbours receive it correctly. In later sections
we show how to modify the problem formulation and solution of this section for
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the case where in any slot a node ¢ transmits to a particular neighbouring node
J with probability a; ;.

Let a;, i € N, be the probability that node i transmits in any slot. A
transmission from node ¢ will be successful iff

1. None of the nodes belonging to the neighbourhood set of ¢ transmit, and
2. For each k € N (i) none of the nodes belonging to the neighbourhood set of
k (except node ) transmit.

The second condition above means that none of the second hop neighbours of
i transmit. By second hop neighbours we mean Uje )N (7)\ (1 UN (7)) =: S(4),
i.e., the set of neighbours of neighbours of i excluding ¢ and N (7). Let ¢ be the
second hop node incidence matrix, i.e., ((i,5) = 1 = ((j,¢) iff j € S(i) and
¢(i,7) = 0 otherwise.

Denote by P;s(i) the probability that a transmission from node 7 is successful.
It follows from the conditions mentioned above that

Ps(i) = Hjenriy(1 — aj) Hiesey (1 — o) (2)

Thus the probability that a node i made a successful transmission in any
slot is a; Ps(7). We want to maximise this probability for all the nodes i while
simultaneously reducing the probability of collision among the transmissions
from node i (to minimize the battery power wasted in collisions) and also the
probability of missing out on a transmission opportunity. Thus the problem for
node i can be written as follows:

Minimize — Aa; Py(i) + Ba; (1 — Ps(i)) + C(1 — o) Py (i) (3)
such that o; > min >0 (4)
and oy < Qpar < 1. (5)

Here:

— the first term in the cost (3) is the negative of the ‘reward’ for successful
transmission, the latter being A > 0 times the probability of a successful
transmission,

— the second is the penalty for an unsuccessful attempt, being B > 0 times
the probability of a collision,

— and the third is the penalty for lost opportunities, being C' > 0 times the
probability of no transmission when one was possible.

The bounds on «; imposed by the equations (@) and () are to ensure the
connectivity of the network. This is because a node with attempt probability 0
or 1 will be effectively cutoff from the rest of the network and will also lead to
disconnectivity between other node pairs.

Since the nodes are each trying to optimize their own objectives without any
cooperation, this is a noncooperative game. The ‘action space’ for each node
is the interval [amin, @maz] from which it chooses the transmission probability.
This is compact convex. Also, each node’s objective function (B) is separately
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convex continuous in each argument. Thus a standard argument based on the
Kakutani fixed point theorem ensures the existence of a Nash equilibrium, i.e.,
a choice @ = [af, -, a}] such that if all but the i—th node transmit with
probabilities a’s, j # 1, then it is optimal for i—th node also to use o [23]. Our
aim will be to attain this Nash equilibrium. With this objective, we first seek
the necessary conditions for the Nash equilibrium.

Since for fixed values of o, j # 1, this is a single agent optimization problem
faced by the i—th node, we consider the corresponding Kuhn-Tucker conditions.
Let 0 = ﬁ and n = In ﬁ. For any vector a of attempt probabilities,
let A*(a) = {i: amin < @ < Qmaz t- The (equivalent of ) Kuhn-Tucker necessary
conditions [23] for a vector a to be a Nash equilibrium, i.e., a componentwise
local minimum of corresponding cost functions when the other components are
unperturbed, are

0 — Ps(i) =0, Vie A% () (6)
G—Ps(i)zo, Vi:ai:amm (7)
0 — P(i) <0, Vi:o; = Qmaz (8)

where 0 — P,(7) is in the direction of the gradient at point « for the cost function
of node 1.

Let a* be the Nash equilibrium for the game problem and assume, for sim-
plicity, that A*(a*) = N. The case where A*(a*) # N will be studied in a later
section. Let §; = In(1 — «;). After taking logarithms, Kuhn-Tucker necessary
conditions of (@) can be rewritten as,

FEN (D)US(7)

This set of equations can be written in matrix form as
n—(2+¢)B=0, (10)

where 3 and 7 are column vectors of same size with the jt entry being 3; and
7 respectively.
This suggests the iteration

B(n+1) = p(n) +a(n)(n — (@ +¢)B(n)),

where {a(n)} are the usual stochastic approximation stepsize schedules, i.e.,
positive scalars satisfying

Za(n) = 00, z:a(n)2 < 0.

By the standard ‘o.d.e. approach’ to stochastic approximation, this tracks the
asymptotic behaviour of the o.d.e. [16]

(t) =n— (D + ().
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This is a linear o.d.e. which would indeed converge to the solution of (M) if it
were stable. Unfortunately, the stability cannot be a priori assumed. Thus we
consider the iteration

B(n+1) = p(n) +a(n)(® + ) (n — (2 + ()B(n)), (11)

corresponding to the o.d.e.
L(t) = (2 +¢)(n — (D + Qx(t)). (12)

This will be stable if (@ + ¢) is nonsingular, whence (@ + ¢)? will be positive
definite. The solution will correspond to the linear system

(@+Qn— (@+)*8=0, (13)

which then has the same solution as (). Thus node i will be solving the 7"
row of (I3). This will need further modification when either the nonsingularity
of (@ + ¢) does not hold or when one of the constraints on some «; is active
so that either () or (&) is operative. The basic iteration described above then
needs to be modified.

Remark: There is one further complication that needs to be underscored, viz.,
that our distributed implementation cannot ensure that all components are up-
dated equally often. Thus the theory of [6] suggests that the limiting o.d.e. will
be not ([2), but

&(t) = A(E)(P + Q) (n — (2 + Q)x(t)), (14)

where A(t) is a diagonal matrix for each ¢ with nonnegative entries {\;(¢)} on
the diagonal. These reflect the differing comparative frequencies of updating
for different components. (See [0] for details.) We shall assume that the latter
are strictly positive, which means that the components get updated comparably
often, though not necessarily equally often. In our case, this change of o.d.e. does
not alter the conclusions. To see this, first note that ({2) is of the form

#(t) = —VF(x(t)),

for F(x) defn

for it, with

[l — (@ + ¢)z]|?. Thus F(-) itself serves as a ‘Liapunov function’

d
dt

the equality holding only on the solution set of (I3). When we replace (I2) b
(T4, one has instead

d
SF(D) = ~ VA V@) <0,

leading to identical conclusions, whence the original convergence claims continue
to hold.

—F(x(t) = ~[|[VF(®)|* <0,
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3.2 The Algorithm
The following algorithm implements the iterations suggested in Section [3]
Algorithm 1

1. Set the slot number n = 0.

2. Initialize 0450), 1 <i < N, to some small positive values. Also let N (i) = 0,
the last slot number when node i updated its attempt probability.

3. For1<i< N, node i does the following sequence of operations:

(a) It either decides to transmit with probability agn), or decides to go into

sleep mode with probability ~v;, or, if not any of the above, senses the
channel for any transmission.
(b) If decided to transmit, a node does the following:
i. Sends the data packet (measurements) destined for all the neighbour-
ing nodes.
1. It also transmits the information relevant for its nodes for updat-
ing their attempt probabilities based on (I1)). In particular, node 1

transmits agn), N(i), N(i) and all the information (attempt proba-
bilities and the last time the node updated its attempt probability) it
has about the nodes it can reach in three hops.

(c¢) If decided to sense the channel, a node does the following:

1. If node i receives a signal that can be decoded correctly, then it checks
if the received signal contains the update information. If yes, update
node i’s local information about its four hop neighbours based on the
information it extracted from the transmission received from its first
hop neighbour. Here node i updates its estimate of «; only if the
value of N(j) that it has now received is more than node i’s copy of
N(j)-

7. Update agn) based on the updated information.
iii. Set N(i) =n.

4. n=n+1.

5. Go to step 3.

Remarks:

1. This algorithm is similar to the DSDV protocol [19] for route discovery in
the ad hoc 802.11 networks as each node keeps its own copy of the local
information of the connectivity between the neighbouring 4 hop nodes and
transmits a part of this information to the neighbouring nodes. This implies
that mobility or failure of the nodes can also be taken into account in this
algorithm as a node i can consider another node j (which is reachable in
at most 4 hops from node 7) as failed or nonexistent if node ¢’s information
about node j says that N(j) has not been updated for a long time, say
M [i], where M is a large integer and &; is node ¢’s most recent information

about ;.
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2. The property of the nodes being dense is not required here and the exact
physical distance between two nodes is no longer relevant now as the required
information, i.e., (@ + ¢)? is already obtained.

3. A node keeps information only about its four hop neighbours. The amount of
storage required for this information grows with the density of the network
(which should be true for any such algorithm). Note that the storage required
for the required information does not change by increasing the span of the
network for a fixed node density (i.e., increasing the area of the network by
adding more nodes so as to keep the node density fixed). Compare this with
DSDV or the algorithm of [14] where a node keeps information about the
complete network.

3.3 Problem Formulation to Incorporate Sleep Mode

Algorithm [Mlwas for the case where, in any slot, a node either decides to transmit
or else decides to receive. To accommodate for the possibility that a node i can
decide to be in sleep mode with a fixed probability v; (known to node ), for this
case equation (@) for Ps(i) can be modified to

Py(i) = Hjeny (1 =75 — ) Hresq (I — v — o) (15)
Similarly, in the penalty term for missed opportunities in equation (B]), (1—a;)
should be replaced by (1 —v; — «;). Algorithm [[l needs to be modified to take
care of this possibility. Now, a node i transmits 7; along with its other update
information meant for its neighbours. The rest of the algorithm works similarly.
One can also consider {7;} as additional decision variables that can be tuned
to find the optimal trade-off between sleep and alert modes. To do this, one may
add to node i’s ‘cost’ ([B) the additional terms D(1 —~;) + Gv; Ps(i), D,G > 0.
The first is the cost on battery power utilization (this could be fine tuned further
to allow for different costs for different kinds of usage), the second is the cost of
missed opportunities due to sleep mode. The algorithm can be easily modified
to incorporate optimization over {;}.

3.4 Problem Formulation for Transmissions Destined for Fixed
Nodes

Algorithm [T was for the case where a node’s transmission is meant for all of its
neighbouring nodes and a node 7 has only one attempt probability a;. Now we
show how to modify Algorithm [I for the case where a node’s transmission is
destined for a particular node j € N(i). In this case a node 4, in any slot and
for each of its neighbour j € N (i), decides to send a packet destined for node j
with probability o; ; independent of anything else. Note that it is possible that
node ¢ decides to send data to two or more of its neighbours simultaneously in
which case the transmission is unsuccessful. We again assume here that v; = 0.
For this case (2) can be written as

P(i,j) = enn (1 — ai) ien ) (1 — i) icu,c N mni - (16)
Hpenni(l —arm).
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Thus a node computes «; ; using Algorithm[l based on the information that
it receives from its neighbouring nodes. Note that now a node sends the «; ;’s
of its 3 hop neighbours instead of just the «;’s.

Numerical results based on an implementation of the algorithm are presented
in [7].

4 Optimal Channel Access Rate with Reward on
Reception

In the previous section we assumed that a node is interested in its performance
as a traffic source. Typically a node in an ad hoc network is both sender as well
as receiver of packets and hence will be interested in a combined performance
measure that reflects its performance as a sender and as a receiver. These are
two conflicting requirements: a node, if it tries to be too aggressive in sending
packets, may lose opportunity to receive packets meant for itself and vice versa.

We now assume that nodes never go into sleep mode, i.e., they are either
transmitting or ready to receive. The channel access is again random, i.e., in each
slot, a node ¢ decides to transmit (broadcast) with probability a; and decides to
receive with probability (1—a;). The quantity «; is called the attempt probability
of node i. What follows can be easily modified to account for a node i keeping
a attempt probability «; ; for its neighboring node j, or to some subset of its
neighbors (multicast).

Our problem now is to find, for a given network, the values of o; (or a; ;, as
the case may be) which maximizes node i’s performance.

Let Ps(i) be the conditional probability that a transmission attempt from
node i is successful (conditioned on the event that node ¢ transmits), and P, (j, %)
denote the probability that a transmission from node j is successfully received
by node .

Here one can have various notions of node ¢’s transmission being successful.
We use the simple (though not restrictive) criteria: node i’s transmission is
successful if all of it’s neighboring nodes correctly receive the transmission.

Each node wants to maximise its own utility function which reflects the
performance obtained by the node under the sending probabilities selected by
the nodes in the network. A common ingredient of the utility function of node 4
is a combination of the rates at which node i successfully transmits and receives
packets. Thus the problem for node i is to maximise

U,(g) = A7Q7Pg(’t) +ZA7,3043PT(]7@) — Oldypg(z) (17)
JEN()

such that a; > 0 and & =1 — o; > 0. Here A;, C; and A;; are some non-
negative constants. The first and second terms here are “rewards” for success
owing to, respectively, transmission and reception. A;; will be zero for node
j whose transmission can not be directly received by node i. The third term
is included to act as a punishment for missed opportunities, thus aiming at
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maximising node i’s use of network. Note that the last term also is the probability
of the event where none of the neighboring nodes of node i are sending to node
1 when node 7 is ready to receive, thus this term also represents the time wasted
by node ¢ in trying to receive when there is nothing to receive.

Our definition of Ps(i) means that none of the first or second hop neighbors
of i transmit when node i does. Thus

Py (i) = Hjena) (1 — aj)yes) (1 — o). (18)
Similarly, it is seen that, for j € (i), P.(J,1) is,

P.(j,1) = Hyenyogin 3 (1 — o). (19)

This is again viewed as a concave IN-person game thus a Nash equilibrium
exists, i.e., a choice @* = [af, - -, a}] such that if all but the i—th node transmit
with probabilities o}’s, j # 14, then it is optimal for i—th node also to use o
[20].

Again, since for fixed o, j # ¢, this is a single agent optimization problem
faced by the i—th node, we consider the corresponding Kuhn-Tucker condition.
For any vector a of attempt probabilities, let A*(a) = {i : 0 < a; < 1}. The
(equivalent of) Kuhn-Tucker conditions for a vector « to be a Nash equilibrium,
i.e., a componentwise local maximum of corresponding utility functions when
the other components are unperturbed, are (with A;; := A4; + C;)

P.(j,1 ) .
AaPli) = > Asjo (U ?) o, Vie A*(a) (20)
JEN) T
AP — Y Ao, ) g Viioy=1 (21)
’ ’ 1-— (67
JEN(3)
P.(7,% )
AZJP@(’L) — Z A@J‘Oéj 1 EJCZ) S 0, Vi: o = 0. (22)
JEN (i) !

Let a* be a Nash equilibrium for the game problem and assume, for simplicity,
that A*(a*) = N. Let a be a column vector whose i‘" entry is a;. Also introduce

G(a) = 52 Ui(a) = AiiPu(i) = 3 jeny Arjoy 2220

1—a;

4.1 Effect of Imposing Power Constraints

Till now we have not imposed any restriction on the possible values that «;’s
are allowed to take (except that «; € [0,1]). Since the nodes are battery power
constrained, one would like to see the effect of imposing a constraint on «; so
as to use the battery power efficiently. A natural candidate for such a constraint
for node i is Tyo; + R; (1 — o) P (i) < P;, where T; and R; are the average power
required for transmission and reception of packets, P; is the average battery
power of node ¢ and P, (i) is the probability that node i is trying to receive while
it is not transmitting. P.(i) = 1 — Iljcprs)(1 — o), i.e., that a node spends R;
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amount of power whenever there is a transmission attempt from at least one
neighboring node. In practice, the case of interest would be T; > P; > R,;. (If
P; > max(T;, R;) then, effectively, the «;’s are not battery power constrained.)
Note now that the action space of the nodes are dependent on the actions of other
nodes. The existence of a Nash equilibrium would follow if the constraint set so
obtained is convex [20]. For a general network topology, it can be shown that the
constraint defining functions P; — Ty, — R;(1 — o) P-(4) are quasi-concave [17]
so that the constraint set is convex. Further, the constraint set is easily seen to
be nonempty because the point «; = 0, Vi is always feasible. Details of proof
showing quasi-concavity of the power constraint functions is omitted.

4.2 A Distributed Algorithm

To compute «;, the Kuhn-Tucker condition of Equation R0lsuggests the following
(gradient ascent type) iteration

a(n+1)=a(n)+a(n)G(a), (23)

where {a(n)} are the usual stochastic approximation stepsize schedules. By
the standard ‘o.d.e. approach’ to stochastic approximation [16], this tracks the
asymptotic behavior of the ordinary differential equation (o.d.e.)

(1) = G(z).

For a general network and coeflicients A;, A; ;, C;, the stability of the equilibrium
points of the o.d.e. cannot be a priori assumed (see also [20] for this issue).
However, for a special case where all the nodes are neighbors of each other, it
can be shown that the (slightly modified) o.d.e. is globally asymptotically stable
and hence the suggested iteration above is guaranteed to converge irrespective
of the coeflicients.

4.3 The Case of All Nodes Neighbor of Each Other

Consider the special case where for any node i, N (i) = N, i.e., all the nodes are
neighbors of each other. This is a common scenario in wireless LANs spanning
a small area (office etc.). The standard Slotted ALOHA system is yet another
example of such scenario.

Recently, [I] has also considered a game theoretic approach to delay mini-
mization in Slotted Aloha systems with the retransmission probabilities as de-
cision variables. However, it does not consider the problem of nodes computing
the optimal retransmission probabilities. The problem there also assumes sym-
metry, i.e., (unlike our case) all nodes have equal weightage thus resulting in
equal optimal retransmission probabilities for each node.

For the present case where S(i) is empty, it is seen that Ps(2) = I (1 —«; ),
and Pr(j,1) = Iizj(1 — o) = Ps(j). Note that P.(j,i) = P,(j,k) for any
k,i # j. The Kuhn-Tucker condition (Equation[20) can be written as

Q5 .
D Aij = A, Vi
[Pz @
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Let 8; := 13‘—3], Ci,j = Aij, ¢ # j and n; = A; ;. The above condition in matrix
form is then,

¢B=n. (24)

Remark: Equation [24] gives a complete characterization of the solution of opti-
mization problem under consideration as a solution to a set of linear equations.
This is a considerable simplification given the complex set of equations repre-
senting the optimization problem. Now we proceed to give a method to compute
this optimum in a distributed manner.

4.4 The Algorithm

To solve Equation 24] the iteration to be considered is

B(n+1) = p(n) +a(n)(n - (B(n)),

corresponding to the o.d.e. #(t) = (n — (z(t)), whose stability, again, can not
be apriori assumed. We thus consider the modified o.d.e. having same critical
points

(t) = ¢(n — Cx(t)). (25)

This will be stable if the matrix ¢ is invertible, whence ¢? will be positive definite.
The solution will correspond to the linear system

(n—¢*B=0, (26)

which then has the same solution as (24)). Thus node i will be solving the 4"
row of (26)). The iteration at node i is thus

B(n+1) = B(n) + a(n)((n = ¢B(n)). (27)

The algorithm run by the nodes based on the above iteration is detailed as
follows.

1. Set the slot number n = 0. Initialize az(o), 1 <14 < N, to some small positive
values. Also let N (i) = 0, the last slot number when node ¢ updated its
attempt probability.

2. For 1 < ¢ < N, node i does the following operations:

— It either decides to transmit with probability agn), or decides to receive
with probability 1 — agn).

— If decided to transmit, a node sends the data packet destined for all
the neighboring nodes. It also transmits the information relevant for

other nodes for updating their attempt probabilities based on (27). In
particular, node i transmits o™, N(i), N(i).

i

— If decided to sense the channel, do the following:
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e If node i receives a signal that can be decoded correctly, then it checks
if the received signal contains the update information. If yes, update
node ¢’s local information about its neighbors based on information
extracted from the transmission received from its first hop neighbor.
Here node ¢ updates its estimate of a;, j # 4, only if the value of
N(y) that it has now received is more than node #’s copy of N(j).

e Update agn) based on the updated information.

e Set N(i) =n.

3. n=n+1, Go to step 2.

For numerical results based on an implementation of the algorithm, see [2].

5 Non-cooperative Forwarding in Ad Hoc Networks

As mentioned in the Introducion, in this work we consider a less aggressive
punishment policy as an incentive for cooperation in ad hoc networks. We simply
assume that if the fraction ¢’ of packets forwarded by a mobile is less than the
fraction ¢ forwarded by other mobiles, then this will result in a decrease of the
forwarding probability of the other mobiles to the value ¢’. We shall show that
this will indeed lead to non-aggressive equilibria, yet not necessarily to complete
cooperation. The reasons for adopting this milder punishment strategy are the
following:

1. There has been criticism in the game-theoretical community on the use of
aggressive punishments. For example, threats for aggressive punishments
have been argued not to be credible threats when the punishing agent may
itself loose at the punishing phase. This motivated equilibria based on more
credible punishments known as subgame perfect equilibria [21].

2. An individual that adopts an “partially-cooperative” behavior (i.e. forwards
packets with probability 0 < ¢ < 1) need not be considered as an “aggres-
sive” individual, and thus the punishment needs not be “aggressive” either;
it is fair to respond to such a partially-cooperative behavior with a partially-
cooperative reaction, which gives rise to our mild punishment scheme.

3. The TFT policy would lead to complete cooperation at equilibrium. How-
ever, our milder punishment seems to us more descriptive of actual behavior
in the society in which we do not obtain full cooperation at equilibrium (for
example in the behavior of drivers on the road, in the rate of criminality etc.)
It may indeed be expected that some degree of non-cooperative behavior by
a small number of persons could result in larger and larger portions of the
society to react by adopting such a behavior.

As already mentioned, incentive for cooperation in Ad-hoc networks have
been studied in several papers, see [TT[I822]24]. Almost all previous papers
however only considered utilities related to successful transmission of a mobile’s
packet to its neighbor. In practice, however, multihop routes may be required
for a packet to reach its destination, so the utility corresponding to successful
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transmission depends on the forwarding behavior of all mobiles along the path.
The goal of our paper is therefore to study the forwarding taking into account
the multihop topological characteristics of the path.

Most close to our work is the paper [11] which considers a model similar
to ours (introduced in Section [Bl below). [11] provides sufficient condition on
the network topology under which each node employing the “aggressive” TFT
punishment strategy results in a Nash equilibrium. In the present section, we
show that a less aggressive punishment mechanism can also lead to a Nash
equilibrium which has a desirable feature that it is less resource consuming in
the sense that a node need not accept all the forwarding request.

5.1 The Model

Consider an Ad-hoc network described by a directed graph G = (N, V). Along
with that network, we consider a set of source-destination pairs O and a given
routing between each source s and its corresponding destination d, of the form
7w(s,d) = (s,n1,n2,...,nk,d), where k = k(s,d) is the number of intermediate
hops and n; = n;(s,d) is the jth intermediate node on path (s, d). We assume
that mobile j forwards packets (independently from the source of the packet)
with a fixed probabilty v;. Let v be the vector of forwarding probabilities of all
mobiles. We assume however that each source s forwards its own packets with
probability one. For a given path 7(s,d), the probability that a transmitted
packet reaches its destination is thus:

k(s,d)
p(s,d;y) = anjsd

If i belongs to a path 7(s,d) we write i € 7(s,d). For a given path m(s,d)
of the form (s,ni1,ng,...,nk, d) and a given mobile n; € (s, d), define the set
of intermediate nodes before n; to be the set S(s,d;n;) = (n1,...,nj—1). The
probability that some node i € 7 (s, d) receives a packet originating from s with
d as its destination is then given by

p(s, ;i) = [[ 20)

JES(s,d;1)

Note that p(s,d;d,v) = p(s,d;~), the probability that node d receives a packet
originating from source s and having d as its destination.

Define O(i) to be all the paths in which a mobile ¢ is an intermediate node.
Let the rate at which source s creates packets for destination d be given by some
constant Agg. Then the rate at which packets arrive at node 7 in order to be
forwarded there is given by

52(1) - Z )\sdp(sv d,’L,Z)

m(s,d)€O(4)
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Let E; be the total energy needed for forwarding a packet (which includes the
energy for its reception and its transmission). Then the utility of mobile ¢ that
we consider is

Ui = >, Awfilp(i,n57))

n:(i,n)€0

+ Y Agi(p(n,i39)) — aBr&i(y), (28)
n:(n,i)€0

where f; and g; are utility functions that depend on the success probabilities
associated with node ¢ as a source and as a destination respectively and a is some
multiplicative constant. We assume that f;(-) and g;(-) are nondecreasing concave
in their arguments. The objective of mobile ¢ is to choose ; that maximizes
Ui(y). We remark here that similar utility function is also considered in [11] with
the difference that node’s utility does not include its reward as a destination,
i.e., they assume that g;(-) = 0.

Definition: For any choices of strategy «y for all mobiles, define (v.,7~*) to be
the strategy obtained when only player i deviates from ; to vl and other mobiles
maintain their strategies fized.

In a noncooperative framework, the solution concept of the optimization
problem faced by all players is the following:

Definition: A Nash equilibrium, is some strategy set v* for all mobiles such that
for each mobile i, B

Ui(y") = max Ui (v;, (7))
We call argmaz.; Ui('yg,lfi) the set of optimal responses of player i against
other mobiles policy v~ (it may be an empty set or have several elements).

In our setting, it is easy to see that for each mobile i and each fixed strategy
4~ for other players, the best response of mobile i is v; = 0 (unless O(i) = ) in
which case, the best response is the whole interval [0, 1]). Thus the only possible
equilibrium is that of 7; = 0 for all i. To overcome this problem, we consider the
following “punishing mechanism”. in order to incite mobiles to cooperate.
Definition: Consider a given set of policies v = (v,7,7,-..). If some mobile
deviates and uses some 7' < v, we define the punishing policy k(Y',7) as the
policy in which all mobiles decrease their forwarding probability to .

When this punishing mechanism is enforced, then the best strategy of a
mobile ¢ when all other mobiles use strategy 7 is ' that achieves

J(v) :=maxU;(y) (29)

v <y

where v = (v/,7',7/, ....)-

Definition: If some v* achieves the minimum in (29) we call the vector v* =
(Y5, 7, 7", ...) the equilibrium strategy (for the forwarding problem) under threats.
J(7) is called the corresponding value.

Remark: Note that v* = 0 is still a Nash equilibrium.
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5.2 Utilities for Symmetrical Topologies

By symmetrical topology we mean the case where f;, g; and §; are independent
of 4. This implies that for any source-destination pair (s, d), there are two nodes
s’ and d’ such that the source-destination pairs (s',s) and (d,d’) are identical
to (s,d) in the sense that there view of the network is similar to that of (s,d).
This implies that, under the punishment mechanism where all nodes have same
forwarding probability, we have p(s,d;~v) = p(s’, s;7). Thus we can replace the
rewards f; + g; by another function that we denote f(-).

Consider v where all entries are the same and equal to 7y, except for that of
mobile i. For a path 7(s, d) containing n intermediate nodes, we have p(s, d;y) =
4™. Also, if a mobile i is n 4+ 1 hops away from a source, n = 1,2,3, ..., and is
on the path from this source to a destination (but is not itself the destination),
then p(s, d;i,v) = ™. We call the source an “effective source” for forwarding to
mobile 4 since it potentially has packets to be forwarded by mobile 7. Let h(n)
be the rate at which all effective sources located n + 1 hops away from mobile
i transmit packets that should use mobile 4 for forwarding (we assume that h
is the same for all nodes). Let A(®) denote the rate at which a source s creates
packets to all destinations that are n + 1 hops away from it. Then we have

Ui() =SS A F(y") — aBp 3 h(n)y™. (30)

n=1

The equilibrium strategy under threat is then the value of « that maximizes the
r.h.s.

Remark: If we denote by A(z) = 2 | 2"A(™) the generating function of A\(")
and H(z) :=>_.° | 2"h(n) the generating function of h. Then

max (A(v) —aEfH (7))

is the value of the problem with threats in the case that f is the identity function.

5.3 Examples

In this section we present, by means of two examples, the effect of imposing the
proposed punishment mechanism.

5.4 An Asymmetric Network

Consider the network shown in Figure [Il For this case nodes 1 and 4 have no
traffic to forward. Note also that if we assume that gs(-) = 0 in Equation 2§
then node 3 has no incentive even to invoke the punishment mechanism for node
2. This will result in no cooperation in the network. Assume for the time being
that fa(x) = gs(z) = =, i.e., fo and g3 are identity functions. In this case it is
seen that the utility functions for nodes 2 and 3 are, assuming A3 = Aoy = 1,
Uz(v2,73) = 713 — aE¢vy2 and Us(y2,73) = 72 — aEfvy3. When we impose the
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punishment mechanism, it turns out that the equilibrium strategy for the two
nodes is to always cooperate, i.e., vo = 3. This is to be compared with the TFT
strategy of [I1] which would imply 2 = v3 = 0.

P

o © ®© ©

Fig.1. An asymmetric network

5.5 A Symmetric Network: Circular Network with Fixed Length of
Paths

We consider here equally spaced mobile nodes on a circle and assume that each
node 17 is a source of traffic to a node located L hops to the right, i.e. to the node
1+ L.

Let the rate of traffic generated from a source be \. For this case, h(n) =
Mp<r—1y- Also, ) = Mp=ry, for some \. It follows from Equation B0] that
the utility function for mobile ¢ is

L-2
Ui(y) = A" —aBpA Y o

n=0

For f(-) an identity function, we see that U;(y) = A [y*~1 — aEy(y* =2 + 4173+
...+ v+ 1)]. Note that if L =2 and a = E%_, the utility function is independent
of v hence in this case the equilibrium strategy is any value of forwarding prob-
ability. Also, if aEy > 1, the equilibrium strategy is v = 0. We will have more
to say on this in th next section where we study the structure of equilibrium
strategy for symmetric network.

5.6 Algorithm for Computing the Equilibrium Strategy in a
Distributed Manner

It is interesting to design distributed algorithms which can be used by the mobiles
to compute the equilibrium strategy and simultaneously enforce the proposed
punishment mechanism. The obvious desirable features of such an algorithm are
that it should be decentralised, distributed scalability and should be able to
adapt to changes in network.
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We propose such an algorithm in this section. We present it, for ease of
notation, for the case of symmetric network. Assume for the moment that f(-)
is the identity function. In this case each node has to solve the equation (recall
the notation of Section (.2)

U'(y) = A(y)— KH'(v) = 0, (31)

where the primes denote the derivatives with respect to 7. In general this equa-
tion will be nontrivial to solve directly. For the case of more general network,
one needs to compute the derivative of the utility function of Equation 28, the
rest of procedure that follows is similar.

Note that in the above expression we first assume that the forwarding prob-
abilities of all the nodes in the network are same (say ) and then compute the
derivative with respect to this common ~. This is because in the node must take
the effect of punishment mechanism into account while computing its own opti-
mal forwarding probability, i.e., a node should assume that all the other nodes
will use the same forwarding probability that it computes.

Thus, solving Equation BTlis reduced to a single variable optimization prob-
lem. Since the actual problem from which we get Equation BIlis a maximization
problem, a node does a gradient ascent to compute its optimal forwarding prob-
ability. Thus, in its nt® computation, a node i uses the iteration

where a(n) is a sequence of learning parameters in stochastic approximation
algorithms.

The relation to stochastic approximation algorithm here is seen as follows:
the network topology can be randomly changing with time owing to node fail-
ures/mobility et cetera. Thus a node needs to appropriately modify the functions
A(+) and H(-) based on its most recent view of the network (this dependence of
A(-) and H(-) on n is suppressed in the above expression).

It is a matter of choice when a node should update its estimate of its forward-
ing probability, i.e., does the computations mentioned above. One possibility,
that we use, is to invoke the above iteration whenever the node receives a packet
that is meant for it.

Though the above is a simple stochastic approximation algorithm, it requires
a node to know the topology of the part of network around itself. This infor-
mation is actually trivially available to a node since it can extract the required
information from the packets requesting forwarding or using a neighbour discov-
ery mechanism. However, in case of any change in the network, there will typi-
cally be some delay till a node completely recognizes the change. This transient
error in a node’s knowledge about the network whenever the network changes is
ensured to die out ultimately owing to the assumption of finite second moment
for the learning parameters.

It is known by the o.d.e. approach to stochastic approximation algorithm
that the above algorithm will asymptotically track the o.d.e. [15]:

Yi(t) = A'(wi(t)) — KH'(7i(t)), (33)
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and will converge to one of the stable critical points of o.d.e. of Equation B3l
It is easily seen that a local maximum of the utility function forms a stable
critical point of Equation[33 while any local minimum forms an unstable critical
point. Thus the above algorithm inherently makes the system converge to a local
maximum and avoids a local minimum.

However, it is possible that different nodes settle to different local maxima (we
have already seen that there can be multiple maxima). The imposed punishment
mechanism then ensures that all the nodes settle to the one which corresponds
to the lowest values of . This is a desirable feature of the algorithm that it
inherently avoids multiple simultaneous operating points. An implementation of
the punishment mechanism is described next.

5.7 Distributed Implementation of the Punishment Mechanism

An implementation of punishment mechanism proposed in Section [5.1] requires,
in general, a node to know about the misbehaving node in the network, if any.
Here we propose a simple implementation of the punishment mechanism which
requires only local information for its implementation.

Let A (i) be the set of neighbours of node i. Every node computes its for-
warding policy in a distrubuted manner using the above mentioned stochastic
approximation algorithm. However, as soon as a neighboring node is detected to
misbehave by a node, the node computes its forwarding policy as follows:

Vi = min{%‘vjéHAifl(li) Vit (34)
where 7; and 4; represents, respectively, the forwarding policy adopted by node
i and the estimate of node j’s forwarding probability available to node 7.
represents the new policy selected by node i. Note here that -; is still computed
using iteration of Equation We are also assuming here that a node can
differentiate between a misbehaving neighbouring node and the failure/mobility
of a neighbouring node.

This punishment propagates in the network until all the nodes in the net-
work settle to the common forwarding probability (corresponding to that of the
misbehaving node). In particular, the effect of this punishment will be seen by
the misbehaving ndoe as a degradation in its own utility. Suppose now that the
misbehaving node, say n;, decides to change to a cooperative behavior: at that
point, it will detect and punish its neighbors because of the propagation of the
punishment that induced its neighbouring nodes to decrease their forwarding
policy. Thus, the intial punishment introduces a negative loop and the forward-
ing policy of every node of the network collapses to the forwarding policy selected
by the misbehaving node. Since now every node in the network has same value of
forwarding probability, none of the nodes will be able to increase its forwarding
probability even if none of the node is misbehaving now.

An example of this phenomenon can be seen from the network of Figure [
Assume that 75 = 73 = v and now node 2 reduces 72 to a smaller value +'.
Owing to the punishment mechanism, node 3 will respond with 3 = +’. This
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will result in a reduced utility for node 2 which would then like to increase ~s.
But, since v3 = ', the punishing mechanism would imply that v2 =+ as well.
This lock-in problem is avoided by the solution proposed below.

We modify our algorithm to account for the above mentioned effect. Our so-
lution is based on timers of a fixed duration. When a node enters in the punishing
phase (starts punishing some of its neighbour) the local timer for that node is set
and the forwarding policy is selected as in equation When the timer expires,
the punishing node evaluates its forwarding policy as if there were no misbe-
having nodes, then uses some of standard mechanism to detect any persistent
misbehavior (this also helps distinguishing between a misbehaving node and a
failed/moved node). In the case no misbehaviors are detected, depending on the
choice of the learning parameter of the stochastic apporximation algotithm, the
forwarding policy of the network eventually returns to the optimal value for the
network. If the neighboring node continues to misbehave, the timer is set again
and the punishment mechanism is re-iterated. We assume that the sequence of
learning parameters by a node is restarted each time the timer is set.
Remark: It is interesting to see that the proposed implementation of the pun-
ishing mechanism is actually having a storage complexity for a node that grows
only with the number of its neighbouring nodes (Equation B4)). Computational
complexity is also not large as it depends only on the distance (hops) from a
node to its farthest destination (Equation [32)).

See [3] for numerical results and discussions on the implementation of the
algorithm.

6 Conclusion

We have proposed and analysed a distributed scheme for adapting the random
access probabilities in a wireless ad hoc network and tested it on some simple
scenarios. The advantage of the scheme is its simplicity, made possible by a
simplified model and a judicious choice of the performance measures. This makes
it attractive from an implementation point of view.

We use the framework of non-cooperative game theory to provide incen-

tives for cooperation in the case of wireless Ad-hoc networks. The incentive
proposed in the paper is based on a simple punishment mechanism that can be
implemented in a completely distributed manner with very small computational
complexity. The advantage of the proposed strategy is that it results in a less
“aggressive” equilibrium in the sense that it does not result in a degenerate sce-
nario where a node either forwards all the requested traffic or does not forward
any of the request.
Acknowledgements The work of the E. Altman, V.S. Borkar and A.A. Kherani
was supported in part by project no. 2900-IT-1 from the Centre Franco-Indien
pour la Promotion de la Recherche Avancee (CEFIPRA). The work of E. Altman
was partially supported by the European Network of Excellence EURO NGI.



Some Game-Theoretic Problems in Wireless Ad-Hoc Networks 103

References

1.

2.

10.

11.

12.

13.

14.

15.

16.

17.

18.

19.

20.

E. Altman, R. El Azouzi and T. Jimenez: Slotted Aloha as a Stochastic Game with
Partial Information, WiOpt’03, Sophia Antipolis, France, (2003).

E. Altman, V. S. Borkar and A. A. Kherani: Optimal Random Access in Networks
with Two-Way Traffic, in PIMRC 2004, Spain.

E. Altman, A. A. Kherani, P. Michiardi and R. Molva: Non-cooperative Forward-
ing in Ad-hoc Networks, INRIA Report No. RR-5116, Sophia-Antipolis, France,
February 2004.

Bertsekas, D., Gallager, R.: Data Networks. Prentice Hall, (1992).

Bharghavan, V., Demers, A., Shenker, S., Zhang, L.: MACAW: A Media Access
Protocol for Wireless LANs. ACM SIGCOMM, (1994).

Borkar, V. S.: Asynchronous Stochastic Approximation. SIAM Journ. of Control
and Optimization, 36 (1998).

V. S. Borkar and A. A. Kherani: Random Access in Wireless Ad Hoc Networks as
a Distributed Game, in proceedings of WiOpt 2004, Cambridge.

Cali, F., Conti, M., Gregori, E.: Dynamic tuning of the IEEE 802.11 protocol to
achieve a theoretical throughput limit. IEEE/ACM Transactions on Networking,
(2000).

J. Crowcroft, R. Gibbens, F. Kelly, and S. Ostring. Modelling incentives for collab-
oration in mobile Ad-hoc networks. In Proceedings of WiOpt’03, Sophia-Antipolis,
France, 3-5, March 2003.

D. Dutta, A. Goel and J. Heidemann, “Oblivious AQM and Nash Equilibria”,
IEEE Infocom, 2003.

M. Félegyhazi, L. Buttydn and J. P. Hubaux, “Equilibrium analysis of packet
forwarding strategies in wireless Ad-hoc entworks — the static case”, PWC 2003
Personal Wireless Communications, Sept. 2003, Venice, Italy.

IEEE Computer Society LAN MAN Standards Committee.: Wireless LAN Medium
Access Control (MAC) and Physical Layer (PHY) Specifications. IEEE Standard
802.11-1997, (1997).

Johnson, D., Maltz, D., Broch, J.: DSR: The Dynamic Source Routing Protocol
for Multi Hop Wireless Ad Hoc Networks. Ad Hoc Networking, Addision-Wesley,
(2001).

Karnik, A., Kumar, A.: Optimal Self-Organization of Wireless Sensor Networks.
Infocom 2004.

H. J. Kushner and G. Yin, “Stochastic Approximation Algorithms and Applica-
tions,” Springer-Verlag, 1997.

Kushner, H. J., Yin, G.: Stochastic Approximation Algorithms and Applications.
Springer-Verlag, (1997).

A. Mas-Colell, M. D. Whinston and J. R. Green: Microeconomic Theory, Oxford
Univ. Press, (1995).

P. Michiardi and R. Molva. A game theoretical approach to evaluate cooperation
enforcement mechanisms in mobile Ad-hoc networks. In Proceedings of WiOpt’03,
Sophia-Antipolis, France, 3-5, March 2003.

Perkins, C. E., Bhagwat, P.: Highly Dynamic Destination-Sequenced Distance-
Vector Routing (DSDV) for Mobile Computers. Computer Communications Re-
view, (1994).

J. B. Rosen: Existence and Uniqueness of Equlibrium Points for Concave N-Person
Games, Econometrica, (1965).



104 E. Altman et al.

21. L. Samuelson, ”"Subgame Perfection: An Introduction,” in John Creedy, Jeff Bor-
land and Jirgen Eichberger, eds., Recent Developments in Game Theory, Edgar
Elgar Publishing, 1992, 1-42.

22. V. Srinivasan, P. Nuggehalli, C. F. Chiasserini and R. R. Rao, “Cooperation in
wireless Ad-hoc networks”, Proceedings of IEEE Infocom, 2003.

23. Sundaram, R. K.: A First Course in Optimization Theory. Cambridge University
Press, (1999).

24. A. Urpi, M. Bonuccelli, and S. Giordano. Modelinig cooperation in mobile Ad-hoc
networks: a formal description of selfishness. In Proceedings of WiOpt’03, Sophia-
Antipolis, France, 3-5, March 2003.



Admission Region of Multimedia Services for
EDCA in IEEE 802.11e Access Networks

Rosario G. Garroppo, Stefano Giordano, Stefano Lucetti, and Luca Tavanti

Dept. of Information Engineering, University of Pisa,
Via Caruso, [-56122, Pisa, Italy
{r.garroppo, s.giordano, s.lucetti, luca.tavanti}@iet.unipi.it,
http://netgroup.iet.unipi.it

Abstract. This paper presents a simulation analysis for the evaluation
of the admission region of a IEEE 802.11e network adopting the EDCA
(Enhanced Distributed Channel Access) mechanism. In particular, this
study gives an estimate of the number of QoS-aware applications, namely
videoconference and Voice over IP (VoIP), that can be admitted to the
transport service offered by the EDCA while satisfying their QoS require-
ments. The traffic sources adopted for the simulation are obtained from
measurement campaigns led on the emulation of VoIP and videoconfer-
ence services based respectively on the G.723.1 and the H.263 codecs. The
results emphasize the bottleneck role played by the Access Point when
services producing symmetrical traffic are conveyed over an 802.11e ac-
cess network. Furthermore, the QoS parameters experienced in a mix of
VoIP, videoconference and TCP traffic under EDCA are compared with
those obtained when the DCF mechanism is adopted. This comparison
clearly highlights the efficiency in traffic differentiation of the EDCA
algorithm.

1 Introduction

While the IEEE 802.11 technology [11] is gaining wide popularity, particularly in
its 11 Mbps extension known as 802.11b [12], it is also becoming clear that it can
hardly be adopted to face the growth of multimedia services over wireless LANs.
It does not provide any means to differentiate the transport service offered to
various applications and cannot provide any guarantee on the timely delivery of
framed!.

The IEEE 802.11 working group has therefore created a new Task Group
(TG1le) whose target is the definition of mechanisms for differentiating the
radio channel access depending on the requirements of the supported traffic
types. One of the most recent 802.11e draft standards [T3] introduces two new
modes of operation: an enhanced version of the legacy DCF, called EDCA, and
an hybrid access method, called HCCA. EDCA, which we have focused our work

on, defines four different transport modes, indicated as Access Categories (AC),

! The PCF mode partly accomplishes these tasks, but it is seldom implemented.

G. Kotsis and O. Spaniol (Eds.): Mobile and Wireless Systems, LNCS 3427, pp. 105-[I20 2005.
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each having its own queue and MAC parameters (a detailed description is given
in Section [2). The basic philosophy of this scheme is to give quicker access to
medium to high priority traffic, i.e. traffic which is more sensitive to delay.

The activity carried out in the standardization body has been complemented
by frenetic activity from research centers and universities that has produced a
number of papers describing the behavior of the 802.11e service differentiation
mechanism in the most diverse context. While there is broad consensus about
its fair capability to support real-time applications with a reasonable quality of
service, it has also been shown that this does not come without pains. This rela-
tively simple protocol provides less predictable performance than a reservation-
based method and also suffers from network congestion. Scarce reliability of QoS
guarantees, starvation of low priority traffic and unbalanced uplink/downlink
bandwidths are the most serious drawbacks hampering the use of a distributed
access mechanism such as EDCF or EDCA for multimedia services.

Just to cite a few examples, the authors of [4] remark that the EDCF could be
optimized by adapting the access parameters at run-time, depending on network
load and applications, and, for acceptable QoS provisioning, there should be an
admission control process in place. The same conclusions are confirmed by [9],
which, after performing several simulations under heavy load conditions, is able
to show that low priority traffic rapidly experiences bandwidth shortage.

For these reasons, it can be argued that the support for service differentiation
in wireless LAN cannot be easily achieved if disjoined from the relevant issue of
admission control. In detail, it assumes a paramount relevance the determination
of the number of users for each class that can be admitted to the service while
satisfying the respective QoS requirements.

Works on the topic of the identification of the admission region have been
recently proposed considering the plain 802.11 access method, which, however,
does not provide service differentiation. In [6] the authors estimate an upper
bound to the number of VoIP users that can be admitted in a 802.11(a/b)
coverage area while maintaining the service level of already active voice traffic.
The bound, calculated as a function of VoIP codec and length of the audio
payload, proves the inadequacy of base-stations to handle a large number of
VOoIP calls and the inherent channel inefficiency of 802.11b at small frames sizes,
as pointed out in several papers, such as [3][1][7]. The maximum number of VoIP
calls is very low, and is further reduced by spatial distribution of the clients. A
similar analysis, supported by extensive simulations, has been recently presented
in [10], where the authors evaluate the capacity of an 802.11b system for a variety
of scenarios. The capacity is found to be very sensitive to delay constraints
and packet sizes, while almost independent of channel conditions. Furthermore,
the impact on network capacity of different MAC-layer parameters has been
discussed.

2 Most of the works actually refers to previous versions of the 802.11e draft, thus tak-
ing into consideration the precursor of EDCA, called EDCF (Enhanced Distributed
Coordination Function).
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At present, to the best of our knowledge, the only work on admission con-
trol specifically designed for 802.11e networks is exposed in [8]. The authors
propose and evaluate, through simulations, the behavior of a new admission
control mechanism, but do not care of estimating the capacity of the system.
The 802.11e draft itself suggests a distributed admission control algorithm in
which the Access Point can control the traffic load from each AC as well as
each station by periodically announcing the available bandwidth for each AC.
This algorithm, however, is rather complex and of difficult implementation and
has therefore received scarce attention from both the research and the industrial
communities.

The main contribution of our activity is the determination of an admission
region for videoconference and VoIP sources multiplexed with TCP traffic in
a WLAN system supporting the EDCA mechanism, thus conforming to one of
the most recent available versions of the draft. The number of videoconference
and VoIP sources that can be accepted in the 802.11e coverage area has been
evaluated by means of simulation, considering the actual QoS requirements that
can be assumed for these services. In the study, a mapping between these services
and the Access Categories defined in the draft standard is assumed.

2 Description of IEEE 802.11e EDCA

In this section we present an overview of the enhancements introduced by the
EDCA access mechanism to guarantee service differentiation in IEEE 802.11
wireless LANs. Note that a Basic Service Set (BSS) supporting the new priority
schemes of the 802.11e is now called QoS-capable BSS (QBSS). Stations oper-
ating under the 802.11e are called QoS-capable STAtions (QSTAs) and a QoS
station which works as the centralized coordinator is called QoS-capable Access
Point (QAP) [13].

EDCA maintains the distributed approach of the CSMA/CA protocol as in
legacy DCF, but introduces four Access Categories (ACs), each one defining a
priority level for channel access and having a corresponding transmission queue
at the MAC layer. Payload from higher levels is assigned to a specific AC fol-
lowing its QoS requirements; according to the IEEE 802.1D standard [2], eight
User Priority (UP) classes are defined. The mapping from UPs to ACs is defined
by the 802.11e draft standard [13].

The medium contention rules for EDCA are the same as of legacy DCF, i.e.
wait until the channel is idle for a given amount of time, then access/retry fol-
lowing exponential backoff rules in case of collision or transmission failures. In
legacy DCF, each station (or STA) must sense the channel idle for Distributed
Inter Frame Spacing (DIFS) time, which is equal for all the STAs. EDCA dif-
ferentiates this value, as well as the other involved in the backoff procedure, in
order to perform prioritization of the medium access for the different ACs.

Each one of the four ACs in a QSTA behaves like a virtual STA, indepen-
dently contending with the others to gain access to the medium. Each AC having
a frame to transmit listens on the medium and, when it senses the channel idle
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for a period of time equal to its Arbitration IFS (i.e. AIFS[AC]), starts decre-
menting its backoff timer, suspending it as soon as it detects that some other
STA has started transmitting. A simplified time diagram of the mechanism is
reported in Fig. [l The AIFS for a given class is equal to a DIFS plus a certain
number (AIFSN) of time-slots (whose duration is 20us for DSSS PHY layer),
depending on the considered AC; the higher the priority class, the lower the value
of AIFSN. The exact values are reported in Table[I] along with the other relevant
parameters used in 802.11e EDCA to differentiate the channel access procedure,
which will be described further on. The corresponding values for legacy DCF
stations are also reported (last row of the table).

SIFS . AIFS[AC] Backoff procedure

DATA Frame

S DATA ACK
Frame

Time

|
— TXOP Start

Fig. 1. The channel access procedure

Table 1. EDCA parameters

AC  AIFSN CWnin CWmae TXOPLimit

0 2 7 15 3.008 ms

1 2 15 31 6.016 ms

2 3 31 1023 -

3 7 31 1023 -
DCF 2 31 1023 -

The backoff time depends on a random integer number drawn from a uni-
form distribution between 1 and CW[AC]+1, where CW indicates the current
value of the Contention Window. The values assumed by CW are in the inter-
val [CWinin [AC], CWinaz[AC]], where CWopin [AC] and CWipa.[AC] are further
parameters used to differentiate the traffic treatment. Clearly, lower values of
CWinin[AC] and CW,y,4,[AC] will be assigned to high priority classes, as results
from Table[dl

CW is updated after every transmission, being it successful or not. If the
previous transmission was successful, CW assumes the value CW,,;, for the
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related AC; otherwise, CW assumes the next value in the series 2" — 1, up to
CWinas value. After a predefined number of retransmission attempts, as defined
in the standard, the frame is dropped.

Should two or more ACs in the same QSTA (or QAP) terminate their backoff
period simultaneously, the contention is solved by an internal scheduler which as-
signs the grant to transmit (or Transmission Opportunity, TXOP) to the highest
priority AC. Other virtual stations behave as if an external collision occurred. As
in legacy DCF, when the medium is determined busy before the backoff counter
is zero, the QSTA freezes its countdown until the medium is sensed idle for an
ATFS again.

One of the most noticeable differences between DCF and EDCA is the adop-
tion of packet bursting, introduced in IEEE 802.11e to achieve better medium
utilization. Once a station (to be precise, an AC) has gained access to the
medium, i.e. it has acquired a TXOP, it may transmit more than one frame
without contending for the medium again: the station (AC) is allowed to send as
many frames as it wishes, provided that the total medium access time does not
exceed the TXOPLimit[AC] bound, another parameter used to differentiate the
service offered to the various ACs (higher priority ACs have higher TXOPLimit
values). To ensure that no other station interrupts the packet bursting, a Short
IFS (SIFS) is used between the burst framedd. Should a collision occur during
this period, packet bursting terminates. Note that IEEE 802.11e draft standard
establishes that the QAP may dynamically adjust the contention window param-
eters as well as the TXOPLimit for each AC by advertising the access parameters
associated to each AC; this is done by setting the QoS Parameter Set Element
in the beacon frame.

Summarizing, the transport service differentiation with EDCA is obtained
giving different values to the CWi,in, CWinae, the AIFSN and the TXOPLimit
for each AC. Furthermore, these parameters may be dynamically adjusted by
the QAP, and the adopted values communicated to every QSTA by means of the
beacon frame. In our simulation study, the QoS Parameter Set Element is not
set, thus all the QSTAs adopt the standard values of the EDCA parameters.

3 Simulation Model

The simulation study has been carried out using Network Simulator 2 (NS2)
version v2.26 [16]. In particular, we used a patch developed by the Technical
University of Berlin that models the EDCA mechanism [I7]. The MAC layer of
the patch has been updated in order to consider the four different AC parameters
defined in the EDCA. This means that for each queue we can configure the values
of the channel access parameters characterizing the AC, i.e. AIFSN, CW,,in,
CWinae and TXOPLimit. In our simulation we have considered the AC and
the channel access function parameters as defined in the Draft Standard 5.0 of
802.11e [13]. The model permits to establish a mapping among traffic flows and

3 The SIFS is the shortest allowed IFS, therefore no other STA can sense the medium
idle long enough to decrement its backoff counter or to start a transmission.
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the AC by means of an appropriate field in the IP header of NS2. A relevant
feature of the patch is the implementation of the Contention Free Burst (CFB),
which permits a station to transmit frames for a time equal to TXOPLimit after
winning the contention.

3.1 Validation of the Simulation Model

We performed a few tests in order to validate the simulation model. The tests
consisted in comparing simulation and theoretical results in a simple scenario.
In particular, we focused on the ACs having the TXOPLimit equal to zero. This
implied considering the channel access function parameters defined for AC 2
and AC 3. In these conditions, when using a simple point-to-point connection,
we could evaluate the maximum goodputll by analyzing the time budget neces-
sary for the transmission of a frame, as presented in [7]. The obtained results
are reported in Table 2 which details the simulation and theoretical maximum
goodput for two different packet sizes (the worst case, 64 bytes, and the best
case, 1472 bytes). It is relevant to emphasize that the maximum goodput has
been evaluated at the 11 Mbps data rate considering a single point-to-point con-
nection, hence, without collisions. The table shows a good accordance among
theoretical and simulation results, with differences within the 1% in the worst
cases.

Table 2. Comparison of theoretical and simulation results for the maximum goodput

Packet Theoretical Simulation Difference

Size goodput goodput (%)
AC 3 64 0.511 0.506 0.98
AC3 1472 5.81 5.79 0.34
AC 2 64 0.555 0.549 1.08
AC2 1472 6.05 6.03 0.33

4 Simulation Study

The simulation study is mainly aimed at evaluating the admission region for two
relevant QoS-aware services such as VoIP and videoconference. The region is de-
fined in a cartesian plane, where abscissa and ordinate components represent,
respectively, the number of VoIP and videoconference sources that can be ad-
mitted in the system while guaranteeing their QoS requirements. The definition

4 The maximum goodput is defined as the maximum rate at which user data, without
considering the protocol overhead, is transferred.
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of the QoS parameters is outlined in subsection [£2] while the adopted traffic
sources are presented in the next subsection. Then, the following subsections
describe the simulation scenario and the obtained results.

4.1 Traffic Sources

The traffic data acquisition has been carried out in an experimental testbed, by
means of the software protocol analyzer Ethereal [5]. From the acquired data,
through the use of an ad hoc post processing routine, we have obtained the trace
file, which holds the inter-arrival times and the sizes of the IP packets belonging
to a particular traffic flow.

The voice call employed the G.723.1 codec with VAD (Voice Activity De-
tection), which produces information at 6.3 Kbps when the voice activity is
detected. The codec fills every packet with 24 bytes (obviously, to obtain the
packet size at IP or lower levels we must consider the protocol overhead). For
the videoconference service, that employed the H.263 codec of Microsoft Net-
Meeting, we have taken two different traffic data sets, each referring to audio
and video packets transmitted by one of the two involved users. The statistics
on the acquired traffic are summarized in Table Bl

Table 3. Voice and Videoconference traffic characteristics

Voice Videoconference

Mean packet rate (pps)  21.58 58.82
Mean IP packet size (bit) 512 5664
Mean throughput (Kbps) 11.05 333.16

The length of the traffic data acquisition has been set long enough to permit
an accurate estimation of the QoS parameters. Considering a packet loss rate of
1073, we have assumed that each source should transmit at least 10* packets.
This means that, being the VoIP source the most critical (it has the lower mean
packet rate, 21.58 pps), our acquisition period is about 1000 seconds (actually,
1000 seconds enable the transmission of about 2 - 10* packets).

4.2 QoS Parameters

For the definition of the QoS parameters associated to the considered services,
we refer to the ITU-T recommendations Y.1540 [I4] and Y.1541 [15]: the first
defines the QoS parameters and how to measure them, the second introduces the
Class of Service (CoS) concept and defines six different classes. For each CoS, the
Y.1541 recommendation indicates the maximum values that the QoS parameters
should not exceed. Table Alsummarizes these values (NS indicates that the value
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for the parameter is Not Specified). The significance of the parameters considered
in the table is described in the following:

— IPTD (IP Packet Transfer Delay) is the time necessary to transfer a packet
from the network interface of a measurement point (e.g a transmitter) to
that of the companion measurement point (e.g. the receiver).

— The Mean IP Packet Transfer Delay is the arithmetic average of IPTD for a
population of interest.

— IPDV (IP Packet Delay Variation) is the difference between the IPTD and a
fixed reference IPTD value, which can be assumed equal to the Mean IPTD.

— IPLR (IP Packet Loss Ratio) represents the ratio of the total lost IP packets
to the total transmitted IP packets.

— IPER (IP Packet Error Ratio) can be estimated as the ratio of the total
errored IP packets to the total of successful and errored IP packets.

The performance parameters are estimated considering the single packet flow,
which can be identified by all or some of the following fields: the destination IP
address, the source IP address, the transport protocol port and the CoS. As
can be observed from the table, in Class 0 and Class 1 the upper bounds of
the four considered QoS parameters are well defined. This feature let us deduce
that Classes 0 and 1 have been thought for real time services. Classes 2 and 3
differ from Classes 0 and 1 only in terms of IPDV, which is not specified. Hence,
Classes 2 and 3 can be adopted for data transfer requiring only IPTD constraints.
Finally, Class 4 is defined for services with no strict delay constraints, such as
videostreaming, while Class 5 permits to support best effort services. Features
and examples of the services that can be supported are the following:

— Class 0 is for real-time, sensitive to delay jitter, high interactivity services
such as Voice over IP and videoconference;

— Class 1 is like Class 0, but for a medium-low interactivity service such as
some kind of Voice over IP or videoconference services;

— Class 2 is for data transfer with high interactivity, such as signaling services;

— Class 3 is like Class 2 but for low interactivity services, such as some kind
of signaling;

— Class 4 is for only data loss sensitive services, such as data transfer and video
streaming;

— Class 5 is for best effort services.

It is worth mentioning that user traffic can be dropped by the network when
it exceeds the figures specified in the traffic contract between the user and the
network operator. The packets dropped by this preventive action of congestion
control performed by the network are not considered in the estimation of the
IPLR.

4.3 Simulation Scenario

The simulation scenario is depicted in Fig. 2l In order to have ideal channel
conditions, we set a very low distance between QAP and QSTAs. Furthermore,
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Table 4. Objective values (upper bounds) for different QoS parameters for each CoS

Class 0 1 2 3 4 5
Mean IPTD [ms] 100 400 100 400 1000 NS
IPDV [ms] 50 50 NS NS NS NS
IPLR 1072 107® 10=* 107% 103 NS
IPER 107 107* 107* 10=* 10~* NS

we considered high transmission rate and low latency for the wired link in or-
der to have in the EDCA mechanism the only bottleneck of the system. The
scenario is then composed by a variable number of VoIP and Videoconference
users, whose traffic is generated from the data acquired in our experimental ses-
sion as previously described. Each QSTA supports the EDCA mechanism and
has a VoIP or videoconference session active with a companion station on the
wired network. During each active session, traffic is produced in both directions.
Among the sources, a single couple of stations simulates a data transfer, based
on the TCP protocol, by setting up a greedy file transfer. The use of a single
client-server connection for data transfer can be backed by two reasons: first,
TCP sources can modify their data rate according to the congestion state of the
network and, second, the issues associated to guarantee a minimum bandwidth
to TCP sources are outside of the scope of this study.

Videoconference- - S -——

peers % 9 \\ // ~ Videoconference
/ \ | ~_ peers
’ G ¥
\
y 1 ! \
/ 1 \ @ M N\
.

FTP client

el VoIP peers

e

FTP server

Fig. 2. Simulation scenario
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For the estimation of the admission region, we assume that packets exceeding
the Mean IPTD and the IPDV are dropped by the application. Then, we compute
a Virtual IPLR (VIPLR) as the ratio between the total number of discarded
packets and the transmitted packets of the considered traffic flow. The total
number of discarded packets is obtained as the sum of the number of lost packets
(due, for example, to buffer overflow or to reaching the maximum number of
retransmissions at MAC layer) and of the packets exceeding the Mean IPDT and
IPDV limits. Finally, we suppose that a new user service cannot be accepted by
the system if its activation implies that the estimated vIPLR of at least one of
the active CoS exceeds the IPLR upper bound.

The constraints for the determination of the admission region are obtained
from Table @] after associating a Class of Service to VoIP and videoconference
services. In particular, we reckoned VoIP services to require the QoS parameter
constraints defined for Class 0, while the videoconference those for Class 1. Then,
in the mapping of EDCA’s AC to the CoS, we have assumed that VoIP traffic
can be transported with AC 0, while AC 1 is used by the videoconference traffic;
the traffic of the TCP connection has been transmitted using AC 2.

Several sets of simulation have been carried out using different number of
VoIP and Videoconference sessions simultaneously active. For each set we carried
out at least 10 different simulations having diverse seeds for the random number
generators in order to estimate mean values and 95% Confidence Interval for the
vIPLR parameter.

The admission region has been obtained as the set of scenarios, each one
characterized by a different number of VoIP and videoconference users, where
the constraints on the upper value of IPLR are satisfied (i.e. a value lower than
1073, found for the 95%-CI of vIPLR). The analysis of the QoS parameters has
been carried out in both directions of the traffic flows exchanged in a single
session, i.e. from the mobile station to the wired one and vice versa.

4.4 Simulation Results

We start the discussion of the simulation results considering the simple scenario
where only VoIP sources are active. We recall that in our simulation the TCP
connection is always present. The obtained performance parameters, reported in
Table Bl refer to two scenarios with zero videoconference and 21 and 22 VoIP
sources (columns named “0-21” and “0-22”) and are the arithmetic averages over
simulations carried out with different seeds. Each parameter has been observed
for both the upstream (from mobile towards wired stations) and the downstream
flows, in order to point out if there is a different behavior in the two directions
of traffic. For both flows we observed about 20000 packets.

From the table, we can deduce that the system is unable to satisfy the QoS
requirements for 22 VoIP sources: the constraint on vIPLR is not satisfied in the
downlink streamfl (see Table M, where the constraints are reported). Hence, a
first point delimiting the admission region is represented by the scenario where

5 The value exceeding the constraint is reported in bold.
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Table 5. Simulation results for the 0-21 and 0-22 scenarios

0-21 0-22
Uplink Downlink Uplink Downlink
Mean IPTD (ms) 1.72 2.87 1.82 3.06
Lost packets 1.55 5.95 2.66 9.09
Discarded packets for IPTD  0.08 2.23 0.21 5.46
Discarded packets for IPDV 0.6 4.31 0.86 8.72
vIPLR (10™%) 1.11 6.29 1.85 11.7
95%-CI (107%) 0.789 2.06 1.14 4.03

Table 6. Simulation results for the 5-0 scenario

Uplink Downlink

Mean IPTD (ms) 3.59 9.05
Lost packets 0.12 3.78
Discarded packets for IPTD 0 0
Discarded packets for IPDV ~ 0.06 206.38
vIPLR (10~%) 0.03 35.5
95%-CI (10~%) 0.18 27.2

zero videoconference and 21 audio sources are active. It should be noted, how-
ever, that in the uplink the vIPLR is always under the 10~3 upper bound, even
in the 0-22 scenario. This remark highlights the bottleneck role played by the
QAP: considering all the four ACs, the QAP has the same probability to ac-
quire the right to transmit a frame as whatever QSTA, while it is expected to
transmit a traffic that is about N times the traffic generated by a single mobile
station (with N being the number of mobile stations having an active symmetri-
cal and bidirectional session in the coverage area of the AP). For completeness,
we report Fig. Bl and Fig. ll showing the complementary probability of IPTD
and IPDV parameters observed for upstream and downstream traffic in the 0-21
and 0-22 scenarios. From these figures, we can note the different behavior of the
downstream link with respect to the uplink.

A second set of simulations shows that the considered system is unable to
satisfy the QoS requirements of 5 videoconference users (scenario 5-0). The de-
tails on the observed performance parameters are summarized in Table [6l In
this case the number of transmitted packets for each direction is about 59000.
In this case too, the maximum number of active sources satisfying their QoS
requirements is imposed by the IPDV parameter in the downlink. In addition,
the large packet sizes produced by videoconference sources lead to higher per-
formance differences between uplink and downlink: the vIPLR experimented by
the downlink flow is three order of magnitude higher than that observed in the
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uplink flow (3.55- 1073 vs. 3 - 107°). This is a further proof of the congesting
behavior of the AP. It is also worth noting that the main contribution to the
vIPLR is given by the packets discarded for overcoming the IPDV upper bound.

This time, for the sake of simplicity, we report just the complementary prob-
ability of the IPTD parameter observed for upstream and downstream traffic,
see Fig.[0l. Similar behavior has been observed for the complementary probability
of IPDV parameter.
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Fig. 5. Complementary probability of videoconference IPTD for the 5-0 scenario

After the evaluation of the boundaries of the admission region in case of
homogeneous QoS aware sources (i.e. only VoIP or videoconference sources), we
have taken into account all the other points of the admission region mixing active
VoIP and videoconference sources. The results of this work are depicted in Fig.
where the x-axis represents the number of VoIP sources and the y-axis represents
the number of videoconference sources. The grayed area indicates the admission
region, in terms of joint number of voice and videoconference applications which
can be activated concurrently in the QBSS satisfying the QoS requirements.
The results show the low number of simultaneous videoconferences that can be
admitted. A similar statement holds for the VoIP services: in spite of the low
traffic produced by a single source (a VoIP service requires about 11 Kbps for
each direction), only 21 VoIP sessions can be simultaneous active if we want
to satisfy their QoS requirements. The number of QoS-aware services that can
be simultaneously supported by the 802.11e technology is therefore surprisingly
low. This is due to the constraints of QoS imposed to the transport service,
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to the distributed EDCA mechanism and to the presence of just a single TCP
traffic session.

4.5 Comparison Between 802.11b and 802.11e

To verify the actual performance improvement of the EDCA, we carried out the
same tests on the admission region with the 802.11b version [12], keeping the
same QoS limits and the same traffic parameters to provide for a fair comparison.
The “b” version of IEEE 802.11 does not allow to split the different streams into
separate queues, but they are handled together by the same queue with no
priority levels. Therefore we should expect highly variable delivery times for all
the streams.

The results, reported in Table[7] have been obtained for the scenario with 0
videoconference and 1 VoIP sessions. We can easily deduce that the DCF does
not allow any VoIP communication when a TCP connection is active. Moreover,
we can observe that this is once again due to the bottleneck represented by the
AP in the downlink: for the uplink traffic the vIPLR limit is satisfied.

The reason for the non-admission of the real-time streams is the presence
of the TCP traffic, which is kept active. To confirm this statement, we ran
a simulation where the data traffic has been turned off and where 10 VoIP
calls have been inserted. Under this configuration the obtained values were well
below the imposed limits. The figures for the considered QoS parameters in the
downlink are shown in Table

The difficulties in maintaining the real-time communications come from the
excessive delay that the packets experience, resulting in a high drop rate. We
can put this fact in relation with the presence of the TCP traffic if we consider
that the TCP protocol expects a confirmation for the correct reception of each
packet. This confirmation translates into another packet, the ACK packet, that is
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Table 7. Statistics for the audio streams in the 0-1 bidirectional configuration

Uplink Downlink

Mean IPTD (ms) 3.02 3.29
Lost packets 0 0.2
Discarded packets for IPTD 0.6 17.6
Discarded packets for IPDV 4 9

vIPLR (10~%) 2.27 13.1
95%-CI (10™%) 1.39 34.4

Table 8. Downlink statistics for the 10 audio streams without TCP traffic

Downlink
Mean IPTD (ms) 0.58
Lost packets 0.06
Discarded packets for IPTD 0
Discarded packets for IPDV 0
vIPLR (107%) 0.03
95%-CI (10™%) 0.06

a further burden on the AP’s queue. Hence all the packets, including multimedia
ones, are subject to increased delivery times.

5 Conclusions

The aim of this work was determining, via simulation, the admission region for
multimedia streams for the 802.11e EDCA protocol. In particular, we focused
on VoIP and videoconference services, adopting G.723.1 and H.263 codecs re-
spectively. The simulator has been fed with values drawn from measurements of
real VoIP and videoconference sessions.

The results highlights on one hand the efficiency of transport differentiation
offered by the EDCA’s ACs, while, on the other hand, it has emerged the presence
of a bottleneck at the AP’s transmission queue (towards the mobile nodes).
Hence the admission region turned out to be dependent on the overcoming of the
limits imposed by the ITU-T Y1541 recommendation by the streams originated
at the fixed stations.

Simulations have also been run to quantify the improvements with respect to
the legacy 802.11 DCF mode, whose inability to guarantee the QoS requirements
has been proven in the presence of TCP traffic.
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Abstract. We evaluate different call admission control policies in various mul-
tiservice cellular scenarios. For each of the studied policies we obtain the
maximum calling rate that can be offered to the system to achieve a given QoS
objective defined in terms of blocking probabilities. We propose an optimiza-
tion methodology based on a hill climbing algorithm to find the optimum con-
figuration for most policies. The results show that policies of the trunk reserva-
tion class outperform policies that produce a product-form solution and the im-
provement ranges approximately between 5 and 15% in the scenarios studied.

1 Introduction

Call Admission Control (CAC) is a key aspect in the design and operation of multis-
ervice cellular networks that provide QoS guarantees. Different CAC strategies have
been proposed in the literature which differ in the amount of information that the
decision process has available. Obviously, as more information is fed into the process
that decides if a new call is accepted or rejected both the system performance and the
implementation complexity increase. We study a class of CAC policies for which the
decision to accept a new call, say for example of service r, depends only on either the
number of resource units occupied by the calls in progress of service » (which pro-
duce a product-form solution) or the number of free resource units in the system
(trunk reservation). The physical meaning of a unit of resources will depend on the
specific technological implementation of the radio interface.

Two sets of parameters are required to obtain the optimum configuration for these
policies: those that describe the services as Markovian processes and those that spec-
ify the QoS objective. The QoS objective is defined in terms of the blocking prob-
abilities for both new setup requests and handover requests. In a wireless scenario this
distinction is required because a call being forced to terminate due to a handover
failure is considered more harmful than the rejection of a new call setup request.

The configuration of a CAC policy specifies the action (accept/reject a new/handover
request from each service) that must be taken at each system state in order to maxi-
mize the offered calling rate while meeting the QoS objective.

For the class of CAC policies under study, an important question that arises is how
the performance of simple policies that produce a product-form solution compare to
the performance of the trunk reservation policies and how sensitive these policies are
to the tolerance of system parameters and to overloads. Surprisingly, and to the best
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of our knowledge, no studies have been published so far comparing the performance
and sensitiveness of these policies when deployed in cellular access networks.

For a monoservice scenario, it has been shown in [1] that two trunk reservations
polices named the Guard Channel and the Fractional Guard Channel’ are optimum
for common QoS objective functions. More recently, the multiservice scenario has
been studied in [2], where using an approximate fluid model the optimum admission
policy is also found to be of the trunk reservation class.

We study a representative selection of policies that produce a product-form solu-
tion, which include: i) Complete Sharing; ii) Integer Limit [3]; iii) Fractional Limit
[4]; iv) Upper Limit and Guaranteed Minimum (ULGM) [5]; v) Fractional Limit and
Integer Limit; vi) ULGM and Integer Limit; vii) ULGM and Fractional Limit; and,
viil) ULGM with Fractional and Integer Limits. We also study a representative selec-
tion of trunk reservation policies, which include: ix) Multiple Guard Channel [6];
and, x) Multiple Fractional Guard Channel [7,8]. Details for all these policies are
given in the next section.

For each policy and for each possible configuration of them we determine the
maximum calling rate that can be offered to the system in order to satisfy the QoS
objective. The result of this study is called the solution space and its peak value is
called the system capacity for the CAC policy. We obtain the solution space for each
policy in five different scenarios.

The main contributions of our work are: i) the determination of the optimum con-
figuration for different multiservice CAC policies in various common scenarios using
a novel hill-climbing algorithm; ii) the determination of the system capacity for each
scenario (which is attained at the optimum configuration); and iii) the sensitivity
analysis of the performance of the different policies to both the tolerance of the values
of the configuration parameters and to overloads. The deployment of a hill-climbing
algorithm drastically reduces the computational complexity of the process that deter-
mines the optimum configuration of a policy and, for example, compares quite fa-
vorably to the one proposed in [8] for the Multiple Fractional Guard Channel policy.

We use the theory of Markov Decision Processes (MDP) [10] along with linear
programming techniques to obtain the optimum CAC policy and its configuration and
we find that the policy is of the Randomized Stationary (RS) type [9]. This policy
outperforms previous policies and is considered as a performance upper bound in the
comparative study. Clearly the performance of the Complete Sharing policy defines
the lower bound.

The remaining of the paper is structured as follows: in Section 2 we describe the
model of the system as well as the CAC policies under study. In Section 3 we de-
scribe the RS policy in detail, formulating a method for the design of the CAC policy
as the solution to a linear program. Section 4 justifies the applicability of the hill
climbing algorithm for the determination of the optimum configuration of a policy. In
Section 5 we compute the system capacity for each of the CAC policies under study.
Section 6 discuses how the CAC policies behave under overload conditions. Finally,
Section 7 concludes the paper.

"In [1] FGC is referred to as Limited FGC.
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2 System Model and Admission Control Policies

We consider a single cell, where a set of R services contend for C resource units. For

any service » (1<r < R), new setup requests arrive according to a Poisson process

with mean rate A’ and request ¢, resource units per call. The duration of a service r

call is exponentially distributed with rate p. , the cell residence time or dwell time of

a service 7 call is exponentially distributed with rate p’. Hence, the holding time of

the resources occupied by a service » call is exponentially distributed with rate

w, =ps +u’. We will also consider that handover requests arrive according to a Pois-

son process with mean rate A". Although the value of 1" can be determined by a

fixed point iteration method that balances the incoming and outgoing handover flows

of a cell as described [11], we will suppose it is a known fraction of the value of 4.

The QoS objective is expressed as blocking probabilities for both new setup requests

(B") and handover requests ( B").The handover blocking probabilities are related to

the forced termination probabilities of accepted calls through the expression [11]

#_ B}
(uj /ud )+ B!

Let the system state vector be n=(n,n,...,n},n,), where n"" is the number of

service r calls in progress in the cell that where 1n1t1ated asa successful setup request

or a handover request respectively. We will denote by c(n) = z (n +n, ) ¢, the
number of busy resource units in state n. Let S, be the state s ace under pohcy P. For

example, for the Complete Sharing policy SCS =! neN* [P n +n')-c, < C}l

The stochastic process n(t), which gives the system state at tlme ¢, is an 1rreduc1b

finite-state continuous-time Markov chain with a unique steady-state probability vec-

tor .

The definition of each CAC policy under study is as follows:

1. Complete Sharing (CS). A request is admitted provided there are enough free re-
source units available in the system.

2. Integer Limit (IL). Two parameters are associated with service r: [ for new setup
requests and /” for handover requests, /”,/" € N . A service r request that arrives
in state n is accepted if (n" +1) </"" and blocked otherwise.

3. Fractional Limit (FL). Four parameters are assigned to service 7: ¢',t' € N and
q'.q" €[0,1]. A service r request is accepted with probability one if
(™" +1)<¢"", otherwise new setup requests are accepted with probability ¢’ and
handover requests with probability ¢ .

4. Upper Limit and Guaranteed Minimum (ULGM). Service r requests have access to
two sets of resources: a private set and a shared set. The number of resource units
in the private set available for new setup requests is denoted as (s’ -c,) and for
handover requests as (s"-c,), s',s' € N. Therefore the size of the shared set is
Cc- z (s +s, ")-c, . A service r request is accepted if (n’"+1)<s"" or if there
are enough free resource units in the shared set, otherwise it is blocked

5. Fractional Limit and Integer Limit (FL+IL). Six parameters are associated with
service 71 1',t!,1",1I" e N, q",q" €[0,1]. A service r request is accepted with
probability one if (n’"+1)<¢"", it is accepted with probability ¢"" if
" < (n”"+1)<1"", and blocked otherwise.
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6. ULGM and Integer Limit (ULGM+IL). Four parameters are associated with ser-
vice r: s”,s",I",I" € N . A service r request is accepted if (n"+1)<s"" or if there
are enough free resource units in the shared set and (n"" +1)</"", and blocked
otherwise.

7. ULGM and Fractional Limit (ULGM+FL). Six parameters are associated with
service r: s!,s!,t",t' € N and ¢'.q' €[0,1]. A service r request is accepted with
probability one if (n"" +1) <s"" or if there are enough free resource units in the
shared set and (n"" +1)<t"", it is accepted with probability ¢'" if there are
enough free resource units in the shared set and (n" +1) > ¢"", and blocked oth-
erwise.

8. ULGM with Fractional and Integer Limits (ULGM+FL+IL). Eight parameters are
associated with service 7 s,s),¢/,t/ 1", [' € N and q,q, €[0,1]. A service r re-
quest is accepted with probability one if (n" +1)<s"" or if there are enough free
resource units in the shared set and (n" +1) <", it is accepted with probability
q'" if there are enough free resource units in the shared set and
" < (n*" +1)<1"" , and blocked otherwise.

9. Multiple Guard Channel (MGC). Two parameters are associated with service r:
I",I" € N . A service r request that arrives in state 7 is accepted if c(n)+c, </
and blocked otherwise.

10.Multiple Fractional Guard Channel (MFGC). Four parameters are associated with
service r- ¢t € N and ¢ .q, €[0,1]. A service r request that arrives in state # is
accepted with probability one if c(n)+c, <t"", accepted with probability ¢ if
c(n)+c, =", and blocked otherwise.

11.Randomized Stationary (RS). Each system state is assigned with a set of probabili-
ties g(n) ={ g, (n),q (n),....qp(n),q5 (n)}, q(n) e [0,1] . A service r request that
arrives in state 7 is accepted with probability ¢ (n).

3 Randomized Stationary (RS) Policies

In this section we redefine the notation of the system state vector as x = (x,,...,x;),
where x, =n" +n" . In memoryless systems this redefinition does not suppose a loose
of generality because once a request of service » has been accepted in a cell, the time
the resources will be held is a random variable which distribution is independent of
the fact that the call had been initiated as new or as handover. Therefore the state
space is S :{ xXeN R|Zf:lxr ¢, < C;. Each state has an associated set of actions
A(x) e A, where A is the set of all actions, A={a= (al,...,aR) |a,, = 0,1,2}. Element
a, of an action a encodes how service » requests are handled, and its meaning is as
follows: a, =0 reject both new and handover requests; a, =1 accept handover re-
quests and reject new requests; and a, =2 accept both new and handover requests.
When an RS policy is applied, one of the possible actions A(x) is chosen at random
according to the probability distribution p (a), a € A(x), each time the process visits
state x . The transition rate between states depends on the action chosen. Let 7, (a)

denote the transition rate between states x and y when action a is chosen. Transi-
tions rates can be expressed as:
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associated to arrivals (y=x+e,) associated to departures (y =x—e, )
0 ifa, =0
ry(a)= A ifa, =1 ry(@)=x.u,

M+ ifa =2
where » denotes the service type and e, is a vector whose entries are all 0 except for
the r-th one which is 1.

The continuous time process is converted to a discrete time one by applying the
uniformization approach. This is possible since a uniform upper bound I" can be
found for the total outgoing rate from each state, where I' = Z,R:, A+ +Cp).
The transition probabilities for the uniformized discrete time Markov chain can be
written as:

ry(@)/T V#EX
pxy (a) - ] _ZZESRS pxz (a) y =X

Let us define the following cost functions:

ifa, = 1 ifa =0
¢ (a) = 1 ifa =0, 1 c:’(a):{ .1 a,
0 ifa =2 0 ifa =1 2

Note that the cost associated to any action is independent of the state, i.c.
¢ (x,a) = ¢ (a)Vx . Cost functions are defined in such a way that their time average

r

equals the corresponding blocking probability, i.e.

(E [ S (x(t),a(t))] )
pr" = lim

koo (k+1)

where x(¢) and a(t) represent the state and action at time t.

Let p(x) denote the stationary probability of state x. If we introduce
p(x,a) = p(x)p.(a), which denotes the probability of being in state x and choosing
action x, then the following equation holds: p(x) = Zaem) p(x,a).

3.1 Constrains

We now define several constraint sets that are subsequently used to formulate the
design criterion:

S0 Y pxa)= Y p (@p(.a), xS
acA(x) yeSps
acA(y)
Z px,a)=1, px,a)=0
XeSpg

aeA(x)
Constraints in SO stem from the associated Markov chain equations.
S1 z p(x,a)-c (x,a)<B/, J=nh, r=1,.,R

xeSpg
acA(x)

Parameters B"" represent the maximum allowed values for the blocking probabilities.
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3.2 Design Criterion

The design criterion considered here is made up of an objective function, which is to
be minimized, plus the constraint sets defined above. As both objective functions and
constraints are linear, the design problem can be formulated as a linear program. Thus
the simplex method or other well-known algorithms can be used to solve the linear
program. Different design criterion can be used [9] but in this work we only use the
following:

Minimize R subject to: SO and S1
> pa)(el (xa)+el(xa))

acA(x)

The solution of the linear program yields the values of p(x,a)from which the
steady-state probabilities p(x) and the CAC policy configuration p, (a) are obtained;
note that the values of p_(a)can be readily mapped to the RS policy description given
in Section 2. In this way, the blocking probability for each service is minimized and
upper bounded by the QoS objective. From a practical perspective it is worth noting
that there may not exist a feasible solution if the value of C is not high enough. Find-
ing the minimum value of C so that a feasible solution exists or, equivalently, finding
the maximum offered traffic so that a feasible solution exists for a given value of C,
are typical problems at the planning phase that can be solved by applying this design
criterion.

4 Determination of the Optimum Policy Configuration

The common approach to carry out the CAC synthesis process in multiservice sys-
tems is by iteratively executing an analysis process. We refer to a synthesis process
as the process that having as inputs the values of the system parameters
(A"",u,,c, and C) and the QoS objective (B""), produces as output the optimum
configuration (the thresholds /",¢"",s"") for a given CAC policy. In contrast the
analysis process is a process that having as inputs the value of the system parameter
and the configuration for a given CAC policy produces as output the blocking prob-
abilities for the different services.

Given that in general, the blocking probabilities are non-monotonic functions both
of the offered load and the thresholds that specify most policy configurations; the
common approach is to carry out a multidimensional search using for example meta-
heuristics like genetic algorithms which are able to find a good configuration in a
reasonable amount of time. It should also be pointed out that each execution of the
analysis process requires solving the associated continuous-time Markov chain, for
which we use the Gauss-Seidel algorithm when the solution has not a product-form.
As shown before, the first eight policies are created by defining multiple thresholds
with multiple weights for each traffic stream. It has been shown in [4] that these policies
result in product-form solutions.

In this respect, formulating the problem of finding the optimum CAC policy by the
theory of MDPs has as advantage that both the value of the system parameters and the
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QoS objective become part of the inputs and as output we obtain the optimum con-
figuration. Therefore no additional search is required.

The study of the optimum configuration for each policy is done for five different
scenarios (A, B, C, D and E) that are defined in Table 1, where the B’ M are specified
as percentages. The parameter f, represents the percentage of service r new call
requests, i.e., we suppose that the aggregated new call request rate is A = Zf:]}\,:l ,
A = f. ). This simplification reduces the complexity of the multidimensional search
and seems to be a common approach among operators. The parameters in Table 1
have been selected to explore possible trends in the numerical results, i.e., taking
scenario A as a reference, scenario B represents the case where the ratio ¢, /¢, is
smaller, scenario C where f,/ f, is smaller, scenario D where B, /B, is smaller and
scenario E where B, and B, are equal.

Table 1. Definition of the scenarios under study

A B C D E
¢ [ T T

¢ 2 4 2 2 2
f 08 08 02 08 08
£ 02 02 08 02 02

B! % 5 5 5 1 1
B % 1 1 1 2 1

A,B,C,D,E
B'% 0.18"
X fih
A 0.51"
Ly 1
M, 3

In order to illustrate the algorithm we have chosen a simple example with only two
service classes but without their associated handover streams. This allows us to repre-
sent the solution space in only three dimensions. Fig. 1 and Fig. 2 show the solution
spaces when policies IL and MGC are deployed in scenario A with C =10 resource
units (recall that ¢, =1, ¢, =2, B, =5% and B, =1%).

The configuration of both policies is defined by two parameters /, and /,. Re-
member that when deploying the IL policy a call setup request from service r is ac-
cepted only if (1, +1) </ . On the other hand, when deploying the MGC policy a call
setup request from service r is accepted only if c(n)+c, <[ . These two policies were
selected because they have solution spaces with shapes that can be considered as
representing two different families (with and without product form solution respec-
tively). The MGC has been chosen instead of the MFGC policy, because it has the
same number of configuration parameter as the IL policy.

The form of the solution spaces shown in Fig.1 and Fig.2 suggests that a hill-
climbing algorithm could be an efficient approach to obtain the optimum configura-
tion for most CAC policies. The hill-climbing algorithm works as follows. Given an
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System capacity kmax relative to CS for scenario A
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Fig. 1. Example of the use of a hill-climbing algorithm to determine the optimum configuration
for the IL policy

System capacity kmm_ relative to CS for scenario A
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Fig. 2. Example of the use of a hill-climbing algorithm to determine the optimum configuration
for the MGC policy

starting point in a k-dimensional discrete search space (for example, point 0 in both
figures), the hill-climbing algorithm begins by computing the value of the function
(the system capacity A, ) for the two adjacent neighbors in each of the & dimensions
(points a, b, ¢ and d in both figures). Then the algorithm selects as the new starting
point the adjacent point with the largest function value (point ¢ in both figures) and
the process repeats iteratively until a local maximum is found. In this way the algo-
rithm makes a number of successive unitary steps along each dimension of the search
space and stops when it reaches the peak.

As defined in Section 1, each point of the solution space defines the maximum ag-
gregated call request rate (A =X, +A,, A, = f,1) that can be offered to the system in
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order to satisfy the QoS objective. The plotted surfaces are obtained as follows. At
each point, A, is computed by a binary search process which has as input the value
of the system parameters | ,c,, C and the thresholds / , and produces as output the
blocking probabilities p, . The binary search process stops when it finds the A that
meets the QoS objective B, ,r=1,..., R.

It should be noted that the system capacity is expressed as a relative value to the
capacity obtained for the CS policy. When the solution space is continuous, for exam-
ple for the MFGC policy, a gradual refinement process is used to reduce the size of
the step once a promising region has been found, which is possibly close to the opti-
mum.

A further reduction of the computation complexity can be obtained by observing
that the optimum configuration (point P) for any policy is near the CS configuration
(point CS), and therefore it is a good idea to select it as the starting point. In Fig. 1
points 1 to 3 and in Fig.2 point 1 illustrate a typical progression of the algorithm start-
ing from the CS configuration and ending at the peak.

To gain additional insight into the problem we show the solution spaces for the IL
and MGC policies in the scenario A, now considering their associated handover
streams. Given that each policy has now a four-dimensional solution space in the
scenario under study, an appropriate representation is required. We have chosen to
represent slices of the solution space: variation of system capacity A, (expressed as
a relative value to the capacity obtained for the CS policy) as a function of each con-
figuration parameter (/',/',/} and I} ) while keeping the others constant at their opti-
mum values.

U) | | |

O | | |

g 12 B R

2 109 e

g B R a

fu | | |

= | | |

<* 08 R IRREELEELE LRIl

> / I I I

= | | |
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© | | |

o | | |
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;.-«49 | | | |
0 5 10 15 20 25 30 35 40

IL Threshold /"

Fig. 3. Two-dimensional representation of the solution space for the IL policy in the scenario A
with C=40
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For the IL policy, Fig. 3 plots the slices of the solution space in scenario A with
C=40. As it could be expected, the values of the configuration parameters at which
the peak for A, (1.09) is achieved are different. An interesting observation is that
the peak value seems insensitive to the values of some configuration parameters in a
quite large region. Unfortunately, the peak value seems sensitive to the value of /',
that is, to the threshold defined for new calls of service 1.

This can be intuitively explained noting that if the system is loaded with A, and
we deploy the CS policy then the blocking probability achieved for the new calls of
service 1 ( p') is far below its objective, while the blocking probabilities achieved by
the other traffic streams are much closer to their objectives. In this scenario we can
increase the capacity of the system by restricting the access to the new calls of service
1 (by decreasing its threshold if deploying the IL policy) and offering the new avail-
able capacity to the other traffic streams. Therefore, if a value larger than the opti-
mum one is chosen for /' then the performance of the IL policy approximates the
performance of the CS policy, but if a value smaller than the optimum one is chosen
for /' then the performance of the IL policy can be even worse than the performance

of the CS policy.
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wn | | | | | | |
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Fig. 4. Two-dimensional representation of the solution space for the MGC policy in the sce-
nario A with C=40

Figure 4 plots the slices of the solution space for the MGC policy. As it could be
expected, the values of the configuration parameters at which the peak for A, (1.24)
is achieved are different. For this policy, there is no plateau but a clear half-pyramidal
or near-half-pyramidal shape with the maximum located at the apex. In this case, the
position of the apex is of capital significance since not far away from this point the

system capacity is poor compared to the one obtained for the CS policy. This solution
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space suggests that the definition of the configuration parameters requires more preci-
sion, unless we are willing to accept a degradation of the system capacity. Neverthe-
less, the slopes of the curves are now less steep. It should also be noted that, as men-
tioned before, the optimum configuration is close to the CS configuration (all thresh-
olds set to C).

5 System Capacity

In this section we obtain the system capacity that can be expect when deploying one
of the CAC policies under study. As defined before, the system capacity is the maxi-
mum arrival rate of new calls (A = Zf:lkf ) that can be offered to the system while
meeting the QoS requirements, i.e. that produces blocking probabilities lower or equal
than B"" .

Table 2. System capacity for the CAC policies under study

FL |ULGM|ULGM|ULGM
[C|] cs | IL |ULGM| FL | +IL | +FL| +IL +FL+IL| MGC|FMGC| RS
10| 1.54/1.13|1.07|1.13(1.14|1.18|1.17|1.18 |1.23|1.33 |1.34
A|120| 561(1.11|1.06|1.12(1.13|1.15|1.14|1.16 |1.26| 1.31 [1.31
40 |15.76(1.09/1.07|1.10|1.10 | 1.14 | 1.13|1.14 |1.24|1.25 |1.26
10| 0.37(1.05/1.00|1.181.181.181.05|1.19 |1.10| 1.15|1.20
B|20| 2.78/1.03/1.08|1.11|1.11 |1.12|1.09|1.13 |1.21|1.25|1.25
40 110.39(1.06/1.04|1.07|1.10|1.09 [1.06|1.10 |1.21|1.22 |1.23
10| 1.37(1.07/1.05|1.07/1.091.10|1.08|1.10 |1.11|1.21 |1.22
C|20]| 577(1.05/1.05/1.08/1.08(1.07]1.06(1.09 |1.20|1.21 |1.21
40 117.621.05/1.04|1.071.07 |1.07 [1.06|1.07 |1.15]1.16 [1.16
10| 1.7411.031.00|1.06(1.06|1.04|1.03|1.06 |1.13|1.16 |1.17
D |20 | 6.05/1.04/1.00|1.05{1.05(1.05]1.04|1.05 |1.13|1.151.15
40 116.54(1.03/1.00|1.04/1.041.00|1.03|1.04 |1.10|1.11 [1.11
10| 1.54/1.05/1.00/1.06(1.06|1.05]|1.05|1.06 [1.13|1.17 |1.17
E|20| 5.62(1.04/1.02|1.05/1.05|1.06]1.05]1.06 [1.13]1.15[1.16
40 | 15.7/1.03/1.02|1.04{1.04/1.05(1.04/1.05|1.10|1.10(1.10

The study is done for the five scenarios described in Table 1. Results for the capac-
ity are displayed in Table 2. They are expressed as relative values to the capacity
obtained for the CS policy, while for this policy we display absolute values. The
maximum traffic that can be offered by each service can be easily determined from
the parameters in Table 1, once the system capacity has been obtained.

As observed, trunk reservation policies perform better than those that produce a
product-form solution and, in the scenarios studied, the improvement ranges between
5 and 15% approximately, although in some configurations can be a bit lower and in
others a bit higher. However, the relative gain diminishes when the number of re-
source units C increases.
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In general, the implementation complexity is not an issue in these types of policies
because at the most they only require storing a reduced set of parameters per service.
For the RS algorithm, it can be shown that the maximum number of variables that
need to be stored are the number of states plus 4R [9].

6 Sensitivity to Overloads

We study how the achieved handover blocking probabilities p” of all services in-
crease with different degrees of overload (1% to 500%), which is defined as the ratio
of the offered aggregated calling rate of new calls to the A, that allows the system to
meet the QoS requirements. It should the noted that the components of the offered
aggregated calling rate are determined by A’ = f/A as shown in Table 1, and there-
fore, as we increase the offered aggregated calling rate A their relative ratios are
maintained.

Given a policy and a configuration, the limiting service (LS) is the one for which
its achieved p” or p’ prohibits to increase A, . When deploying any of the policies
that produce a product-form solution and the system is loaded with A, , typically,
the achieved p” of the LS is the one closest to its objective, while for some very few
particular cases it is the p! of the LS which is the one closest to its objective. When
overload occurs, typically, the p’ of the LS goes above its objective, while for the
very few particular cases mentioned before it is the p! of the LS which goes above
its objective, while all the p’ remain below their objectives for a certain range of
overload.

When deploying any of the last three policies and the system is loaded with A
all the achieved blocking probabilities p™”

r

max

are quite close to their objectives, and this
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Fig. 5. Ratio of the achieved to the objective handover blocking probabilities in the scenario B
with C=20
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is specially true for the last two. Under a certain degree of overload, the p” achieved
by the LS is typically smaller than the p! achieved by the LS of any of the policies
that produce a product-form solution, except for the very few particular cases just
described.

The increase ratio for the p” with a given increase of the overload ratio tends to be
similar for all policies. All the comments of this section are especially applicable in
scenarios with C=20 or 40 bandwidth units.

Fig. 5 shows the ratio of the achieved to the objective handover blocking probabili-
ties for each service class and degree of overload. For example, for the IL policy and
a 10% of overload the achieved handover blocking probability of service class 1, p|',
is 33.75% of its objective (B! =5% ).
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Fig. 6. Relative increase of the handover blocking probabilities in the scenario B with C=20

Fig. 6 shows the relative increase of the p’ in relation to the previous degree of
overload. For example, for the IL policy the achieved handover blocking probability
of service class 1 for an overload of 10% is 25.23% higher (1.2523) than the achieved
handover blocking probability of service class 1 for an overload of 5%.

Finally, two main conclusions can be drawn from the sensitivity analysis to over-
loads. First, in general, deploying an admission control policy is convenient because it
introduces a certain degree of fairness since it shares among the different services the
penalty due to the increase of the blocking probabilities during overloads. Second, in
general, the last three policies tend to handle the overload similarly to (in the low to
medium overload region) or better than (in the high overload region) those which
produce a product-form solution, in the sense that the relative increase of the achieved
handover blocking probabilities for the last three is lower than the relative increase for
the policies that produce a product-form solution.
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7 Conclusions

We have determined the maximum system capacity that can be expected when using
different CAC policies. Due to the multidimensionality and non-monotonic behavior
of the system under study the determination of the optimum configuration becomes
difficult and computationally costly. The form of the solution spaces suggested us the
use of a hill-climbing algorithm to reduce the computational complexity of the proce-
dure that obtains the optimum configuration for each admission policy.

For the system capacity, numerical results show that policies of the trunk reserva-
tion class outperform policies that produce a product-form solution and the improve-
ment ranges approximately between 5 and 15% in the scenarios studied. However, the
relative gain diminishes when the number of resource units C increases. In addition,
the shape of the solutions space of the trunk reservation policies shows that higher
precision is required when determining the optimum configuration with respect to the
product-form policies. Given that in practice the system parameters must be estimated
and are non-stationary, trunk reservation policies could become less attractive.

We have also studied the sensitivity of the policies to overloads and found that, in
general, trunk reservation policies handle the overload better.

It is clear that the results of our study have been obtained in quite idealistic condi-
tions that might be difficult to achieve in a real operating system, nevertheless the
study provides novel insights to a difficult problem.

Future work should address the study of the solution space for the RS policy, al-
though intuition suggests that it could have a shape similar to the one found for the
MFGC policy but probably with a more pronounced apex. We also plan to study
adaptive policies which performance is insensitive to system parameters.
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Abstract. In this paper, we develop a novel CAC algorithm that takes
into account the mobility of users inside the cell with a focus on the
downlink of third generation mobile systems. We first study the system
capacity in a multiple cell setting and obtain effective bandwidth expres-
sions for different calls as a function of both their positions in the cell as
well as their classes of traffic (voice versus data). We then use this formu-
lation to derive a mobility-based admission control algorithm which we
analyze by Markov chains. We hence obtain several performance mea-
sures, namely the blocking probability, the dropping probability, both
intra and inter-cell, as well as the overall cell throughput. We eventually
investigate the performance of our CAC and show how to extend the
Erlang capacity bounds, i.e., the set of arrival rates such that the corre-
sponding blocking/dropping probabilities are kept below predetermined
thresholds.

1 Introduction

Universal mobile Telecommunication System (UMTS) is designed to support
a variety of multimedia services and its radio interface is based on Wideband
Code Division Multiple Access (WCDMA). In such a context, the system is
interference-limited and an efficient Connection Admission Control (CAC) is
needed to guarantee Quality of Service (QoS) of the different multimedia classes.

Several CDMA-oriented CAC algorithms have been developed, considering
the Signal-to-Interference Ratio (SIR) as the determinant parameter in accept-
ing or not a new call; the idea being mainly that a new call is accepted if its
contribution to the overall interference at the base station does not make the
latter exceed a given value [9] , or alternatively if the new call does not make the
SIR of an ongoing user fall below a target value [5][6][13]. However, these works
did not compute exact values for the blocking probabilities, and hence cannot
be used for an exact dimensioning of the system.

Yet, other works studied the capacity of CDMA systems using Markov chains,
and obtained analytical values for the blocking probabilities, but they focused
solely on the uplink [1][12]; it is well known, however, that the traffic in 3G
systems is assymetric, with the major part of data traffic supported by the
downlink. The only work, to our knowledge, that computed exact blocking rates

G. Kotsis and O. Spaniol (Eds.): Mobile and Wireless Systems, LNCS 3427, pp. 136-[I51] 2005.
(© Springer-Verlag Berlin Heidelberg 2005
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in the downlink is [T1], but it failed to consider the maximal transmission power
of the base station as an additional CAC constraint.

Moreover, these works considered a static CDMA system, where the QoS of
a user does not depend on its mobility and position in the cell. This assumption
could be somehow acceptable in the uplink, where a perfect power control makes
the SIR homogeneous in the cell until the maximal transmission power is reached
[7]. This is not true in the downlink where the SIR is largely dependent on
mobility. In fact, the level of interference at the mobile station in the downlink
will depend largely on its position in the cell : the farther is the mobile terminal
from the base station, the higher is the interference it experiences from adjacent
cells [[7]. This factor, i.e., distance r between the base station and the mobile
terminal, plays a discriminating role between different users in the downlink.

Our aim in this work is then to develop an admission control algorithm that
handles the mobility issue in the downlink of 3G wireless systems. It shall also
account for the maximal transmission power of the base station. Our algorithm
also handles priorities between voice and data traffic.

To take mobility into account, we develop expressions for the SIR in a mul-
tiple cell setting, and define a larger set of classes of users that implements, in
addition to the traditional voice versus data cleavage, new levels of priorities
based on the distance r. r is a random variable that changes with time account-
ing for the user’s mobility. The idea is then to decompose the cell into a finite
number of concentric circles, so-called rings, and to define an effective bandwidth
expression relative to each ring.

This effective bandwidth formulation makes it possible to study the capacity
of the system by Markov chains and to determine exact values of the blocking
probabilities. Another important performance measure that we obtain is the
dropping probability, i.e., the probability that an accepted user moving away
from its base station sees its call dropped before reaching the adjacent cell, or
has its handoff request blocked due to a lack of resources in the new cell.

Using these analytical tools, we associate to each ring and each class of
multimedia calls a given acceptance ratio. We find out that if the aim is to reduce
the dropping probability of ongoing calls at a low price in terms of blocking
probability of voice calls, we need to prioritize the calls that have the lower
effective bandwidth requirements. In this sense, data users near the base station
may have higher priority over farther voice users.

We next study the Erlang capacity of our system and determine the set of
arrival rates such that the corresponding blocking/dropping probabilities are
below predetermined thresholds. We show how to extend the Erlang capacity
region to include some additional arrival rates.

The remainder of this paper is organized as follows. In section II, we develop
an effective bandwidth formulation for the different classes of users in the system
where a class reflects both the user’s type of traffic as well as its position in
the cell. Based on these expressions, we define our CAC condition. In Section
III, we present a Markovian analysis of our algorithm and determine the steady
state probabilities. The performance measures in terms of blocking and dropping
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probabilities as well as cell throughput are calculated in Section IV. In Section
V we investigate, through numerical applications, several CAC strategies so as
to determine optimality of the algorithm. We also address the Erlang capacity
issue and show the benefits of our CAC in extending it. Section VI eventually
concludes the paper.

2 Model

2.1 Cell Decomposition

We consider a homogeneous DS/CDMA cellular system with hexagonal cells, of
radius R, uniformly deployed, and numbered from 0 to co; the target cell being
numbered 0 and containing K users.

In a previous work [7], we developed an expression for the SIR in UMTS. In
the downlink, we obtained a lower bound for the SIR :
pB)

B > = —— (1)
o2+ 12+ 52, P

with Pi(B) the signal emitted by the base station for user ¢, o2 is the power of the
background Gaussian noise, N is the spreading factor and e is the orthogonality
factor. g; is the path loss between mobile j and the base station given by :

¢j = L x (r;)*10C /19 (2)

where r; is the distance between mobile j and the base station and &; is a random
variable due to shadowing. « is usually equal to 4 and L = 33.8. I(r;) is the
upper bound of the other-cell interference at mobile j that we calculated in [7]
based on a log-normal approximation of this interference. We showed that this
other-cell interference varies rapidly with the distance to the base station, while
its variation with the angle with an arbitrary reference axis is not significant. It
can then be considered as a function of r; solely.

The downlink is limited by the maximum transmission power W that could
be emitted by the base station [6][8] and so :

Ko
i=1
Then, the CAC equation is :
K
Q—agw? 1) B
. . <
;’yz[ N +07q + N }7W (4)

This CAC equation is more constraining than classical ones where a call is
accepted if it does not degrade the SIR of ongoing users [11][13], or if it does not
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make the system reach its pole capacity [I], i.e., the number of users that makes
the power go to infinity. In fact, the maximal transmission power is not infinite
and the pole capacity can thus never be reached.

Let us introduce the following notation :

(1—-eWhE I(r)

g(r, &) = +02r107/10 4 ~ (5)

B
g(r, &) contains three interference terms. The first term, %, due to the

intra-cell interference, is a constant term that will be preponderant near the
base station. The second term, o2r®10~¢/10, is due to the Gaussian noise. And
the third term, %, is generated by the other-cell interference and will have a
larger effect near the cell border.

T T
—— without shadowing
—— randomly generated shadowing

Interference coefficient
)
o e
b N
T T

o

o

=3
T

I I I I I
50 100 150 200 250 300 350 400
Distance from the base station

Fig. 1. Effect of the shadowing on the interference coefficient

However, the direct effect of the shadowing & in the noise term o2r*107¢/10 is
not significant as this term is small compared to the other parameters, as shown
in Figure [l The latter plots the interference coefficient g(r, ) as a function of
the distance r, with and without shadowing in the noise term, for a cell of radius
R = 400 meters. We can see that even for a large cell where the Gaussian noise
has a relatively large mean value, the effect of shadowing is not significant in the
overall interference coefficient and can thus be neglected in capacity calculations.
Let us note that its effect remains however important as it increases the upper
bound of the othercell interference factor (Pflg; in I(r;)). We can then neglect
the shadowing in the noise term, i.e.,

(1—-eWh I(r)

8(r.) = g(r) = = + 0% + (6)
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Without loss of generality, we limit our study to two classes of users : voice
users requiring a SIR of 4V and data users requiring a SIR equal to v¢. For K"
and K¢ voice and data users in the cell respectively, Eqn. @) becomes :

KV K
> 4vg(r) + > ytg(ri) < WP (7)
=1 i=1

We define the effective bandwidth of class-x users at distance r from the base
station as

E*(r) =~"9(r) (8)

Let us now divide the cell into n concentric circles of radii Rx, k = 1...n, the
last circle being the circumcircle of the hexagonal cell, and let us define ring Z
as the area between the two adjacent circles of radii Rix—; and Ry (see Figure
[Z). The system is hence quantized. Let us note that the last ring will cover parts
of the adjacent cells to include calls that are in the soft handover region and are
then connected to both cells in the same time.

The immediate consequence of this quantization is that each class of users is
divided into n subclasses depending on their position in the cell. We then have
2n classes : n classes of voice calls, and n classes of data ones, and the effective
bandwidth of class-x mobiles in ring Zj, can be considered as constant with value

Ef =~"g(Ry) 9)
R?4+RZ |

where Ry, = , for instance and Ry = 0.
Note that Eqn. (@) can then be rewritten as

D (BRK + BiKY) <w? (10)
k=1

This effective bandwidth formulation of the load makes an abstraction of the
complexity of the WCDMA radio interface by a simple combination of a finite
number of traffic classes, in a circuit-switched-like system.

3 Analysis

3.1 CAC Algorithm

Our CAC algorithm is based on the idea of handling the mobility of users for
taking a CAC decision. The state of the system is then defined by the instan-
taneous number of calls in each ring. Priorities between handoff and new calls,
as well as between voice and data, are assured by means of different acceptance
ratios which we now define.

Calls arrive as new or handoff : voice handoff calls are given an absolute
priority over all other calls, while data handoff calls (if present) are treated
as new ones. Handoff voice calls are accepted if enough resources are available
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Fig. 2. Cell decomposition into rings

(i.e., condition (T is verified taking into account that the handoff call is always
situated in the last ring Z,,). For new calls of class = arriving in ring Z, k = 1..n,
they are accepted, if condition (I0) is verified, with an acceptance ratio aj < 1,
k = 1...n. In doing so, a new call request may be blocked, even though enough
resources are available, in order to leave space to higher priority users. Handoff
voice calls have an acceptance ratio of 1. Note that we treat handover calls, and
generally calls in last rings, in a pessimistic way, giving that they may require
lower power due to the macrodiversity. An alternative way to deal with these
calls is to define lower effective bandwidth for them. The whole analysis of this
paper will still hold.

3.2 Markovian Model
In what follows, we will make use of the following assumptions :

1. The arrival process of class-x new calls is Poisson with rate A* uniformally
distributed over the cell surface.

. The arrival process of class-r handoff calls in Z,, is Poisson with rate Aj.

. Class-z calls migrate from ring Z; to ring Z;, j = ¢+ 1, with rate A7 ;.

4. The service time of a class-z call is exponential with mean 1/u®.

W N

The arrival process of class-x new calls in ring Z; is also Poisson with rate

R? — RZ.
T (11)

For KY and K¢ denoting the number of voice and data calls in progress

within ring Z;, respectively, the system state can be defined by a row vector 5

5= (K .., K’ K% . K%

n? n
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In the remainder of this paper, we will use the following definitions :

Definition 1. A is the finite subset of N2 for which condition (1) holds. This
means that a state vector & is in A if and only if >p_ (B} Ky + E{KD) < W5,

Definition 2. AY is the subspace of A where any other new call of class « in
ring Zj, will be blocked due to lack of resources. In other terms, 3 € A if and
only if € A and 3} (EVKP + EXK ) + B > WP, A} is the complementary
subspace of Af in A.

Within the space of admissible states A, transitions are caused by :

) Arrival of a new call in ring Zj, 1 <k < n.

) Arrival of a handoff call in ring Z,.

) Termination of a class-z ongoing call in ring Z.

) Migration of an ongoing class-z call from Zy to Zi+1, 1 < k < n. Note that
such a migrating call may be dropped if there are not enough resources.

5) Migration of an ongoing call from ring Zj to ring Zy_1, 2 < k < n. Note

that a call migrating from ring Zj, to ring Z;_; is never dropped.
6) Departure of a class-z call from border ring Z,, to an adjacent cell.

3.3 Steady State Probabilities

Let 7(8") be the steady state probability of state §. If we consider that the
dwell time of class-z mobiles in ring Zj (i.e., the time they spend in ring Zy) is
exponentially distributed with mean 1/v], then the following theorem holds :

Theorem 1. the system described above is a Markov chain and the steady state
probabilities are given by

n d
1 (Pk) "
”(?)ZEHH W TeA (12)
where pf. is the offered load of class-x calls in ring Zj, given by :

ap A + AN Li=n + Ag 1 plhzn + X1 e bz

Pr = e (13)
where N = (V¥ + k) and G is the normalizing constant given by :
n d (p7)K7
6 Y TT11“% i

Proof. Let V¥, X* and Y;” be the random variables indicating the channel hold-
ing time of a class-z call in ring Zj, the class-z call duration, and the dwell
time in Zj, respectively. X* and Y;” are independent as the first depends on the
amount of data to be sent and the latter on the users’ mobility. We then have
V7 = min(X”,Y}”) with cumulative distribution function (CDF) :

Fyg(t) = Fx=(t) + Fyg(t) — Fxp () Fyp (1) = 1 —exp(— (0" + vi))t)  (15)
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V/7 is then exponential and the load of calls (¢, k) is given by Eqn. (I3).

Our system corresponds to a BCMP network with a single node (correspond-
ing to the cell), where class-z customers arrive from the outside to ring Z; with
rate A7 as new calls and A} as handoff ones. These rates must be multiplied
by their corresponding acceptance ratios. These customers are served for a time
equal to V¥ and then either quit the queue (call termination or handoff), or reen-
ter it after changing their class from (¢, k) to (¢, k £1), following certain routing
probabilities [2] (migration from one ring to another). The total arrival rate of
class-x calls in ring Z, is then af A7 + af A} Ix—pn + )‘31:+1,k1k7fn + )‘zq,kjk#l'

According to the BCMP theorem for multiple classes of customers with pos-
sible class changes (see [3] pp. 146-150), the steady state probabilities have the
product form given in Eqn. ({2).

Remark. It can be further shown that the formulae for the steady state prob-
abilities extend also for the case where the dwell time for class-x calls in ring
Zy, and/or the call duration time are not exponential, but have general distri-
butions. The system is no more a Markov chain, but Eqn. (I2) holds, as the
steady state distribution in a multi-service loss system is insensitive to the call
duration distribution and depends only on its mean [4]. This mean is derived via
the resulting CDF of the channel holding time of calls (z, k) (Eqn. ([I3)).

3.4 Determination of Handoff and Migration Rates

In equilibrium, the overall system may be assumed homogeneous and a cell
statistically the same as any other one. We can thus decouple a cell from the
rest of the system by assuming that, for each class x of calls, the mean handoff
arrival rate to the given cell is equal to the mean handoff departure rate from it
[TO][TT], L.e., Af = A2 4.

The migration rates from a ring Zj to its adjacent rings Z_1 and Zj41
depend on the dwell times and the number of calls in ring Zj. We then have

To= > w(®)K (16)
SeA
Miv1 T AT = Z (S K vf (17)
T eA
FA A= Y w(F)KLY (18)
FeA

On the other hand, if we assume that the trajectories followed by the dif-
ferent mobiles are randomly chosen, the migration rates are proportional to the
perimeter of contact between two adjacent rings, which gives :

Z,Z+1 = ﬁ ii—1s 7= 2..n (19)
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One can see that these handoff/migration rates depend on the steady state
probabilities, while the latter are themselves derived using the handoff/migration
rates. To solve this problem, we use the following iterative algorithm that begins
with an initial guess for handoff/migration rates.

Step 1 : Set initial values for the arrival/migration rates. To do so, we suppose
that the dropping probabilities are negligible and that the blocking probabilities in
Eqn. (22) are essentially due to the fact that the acceptance ratios af may be
strictly less than 1 :

Pe~1-a;
If p; ; is the probability that a call migrates from ring i to ring j=1+1 :
Aiv1 P A i1 = (01 + 071 (AT ag + Nigri + A7) (20)

The migration probability is the probability that the call quits ring Z; before
termination. It is given by :
vi

vit1 T Do =Py < X¥) = ———
p,+1 p, 1 (k: ) l/lf‘i‘/iw

(21)

The initial migration/handoff rates are then obtained by solving the set of
equations (20), using Eqns. (19) and [Z1).

Step 2 : Obtain the steady state probabilities from Eqn. {I3).

Step 8 : Calculate the migration rates corresponding to the obtained state
probabilities using Eqns. {I4)-(19).

Step 4 : Check the convergence of the migration rates using the relative error
e =max|l— X;T . If e > ¢, where € > 0 is a predetermined constant, go to Step
2, otherwise, compute the performance measures given in the next section.

4 Performance Measures
4.1 Blocking Probabilities
The first performance measure is the blocking probability.
Proposition 1. The blocking probability py of a class-x call in ring Zy, is :
pi=1-ai+ai Y w(3) (22)
SeAx

Specifically, the new call blocking probability is given by
1 n
P= ;pm (23)

and the voice handoff call blocking probability is given by :

ph= > =) (24)

—
S €Ay
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Proof. A new connection of class-z in ring Zj is always blocked if the system is
in a state 5 € Af. Otherwise, it is blocked with probability 1 — af. In total, the
blocking probability is

pi=0-af) Y w(F)+ Y w(F)=1-dj+af Y #(F) (25

TRy T eAx T eAr

The overall blocking probability in the cell is directly derived by means of
the relative arrival rates A7 /A".

For voice handoff calls, they arrive only at the last ring Z,. They are then
blocked when the system is in a state of the space A}, with probability :

ph= Y 7(%)

TeAay

Note that the blocking probability for handoff data calls is equal to that of
new data ones at the cell border, i.e., pi =pd.

4.2 Dropping Probability

We now determine the dropping probability. In the literature [14], this term
refers to the blocking of a handover call. We shall denote this particular event
by inter-cell dropping. As we focus on intra-cell mobility, we should thus take
into account the possibility of an intra-cell dropping event, i.e., a mobile station
moving away from its base station experiences a higher interference figure and
is thus dropped due to a lack of resources. The overall dropping probability is
hence the result of both intra and inter-cell dropping probabilities.

Proposition 2. The intra-cell dropping probability d* of a class-x call due to
mobility inside the cell is equal to :

1 n—1 Rk
& — Sy K i)
K*(vf + p*)n(s "% R + Ry
Z?eA ( kT H )( )k:1 ?eA/?ﬁ‘ngzA k k—1
(26)
where 8 1., is the next state when a class-x call quits ring Zy, to ring Zy11.

Proof. If the system is in state ', a migrating class-z call from ring Zj to ring
Zyy1 is dropped if the state 5% ;1 ¢ A. However, not all mobiles migrate :
only those whose dwell time in the ring is less then their call duration time do
migrate. The rate of leaving the ring K7 (v§ + p*) must then be multiplied by

the probability that an ongoing class-z call quits the ring :
V.’I)
P < X7) = 2

Vi +p®

Ry
Rip+Rp—1

ring Zyy1. These calls are dropped if 57, ¢ A.

Among these calls, only a fraction of try to migrate from ring Zj to
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The intra-cell dropping probability d” due to mobility within the cell is the
sum of dropping rates at each ring Zj, divided by the rate of leaving the system,
which gives the proof.

Let us now determine the overall dropping probability.

Corollary 1. The overall dropping probability f* of an ongoing class-r call due
to its mobility within the cell or between adjacent ones is equal to :

Ry

1
T=d% + KZU®
R v SR YR S

m(S)ph - (27)

Proof. To the intra-cell dropping probability, we add the blocking rate of calls
leaving the cell to adjacent ones, i.e., inter-cell dropping rate, divided by the rate
of calls leaving the system. As the overall system is homogeneous in equilibrium,
this blocking probability is equal to the handoff blocking probability calculated
in Proposition 1. This leads to the expression (27)).

Remark. 1t is envisaged that heavy loaded cells may be divided into three
sectors by means of three directive transmitters, in order to limit the interference.
This introduces the notion of softer handover between sectors of the same cell,
which is present in all zones and not only in zone Z,,. The softer handoff blocking
probability in zone Zj is then equal to p7. The same analysis can be applied
to calculate the overall dropping probability. In particular, if Af, is the softer
handover rate from zone Z in the target sector to the adjacent sectors, we have:

x x
Ash _ Akt . N k-1
_ - 27TRk - 27rRk_1
Q(Rk Rk,1) Tt Tt

4.3 Throughput

Another important performance measure is the overall cell throughput :

7= {)(KiD'+ K{D}x(3) (28)

TeA k=1

where D?* is the throughput of a class-x single user.

5 Numerical Applications

The following parameters shall be used in the numerical applications:

— The cell has a radius of 400 meters, and the base station has a transmission
power of 5 Watts.
— The mean call duration is equal to 120 sec.
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— New calls arrive according to a Poisson process with rate A. A new call is

randomly generated as a voice call with probability 0.75 or a data call with
probability 0.25, that is, A = 0.754 and A% = 0.25A.

— Voice calls have a SIR requirement of 5 dB and a rate of 12.2 Kbps, while

data calls require a SIR of 9 dB and have a rate of 64 Kbps.

— Medium mobility is studied for a mean dwell time in the cell equal to 300

sec, and the mean dwell time is proportional to the surface of each ring.

5.1 Acceptance Strategy

In Section IV, we analyzed the performance of our algorithm under general
assumptions for the acceptance ratios. We now study it under four specific ac-
ceptance strategies which are :

1.

No priorities between classes : a new call is accepted if there are enough
resources, it is blocked otherwise, i.e., af =1, k= 1..n, z = v,d.

. Voice calls are given absolute priority over data ones, i.e., aj > a{l, Vk <

n,l <n.

Data calls are given absolute priority over voice ones, i.e., ai > af, Vk <
n,l <n.

The priority of a class-x call is dependent on its effective bandwidth, i.e.,
ai > a} if Ef < E}. This will lead to a situation where data calls near the
base station have higher priority than distant voice calls.

T T
— case 1
case 2

—— case 3
0.035 case 4 b

0.025 4

overall dropping probability
°
2
8
:
L

ol T L L L L L L L L
6 8 10 12 14 16 18 20 22 24 26

traffic

Fig. 3. Dropping probability for the four strategies in the Priority CAC

Our aim is to minimize the dropping probability, at low voice blocking proba-

bility. We plot in Figures[@ and@ the dropping probability and the voice blocking
probability for the four strategies, respectively.
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Fig. 4. Voice blocking probability for the four strategies in the Priority CAC

We observe that giving higher priority to data calls (strategy 3) decreases
the dropping probability. However, it is very harmful to voice calls as they will
experience a high blocking rate. The best lowest dropping probability is obtained
when using strategy 4, where the blocking ratio is proportional to the effective
bandwidth. This strategy achieves a low dropping probability at an acceptable
blocking rate for voice calls. The only drawback is that this strategy results in a
slightly lower throughput (see Figure Bl) and may be unfair for users with large
capacity demands. In the remainder of this work, we will adopt this strategy in
our capacity calculations. However, the whole analysis holds for any strategy.

5.2 Investigating Erlang Capacity

The Erlang capacity is generally defined as the set of offered loads such that
the corresponding blocking probability is smaller than a given € > 0 [I]. In this
work, as we are also interested in the dropping probability, we will extend this
definition to the following :

Definition 3. The Erlang capacity EC(e1, €2) is defined as the set of offered
loads such that there exists a set of acceptance ratios (a?...a%,a{...a?) for which
the dropping probability is less than a given €; > 0, and the blocking probability
is less than ex > ¢; > 0.

In other words, we determine, if they exist, the acceptance ratios for each
arrival rate that satisfy the constraints on blocking / dropping probabilities.

For illustration, we study the case where e; = 3% and €3 = 12%, and a?,,,, =
(1+al,,)/2, ie., the preventive blocking of data calls at the cell border occurs
with a probability equal to 1 — a2, , while voice calls in the same conditions are
blocked in a preventive way only at a probability of 1 —a?,;, = (1—a%,,)/2. We

plot in Figures[Bl [7l and B the voice blocking probabilities, the dropping proba-
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Fig. 5. Throughput achieved for the four strategies in the Priority CAC

bilities and the achieved throughput corresponding to those values, respectively,
for six different arrival rates.

One can see that for an arrival rate A > 0.17 calls per sec, we cannot satisfy
the performance measures with any set of acceptance ratios. In fact, we cannot
satisfy jointly the conditions on the blocking and dropping probabilities for any
acceptance ratio (Fig. B and [f). The Erlang capacity region is than limited by
Amaz = 0.17 calls per sec.

On the other hand, when A = 0.17 calls per sec, the constraint on the drop-
ping probability is satisfied for a? ;. < 0.88 (Figure []), while the constraint for

min —
the blocking probability imposes that a?,;, > 0.84 (Figure [6). The best choice
that maximizes the throughput is then a?,;, = 0.88 (Figure[§).

Note that if no priorities were implemented, an arrival rate of A = 0.17
calls per sec would have generate a dropping rate larger than 3% that is not
acceptable. The priority-based CAC extends then the Erlang capacity region to
include even larger arrival rates.

6 Conclusion

In this paper, we developed a mobility-based admission control for the downlink
of third generation mobile networks. We first studied the system capacity and
obtained effective bandwidth expressions based on both the class of traffic and
the position of the user in the cell, hence accounting for its mobility pattern.
Based on this formulation, we attributed to each class of users an accep-
tance ratio to handle priorities between flows, and proved that the underlying
system can be modeled as a Markov chain. We then obtained the steady state
probabilities and gave an iterative algorithm to determine them explicitly.
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As of the performance measures, we obtained the blocking probabilities and
the dropping probabilities of ongoing calls, be they intra-cell due to their mobility
or inter-cell due to handoff. We also determined the overall cell throughput. We
next studied numerically our CAC algorithm and determined the Erlang capacity
bounds, i.e. the set of arrival rates that satisfy predetermined constraints on
blocking/dropping probabilities.

In a fucture work, we should introduce the effect of interaction between cells
and show how downgrading elastic data calls affects the CAC algorithm.
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Abstract. In this paper we evaluate different models for packet losses
in wireless networks. The used model framework is given by extended
Gilbert models, which are generalizations of the well known Gilbert
model, a two state discrete Markov chain. It is further shown that the
correlation of the packet loss indication process has a severe effect on the
quality of streamed MPEG-4 video.

1 Introduction

In the past, WLAN has become very popular for connecting mobile clients with
each other and the Internet. This way, mobile clients can maintain connectivity
even when being carried around, for instance, when going to a meeting in the
office, or when moving into the garden at home. Both scenarios do not require
the installation of wires to the mobile clients.

WLAN may be disturbed by multiple effects, like multipath fading, attenua-
tion, or noise sources like microwave ovens, other networks sending in the same
band, or even WLAN clients which are not aware of other senders (hidden ter-
minal problem) [7]. If the relation from the received signal energy to added noise
energy is too small (signal-to-noise ratio, SNR), the receiver is no more able to
correctly decode the signal, and the received data contains bit errors. In this
case the network at Layer 2 may decide to try to resend the packet, or after a
few attempts, may drop the packet.

Lost packets may have different effects on the performance of the communi-
cating application and the user perceived application quality of service (QoS). If
all of the data must be received, which is mostly the case for raw data transfer,
for example, then packet loss must be signalled to the sender, who has to send the
lost data anew. This is the case for TCP and all services using it. On the other
hand, audio/video (AV) streaming applications often use UDP, and lost UDP
packets simply cause a degradation of the perceived audio/video presentation.
Here, depending on the AV coding and the observed packet loss, the perceived
AV quality degradation may be acceptable to the users or not.

In order to assess the effect of packet losses to the quality of streamed video,
it is desirable to represent packet losses by a loss model. Usually, packet loss is

G. Kotsis and O. Spaniol (Eds.): Mobile and Wireless Systems, LNCS 3427, pp. 152-[I65] 2005.
(© Springer-Verlag Berlin Heidelberg 2005
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modelled by taking into account the packet loss rate, and sometimes also the
mean burst size. Furthermore, the used video encoding often is set to one fixed
scheme. In this paper, more sophisticated models are used for explaining the
packet loss of a WLAN following IEEE 802.11b. We apply different loss models
to videos encoded with different encoding parameters and observe the objective
video quality.

2 Loss Models

Losses are usually modelled by using a loss rate. Assume that N packets have
been sent, of which L < N packets have been lost. The observed loss rate then
is 7 = L/N, which for N — oo becomes the packet loss probability p = 1 — gq.
A loss burst of size B denotes the loss of B consecutive packets, preceeded and
followed by received packets. Furthermore it is often assumed that packet losses
are independent from the past. In this case, the loss process follows independent
Bernoulli trials, the burst size distribution is geometric, and

P(B=k)=prqk>0. (1)

The mean burst size then is simply u = p/q, and the variance is 02 = p/q. A
binary stochastic process I,, for loss indication is defined by I,, = 0 if the nth
packet was received (with probability ¢), and I,, = 1, if the nth packet was lost
(with probability p). Then

El,=0¢+1p=0p (2)
Var(ln) = BE(I, - EIn)2 =(0- p)2q +(1— p)2p =Ppq, (3)

and

COV(Ina Ik’) = E(In - Eln)(lk - EIk) =
(0=p)(0—p)g* + (0 —p)(1 — p)ap +
(1=p)(0—ppg+ (L—p)(A—pp°=0,n#k (4)

and thus the autocorrelation function ACF(k — n) = Cov(l,,I)/Var(1l,) is
always 0 for k > n, indicating that there is no inter-dependence between [,, and

However, typically, the independence assumption of packet losses is incorrect.
Consider for example a simple finite queue. Packet losses occur only if the queue
is full. Thus, if the nth packet is lost, the probability that the (n + 1)st packet
is lost is much higher than the respective probability for the case, when the
nth packet has been received. Another argumentation concerns WLAN. In case
of interference or fading, the network is broken for a short period of time, and
packets are likely to be lost in bursts rather than as single losses.

It is thus reasonable to use more sophisticated models which catch depen-
dencies on past losses as well. A model taking into account the status of the
last packet is the well-known Gilbert loss model [I]. The Gilbert loss model is
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Py o= 1- Po,1

Fig. 1. Gilbert loss model

a two-state discrete-time Markov chain, where the state sy denotes the event
that a packet has been successfully received, and s; denotes a lost packet. The
model is described by its state transition probabilities p; j,,j € {0,1}. Simple
calculation reveals that the steady state probability

Po,1
p=P(s1) = ———.
(s1) Po,1 + P1,0

The covariance of the process I,, can be calculated by

Cov(In, Ins1) = E(Iy, — EL)(Ins1 — ElLyq) =
(0—p)(0 = p)gpo,o + (0 —p)(1 — p)gpo1 +
(1=p)(0=p)pp1o+ (1 —p)(1 —p)pp11 =
p(pl,l —p)~ (5)

From (@) and (B)) it follows that

R=ACF(1) = %_pp = P0,0 = P1,0 = P1,1 — Po,1- (6)
From () it can be seen that the Gilbert model does not depend on the past if
P = p1,1 = po,1. Furthermore it can be shown that for the Gilbert model the
ACF has the following general form:

ACF (k) = (-1)* (P10 —po,o)k = (—1)* (po,1 —p1,1)k k> 0. (7)

Since it is possible that longer dependencies exist in the observed packet losses,
it makes sense to extend the Gilbert model to depend on more states of the
past. When including ! packets from the past, the Markov chain state space
grows to 2! states, which soon exceeds a feasible model size. A simpler model is
given by the so-called extended Gilbert model [3]. Here, only the size of the last
loss burst is taken into account (Figure 2)). The state s; denotes the event, that
the current loss burst is at least i packets long. The parameter m defines how
many lost packets of the past can be remembered. For computing the transition
probabilities py, ,,41 the following procedure can be applied. After observing the
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Fig. 2. Extended Gilbert loss model

packet arrival process, let [(n) denote the number of times, a loss burst of length
0 < n <m or larger has been observed. Then

Prnt1 = L(n+1)/1(n). (8)

Once m lost packets have been observed, p,, ,, denotes the probability for staying
in state s,,, i.e., for continuing to lose packets. From this point on, however, the
model behaves like the geometric model (Il). Thus, the transition probabilities
of the extended Gilbert model should reflect a behavior which is different to the
geometric approach, whereas the last state and py, ., reflect a behavior that can
either be neglected, or be approximated by a geometric model.

3 Video Quality

Digital video contains single pictures (frames) being compressed by some encoder
following a video encoding (possibly proprietary) standard or scheme. Popular
schemes include Microsoft WMV, H.263, and the well known MPEG-1, MPEG-2,
and MPEG-4. While MPEG-2 is the basis of DVDs and digital television (DVB),
the new standard MPEG-4 contains two different video encoding schemes, the
Visual Layer (ISO 14496 Chapter 2) and the more advanced H.264 (ISO 14496
Chapter 10) encoder which has been defined recently. Both may be streamed
via the Internet using the Real-Time Protocol (RTP) [4] above UDP/IP. In the
experiments presented we focus on MPEG-4 Visual Layer codecs.

The quality of digital video as seen by the human eye may be affected by
several causes. First, the higher the compression rate is, the more visible are com-
pression artifacts. Second, if the video is streamed over a network, for instance,
based on IP, packets might be delayed or lost due to congested routers or inter-
rupted wireless connections. If a lost packet is sent anew from the sender, then
the video presentation must be halted in order to wait for the missing packet. In
case of live broadcasts or video conferencing, this is undesirable, while for video
on demand, streaming buffers at the receiver can decrease the stall probability.

An objective video quality measure defines a distance metric between the
original (uncompressed) video and a version of the video containing artifacts.
The task of subjective video quality assessment is to show a disturbed video
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to a possibly large number of viewers and ask for a quality assessment on a
given scale [2]. Additionally, after having carried out a number of subjective
experiments, one can try to find objective measures that correlate well with
the human judgements [8/9]T0]. However, these metrics often rely on the fact
that many video codecs divide the compressed frames into tiles of sizes 16 x
16 or 8 x 8. The higher the compression factor is, the more visible are the
tiles. However, if the artifacts do not stem from tiling, then many objective
metrics do not produce meaningful results. More basic metrics rely on a pixel-
by-pixel comparison between original and disturbed frame, usually using the
frame luminance component, i.e., a grey-scale version without color. Let I(z,y, t)
denote the luminance of a frame having the resolution X x Y and the time index
t at the position (z,y), and f(x,y,t) denote an impaired version of the same
frame, then the mean square error is defined by

1 X Y
MSE(t :ﬁz I(z,y,t) (x Y, )}7

=1 y=1

and the peak signal to noise ratio (PSNR) is defined by

2

LTILG.’E
PSNR(t) = 10log,, ~—maz_ TS (9)

Here, L.,q: denotes the maximum luminance value. PSNR is a rather old metric
stemming from analog television, where received Gaussian noise added to the
TV signal is caught quite well. However, digital video usually is not affected
by random Gaussian noise, but by other phenomena stemming from tiling and
transformations like the Discrete Cosine Transform (DCT). It can be shown
that a picture affected by Gaussian noise and one affected by tiling may on
the one hand produce the same PSNR, but on the other hand, the effect of
tiling is much more disturbing to the human eye than the one of Gaussian noise
[6]. However, PSNR is a rather robust metric and correlates quite well with
subjective experiments [5], and it works well even if the observed artifacts do
not stem from video compression, but for instance from lost packets. In the latter
case, more sophisticated metrics relying on the tiling effect would not work.

4 Deriving the WLAN Loss Model

We carried out a number of experiments for estimating the parameters for dif-
ferent versions of the extended Gilbert model. Here we measured the packet
loss in a WLAN (IEEE 802.11b) infrastructure network between an access point
and several mobile clients. Our clients are equippped with ORINOCO PCMCIA
WLAN cards, which are also able to protocol the observed SNR. For the experi-
ments we put the laptops to locations showing the SNRs 40 dB, 25dB, 15dB, and
11dB (Figure Bl), which resulted in network bitrates of 11 Mbs, 11 Mbs, 5Mbs,
and 1-2 Mbs. Locations with less than 11dB produced an unstable network and
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40 dB

25 dB 11 dB 5dB

Fig. 3. Department signal-to-noise ratio areas

experiments usually where soon stopped because of connection losses. Following
a specific pattern, in our experiments a server sends UDP packets to the mobile
client. At the client, it is recorded whether a packet has been received or has
been dropped. The used software is called CODIS Net.

The server sends its data according to a selected bitrate between 500 Kbps
and 5.5 Mbps. The data is sent in bursts of equal size, at 20 bursts per second. If
the bitrate is low enough, then each burst fits into just one packet. The packet
size is limited to the parameter MTU (Maximum Transfer Unit, i. e., maximum
packet size), in this case 1450 bytes. If a burst does not fit into one UDP packet,
then several packets are sent. This way, the pattern catches interdependencies of
short time intervals (packets within a burst), and dependencies spanning longer
time periods, i.e., from one burst to the next. If b denotes the used bitrate in
Kbps and k bursts per second are sent, then the number of packets per burst [
is computed by

1024 x b

T 8xkxMTU

Figure [4 shows the loss burst length distribution for 500 Kbps at the 11dB
location, the bitrate demanding three packets per burst according to (). It can
be seen that the loss burst length distribution decays quickly like a geometric
distribution. This indicates a simple loss model, i.e., an extended Gilbert model
with only a few states. Table[[]shows the parameters of different extended Gilbert
models which have been computed according to the recorded data for 500 Kbps.
A probability p;; close to one together with a very small number of occurences
of long bursts indicates that the model is overfit. Thus, in this case an extended
Gilbert model of order two or three is sufficient. This coincides with the number
of packets per burst [ = 3, indicating that the dependencies in a burst are strong,
whereas the dependencies between bursts are weak.

(10)
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Fig. 4. Burst length distribution for 500 Kbps

Table 1. Parameters of different extended Gilbert models

GB 1 2 3 4 6 7 8 9 10

po,1  0.022 0.022 0.022 0.022 0.022 0.022 0.022 0.022 0.022

P11 0.346

P12 0.180 0.180 0.180 0.180 0.180 0.180 0.180 0.180
p2,2 0.660

P2,3 0.273 0.273 0.273 0.273 0.273 0.273 0.273
P3,3 0.860

P3,4 0.605 0.605 0.605 0.605 0.605 0.605
P4,4 0.902

Pas 0.808 0.808 0.808 0.808 0.808
P56 0.667 0.667 0.667 0.667 0.667
Pe,6 0.935

Pe,7 0.714 0.714 0.714 0.714
P77 0.951

P78 1.0 1.0 1.0
8,8 0.948

P89 0.8 0.8
P9,9 0.956

P9,10 1.0

Pp10,11 0.954

T

48 76
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Fig. 5. Burst length distribution for 1500 Kbps

Figure[ shows the loss burst length distribution for the 1500 Kbps case. Here
each burst needs seven packets, and this is also reflected by the loss burst length
distribution, indicating a model order of at most seven.

5 Effect of Packet Loss on Video Quality

In the previous section it was found that different packet patterns demand differ-
ent loss models. In this section the effect of different loss models on the quality
of streamed video is evaluated.

MPEG-4 video uses different frame types. An intracoded frame (I-frame) is
like a JPEG picture and does not depend on other frames. A predicted frame
(P-frame) only encodes the difference to the previous I or P-frame. A bidirection-
ally predicted frame (B-frame) only encodes the difference to the interpolation
between the previous I or P-frame and the following I or P-frame. Thus, if an
I-frame is damaged due to lost packets, all frames of the following group of
pictures (GOP) are also affected, until the next I-frame is correctly received.
If a P-frame is damaged due to a lost packet, then all following frames of the
same GOP are affected too. Only if B-frames are damaged or dropped, the rest
of the GOP is not affected. The structure of a GOP can be described by its
frame types, like, for example, IPPPPPPPP or IBBPBBPBB. MPEG-4 allows
to freely choose the structure as well as the GOP sizes. However, most encoders
allow to specify a mazimum GOP size that must not be exceeded (Max. I-frame
interval), which typically is chosen between 12 and 300 frames. It must be noted
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that in constant bitrate (CBR) encoded videos there is a clear tradeoff between
GOP length and picture quality. If the GOP length is small, then I-frames occur
frequently. Thus damages due to packet losses quickly disappear again. On the
other hand, I-frames need significantly more bits than P or B-frames. Thus, if
many I-frames are to be encoded, then more compression artifacts are visible,
thus lowering the subjectively perceived video quality.

For our experiments we used the MPEG-4 Visual Layer encoder DivX 5.1.1
Professional with two encoding runs, the encoded video scenes were taken from
the Video Quality Experts Group (VQEG), which provides standard television
scenes in both PAL and NTSC resolution, each scene being about 8 seconds long.
The material was first deinterlaced using an adaptive deinterlacer, then reduced
in size to the standard CIF resolution, and finally encoded. As streaming server,
Apple’s Darwin has been used. The VQEG scenes have been used to create a test
video of length 8:50 minutes. Since it is likely that an encoder places an I-frame
after a scene cut, using the VQEG scenes, we artificially created single scenes
which are longer than 8 seconds but do not show a scene cut. For this, we used
each VQEG scene up to three times. First, the scene itself (8 seconds long), then
the scene followed by the same scene but played in reverse (16 seconds long),
then each scene, followed by itself played reverse, followed by the scene again
(24 seconds long). The encoder parameters for encoding the resulting long video
is shown in Table

Table 2. MPEG-4 video encoding parameters

Parameter Values Unit
Frame rate 5, 10, 20, 25 fps
Target rate 64, 384, 768 Kbps
Video bitrate Target rate x0.8— (assumed) Audio bitrate Kbps
Max. I-frame interval 15, 50, 100, 200, 300 frames
B-frames allowed yes, no

For our streaming experiments we used the streaming client CODIS RTSP
(Figure B)). This client uses Java for the RTSP/RTP communication with the
streaming server, and calls the open source codec XVID for decompressing
MPEG-4 videos via the Java Native Interface (JNI). The client is able to artifi-
cially introduce packet losses due to a simple Gilbert loss model, or pre-recorded
loss log files.

5.1 Player Freezes the Presentation

There are two possible ways for clients to react to lost packets. First, the rest
of the affected GOP might not be shown to avoid the presentation of severely

! http://www.its.bldrdoc.gov/vqeg/
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CODIS RTSP Client version 0.61
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Fig. 6. CODIS RTSP client

damaged frames. In this scenario, every time a packet is lost in an I or P-frame,
the player does not show the following frames until the next full I-frame has been
received. This results in periodical video stalls, which freeze the presentation and
may soon annoy human observers.

In the following experiments this behavior was assumed. Figure [f] shows the
total amount of time (in seconds) the test video was frozen due to lost packets,
when using a simple loss model without correlation. Here we used, as an example
for medium loss (1%) and no correlation, the loss parameters p = 0.01 and R = 0.
A clear linear behavior is present, and the results do not heavily depend on the
target bitrate or the frame rate. This allows a good prediction of the video stalls
to be expected under a given packet loss rate. Figure [§] shows the total stall
duration depending on the used loss model for one particular target bitrate and
frame rate. A clear dependence of the total stall duration on the correlation R
can be seen. The burstier the packet losses, the smaller the total stall duration
is.

5.2 Player Shows Picture Artifacts

The second player behavior thinkable is to ignore packet losses and to continue
showing the frames of an affected GOP even if the presented frames are heavily
distorted. The metric for measuring the video quality is the PSNR, since it
catches both compression artifacts and artifacts stemming from packet losses.
As a simple example, Figure @ shows the PSNR of a popular 8 seconds long
VQEG test scene (”Susie on the telephone”) encoded with different parameters.
Since this scene exhibits only little temporal activity, the overal video quality
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Fig. 9. Peak signal to noise ratio in dB of video “Susie on the telephone”

is good for all parameters (30-37dB). Following subjective experiments, this
quality would be judged as good, whereas a PSNR between 25 and 30 dB would
be judged as medium, between 20 and 25 dB low, and below 20 dB as bad. Also,
the differences between the videos remain constant at about 4 dB.

In order to obtain realistic loss models for the used video, we recorded the
observed packet losses for this video at different locations in our department.
Figure [[0 shows the obtained packet loss probabilities p and the correlations R
for the simple Gilbert model.

We used some of the obtained Gilbert model parameters to drop packets
when streaming our 8:50 minutes long test video. As this video contains scenes
with high temporal and spatial activity, the overal PSNR is much lower than
the one of the simple “Susie on the telephone” scene. The effect of different loss
model parameters on the overal video quality can be seen in Figure[IIl Even for
high packet losses the video quality stays quite stable, as long as the correlation
is zero or positive. The effect of even moderate negative correlation is much more
severe and drops the video quality into the low region.

6 Conclusion

In this paper we have evaluated the use of different loss models for modeling
WLAN packet drops. It has been shown that the observed losses show a bursty
behavior and a significant dependence on losses of the near past. Furthermore,
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we have demonstrated the effect of different loss models on streaming video, for
both players which freeze their presentations when facing packet losses, as well as
for players which continue to show distorted frames. The observations indicate
that the chosen loss model indeed has a severe effect on the perceived video
quality and thus must be chosen with care. Due to their simplicity, extended
Gilbert models seem to be good candidates for further evaluation of WLAN loss
models.

In the future we will refine the model order estimation and mechnisms for

choosing short and long term dependencies.
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Abstract. Hierarchical architecture for Mobile IP (MIP), including both global
mobility and local (micro) mobility management is a solution proposed in order
to increase the efficiency and response time for fast local handoff processing.
Multi-Protocol Label Switching (MPLS) is a technology of choice to facilitate
traffic engineering and internetworking. Policy-Based Management (PBM) is a
powerful approach, allowing flexible and scalable solutions for management,
originally for IP based fixed networks. Extending and integrating MPLS and
PBM into mobile environments, including the multi-domain heterogeneous
networks is an active area for research. This paper proposes a variant of such an
architecture integrating the MPLS and PBM in mobile environment (WLAN,
3G) while taking into account also micro/macro-mobility management and
Quality of Service (QoS) control aspects.

1 Introduction

The Mobile IP (MIP) protocols proposed by IETF (MIPv4 and MIPv6) [4,6] offer a
general framework to handle IP mobility, independent on wireless technology
(WiFi or 3G), and they are simple and reliable solutions, but because of their gener-
ality these solutions have scalability and performance drawbacks when the mobile
node is frequently changing its point of attachment. In order to minimize the delay
during the handoff and reduce the overhead of control and data information, a new
approach has been considered [8], with two levels of mobility management (MM).
On the first MM level MIP is used to process macro-mobility events and to offer a
general solution for inter-working. On the second level, a local or regional solution
is used to handle micro-mobility events (Cellular I[P, HAWALII, Regional Registra-
tion) [1,9,13].

This hierarchical architecture (with MIP on first level of MM and MIP extensions
on second level of MM) can reduce service degradation during mobile node handoff,
especially for real time services (e.g. voice, video). But natively the hierarchical 1P
cannot offer QoS support.

In recent years the MPLS networking technology emerged, offering a unified con-
trol mechanism and multiprotocol capabilities to run over mixed media infrastruc-
tures. MPLS defines signalling mechanisms to support both Class of Service (CoS)

G. Kotsis and O. Spaniol (Eds.): Mobile and Wireless Systems, LNCS 3427, pp. 166175, 2005.
© Springer-Verlag Berlin Heidelberg 2005
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and QoS and also provides the means to relate these to the IP DiffServ markings of
the originating IP traffic. MPLS can support constraint-based routing (CBR) and traf-
fic engineering (TE) and can deliver the required QoS, to support Conversational,
Streaming, and Interactive traffic. Hence, MPLS is more and more used as the tech-
nology of choice to facilitate traffic engineering (TE) and internetworking. The above
mention advantages make attractive to use MPLS in wireless and mobile environment
[7,14].

In order to obtain a gradual deployment, better scalability and QoS support for
mobile environment, this paper proposes a variant of micro-mobility architecture built
on top of an MPLS infrastructure, which will have a small number of entities aware of
MIP signalling.

The next step in providing an efficient way of end-to-end QoS signalling in a mo-
bile environment is to integrate into the management architecture the PBM paradigm.
Thus one can get a more flexible engineering of the resources and increase the pos-
sibility to offer controllable guarantees in scalable way.

The organization of the paper is structured as follows. In the section 2 we describe
an overall architecture based on hierarchical approach, with micro-mobility manage-
ment at MPLS level, focusing on interactions, between MIP and MPLS signalling. In
section 3 we present some ideas on how we can combine the MPLS micro-mobility
functions with policy-based management in order to provide QoS support for mobile
nodes, and finally in section 4 we conclude our study and discuss possible directions
of future work.

2 Mobility Management Architecture
The IP mobility management architecture proposed in this paper has as the starting

point a hierarchical architecture [8]. In this approach MIP is supposed to handle inter-
domain mobility management while MIP extensions on top of an MPLS infrastructure

will handle intra-domain mobility [3,7,10,11].
% \\‘\
Infrastructure ) Wireless )
Inf@§;pu€ture

_—

Home Network

Fig. 1. Mobility Management Architecture
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The figure 1 presents a high-level architecture showing the main entities involved
in mobility management. The dashed lines show the horizontal interactions in the con-
trol plane between functional entities, as follows: MIP signalling, exchanged by MM
aware elements: MAR, MMA, HA and AAA signalling, exchanged during authentica-
tion, authorisation and accounting process: MAR, MMA, AAAV, AAAH.

2.1 Functional Entities

The MPLS Access Router (MAR) is a Label Edge Router (LER) in MPLS domain
and also plays the role of Foreign Agent (FA) for mobile domain. MAR will allow in-
teractions between MPLS and MIP control plane and mapping functions in data plane.
As an additional function, the MAR initiates the authentication process towards Au-
thentication, Authorisation and Accounting (AAA) infrastructure.

The MPLS Mobility Agent (MMA) is a LER in MPLS domain and plays the role
of Gateway Foreign Agent (GFA) for mobile domain. The MMA is second functional
element that will allow interactions between MPLS and MIP control planes and map-
ping functions in data plane. The MMA will also keep binding information for each
Mobile Node (MN) related to MPLS domain (MN, outgoing label).

The Authentication, Authorization and Accounting infrastructure (AAA) will offer
standard AAA services and will dynamically allocate MMA for MNs using specific
algorithm (e.g. round robin) that can also make use of current state of the network
(e.g. network load).

2.2 MPLS Based Micro-mobility Management

By running MIP protocol transparently on top of MPLS infrastructure and having
only few interaction points between mobility and MPLS control plane, the architec-
ture will reduce the complexity and will offer a good flexibility. Moreover these in-
teractions will allow taking advantages of all the advanced function offered by MPLS.

AAA
|
! | MIP signalling !
} |
| A |
} | MIP/MPLS
| | interactions
I
|
|
|
I
1

MPLS infrastructure

Fig. 2. Control Plane Interactions
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Local mobility management will be done by managing MPLS tunnels between
MMA and MAR. The change of mobile node point of attachment will require the
change of Label Switched Paths (LSP) and thus reducing the handover delay by using
label switching technology and data overhead by avoiding traditional IP in IP encap-
sulation. In the next two sections we describe the signalling process for Home Agent
(HA) registration when the MN comes in the visited domain and local registration
when the MN is moved from one MAR to another.

2.3 Registration Procedure with HA

Whenever a mobile node is powered up or enters into a visited domain, it has to exe-
cute the registration procedure with its Home Agent (HA). Upon successful registra-
tion the HA will update the binding information and will store it for registration life-
time.

The main steps during HA registration when the MN enter in a new domain are the
following (see figure 3):

1. The MN receives (or can request) an Advertising message from one MAR which
can offer its services to foreign MNss;

2. Based on information found in the Advertising message, the MN finds out that is
away for its home network and starts the registration process, by forwarding the
Registration Request to serving MAR;

3. When the MAR receives the Registration Request, it makes a local binding for MN
and issue the authentication process with its local AAA infrastructure;

4. The visited AAA will then negotiate the security information with MN’s home
AAA. If the result of the negotiation is positive, the visited AAA will indicate to
the initial MAR the identity of the MMA that will handle local mobility manage-
ment for specified MN. The algorithm used for MMA allocation is out of scope of
this paper (e.g. round robin or can be based on network load);

5. The MAR will forward the registration to MMA indicated by VAAA. Minimal in-
formation required in Registration Request must be the IP address, which identify
the MN, the MAR address, IP address of HA, and security associations. The MMA
will then send the registration message to HA;

6. Upon receiving the Registration Request message the HA updates its binding in-
formation with new routable IP address of MMA and send the Registration Reply
message to MMA;

7. When the MMA receives the Registration Reply from HA, it will associate the MN
to the same MPLS Forwarding Equivalence Class (FEC) as MAR address in its
forwarding table if the label binding exists. Alternatively, it can send a label re-
quest message for MAR address and MAR will respond with label mapping mes-
sage to MMA (here one of several MPLS procedures for label assignment can be
followed);

8. The Registration Reply is forwarded to MAR and the end passed to MN.
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‘ MN HMAR1 ‘MARZ ‘MMA1 ‘MMAZ ‘VAAA‘ ‘HAAAH HA ‘
MIP-RReq*
AA-Req
kAA-Req
AA-Rpy g
AA-pr‘
4MIP-RReq*
> MIP-RReq
MIP-RRpy |
MIP-RRpy*
MIP-RReq*‘
‘ MN HMAR1 ‘MARZ ‘MMA1 ‘MMAZ ‘VAAA‘ ‘HAAAH HA ‘

Fig. 3. Signalling messages for HA registration

Note: The asterisk sign indicate that the MIP messages should contain one or more
MIP extension (e.g. for authentication and/or for local registration).

2.4 Local Registration

Each time the mobile node is changing its point of attachment but stays in the same
domain, there is no need to execute the registration procedure towards HA. The regis-
tration can remain locally and the entities involved in regional registration are: the
MMA, old MAR and new MAR. The MMA will handle the mobility management of
mobile node in visited domain as long as the local registration lifetime doesn’t expire.
The main steps during regional/local registration are the following (see figure 4):

1. The MN receives (or can request) an Advertising message from one MAR which
can offer its services to foreign MNss;

2. Based on information found in the Advertising message, the MN finds out that it is
located itself in the same domain and starts the local registration process, by for-
warding the Registration Request to serving MAR and indicating the current MMA
that serve the MN;

3. When the new MAR receives the Registration Request, it makes a local binding for
MN and forwards the registration to MMA indicated in registration message;

4. Upon receiving the Registration Request message, the MMA updates the forward-
ing table for MN with the same FEC as for new MAR address, if the label binding
exists. Alternatively, it can send a label request message for new MAR address and
new MAR will respond with label mapping message to MMA.

5. The Registration Reply message is sent to new MAR and at the end then passed to
MN.
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‘ MN HMAR1 ‘MARZ ‘MMA1 ‘MMAZ ‘VAAA‘ ‘HAAAH HA ‘
Registered
Advertise
MIP-RReq*
MIP-Rreqg*
MIP-RRpy*
MIP-RRpy*
‘ MN HMAR1 ‘MARZ ‘MMA1 ‘MMAZ ‘VAAA‘ ‘HAAAH HA ‘

Fig. 4. Signalling messages for local registration

Note: The asterisk sign indicate that the MIP messages should contain one or more
MIP extension (e.g. for authentication and/or for local registration).

3  Policy-Based Management for QoS Support

In previous section we have proposed a micro-mobility architecture that is scalable,
will improve the handover procedure and can offer QoS support. In order to make use
of QoS capabilities offered by MPLS infrastructure and to provide an efficient way of
signalling end-to-end QoS, possible at the service level, in a mobile environment, we
can enhance the proposed mobility management architecture with new functional en-
tities, which will offer a policy-based framework. This framework will help us to
properly use the network resources and to offer more than loose guarantees in scalable
way.

The PBM is a powerful approach for network management, which defines high-
level objectives of network, and system management based on a set of policies that
can be enforced in the network [16]. The policies are a set of pre-defined rules (when
a set of conditions are fulfilled then some defined actions will be triggered) that de-
termine allocation and control of network resources. These conditions and actions can
be established by the network administration with parameters that determine when the
policies are to be implemented in the network [2,12,15].

The policies are usually defined based on the high-level business objectives of the
network operator. Depending on the business model used, different service contracts
SLA (Service Level Agreement) are agreed between the business entities, e.g. be-
tween User Customers and the Service Provider or between the providers themselves.
PBM provides a high-abstraction view of a network to its operator, and among other
advantages it helps the operator in the deployment of new IP QoS based services.

In the PBM architecture there is a policy server, which includes a central policy
controller (CPC) and a set of policy decision points (PDP). The PDP’s are responsible
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for determining which actions are applicable to which packets. The CPC has to ensure
global consistency between decisions made by the PDP’s. The policy actions are en-
forced and executed by the policy enforcement points (PEP). PEP’s are typically co-
located with packet forward components, such as border routers. PDP’s interact with
PEP’s via special designed protocols like Common Open Policy Service. PDP’s push
configuration information down to the PEP’s as well as respond to queries from the
PEP’s.

With the PBM system in a policy domain (PD), connections are maintained and
admitted to different service classes based on assigned policy rules. By applying these
rules, network routers can be determined to enforce admission control, traffic shaping,
and scheduling mechanisms for different users under different traffic conditions. Usu-
ally, the rule parameters may include desired bandwidth, delay, duration, jitter, start-
ing and finishing times, and some other limitations.

The MM architecture presented in this paper can be enhanced by adding functions
of the generic A™ architecture [5].

The A* framework is based on three basic concepts:

e Service separation; this extends the basic AAA architecture by separating user ser-
vices from A* services;

e Service partitioning, allowing service diversification;

e Policy paradigm, all the provided services are implemented using policy frame-
work by reusing existing work;

The architecture consists in different modules and services, which combine AAA
and PBM requirements (see figure 5).

Authen. Authen.
PEP PDP
Author. Author.
PEP PDP
A* servers
Acct. Acct. interactions

PEP o » PDP < >

Charg. Charg.
PEP PDP
QoS QoS
PEP PDP
A* client A" server

A* Policy Repository

Policy Management Tool

Fig. 5. A generic A architecture
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Because the AAA related services are well described in [5] we will take a closer
look on QoS services and more precisely how and which network entities of MM ar-
chitecture will interact with A* architecture entities.

The best way of explaining these interactions is to describe different scenarios in a
gradual approach, from static configuration using top-down provisioning (from PDP to
PEP, during initial registration phase), to dynamic interactions between PEP and PDP,
triggered by QoS related events transported by signalling protocols (e.g. RSVP, SDP).

The refinement of PBM concepts applied to the proposed architecture is still for
further study. In the following sections we give some examples of applying the static
or dynamic PBM approach.

3.1 Static Approach

In a static approach, based on the HAAA response (see the figure 3) a local policy
could indicate that all traffic coming from a certain MNs group should belong to a
given QoS class (MPLS/DiffServ mapped).

During registration phase the AAAV server (e.g. QoS PDP) can provision a policy
rule on the MAR (e.g. QoS PEP) where the MN is currently attached in order to mark
all the traffic generated by a specific MN or group of MNs to a certain value (e.g.
AF11).

PEP PDP PDP
(MAR) |¢ (AAAV) [¢—P| (AAAH)

Fig. 6. Interactions in static approach

The policy rule pushed by AAA server to MN’s current MAR can be like follows:

if (RoamerNetworkId == NAI1l)
then

DSCP = AF11;
Endif

While preserving the best effort selected routes traffic of different MNs groups can
be treated differently.

3.2 Signalled QoS with Best Effort Routes

As a next step, a more complex solution can offer dynamic behaviour. The routing in-
side the MPLS infrastructure is still assumed best effort. Based on a signalling proto-
col (e.g. Resource Reservation Protocol (RSVP)) the allocation of a certain QoS class
for a flow could be dynamic e.g. per session or be determined by a service based local
policy (SBLP).

PEP PDP
(MAR) |[€—P| (AAAV)

Fig. 7. Signalled QoS with best effort route
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The PEP (MAR) forwards the signalling messages to PDP (AAA server). PDP re-
sponse can indicate to PEP, installation of the following rule:

if signaled

( (RoamerNetworkId == NAIl) &&
(LatencyBound <= 100 msec))
then
DSCP = EF;
Endif

3.3 Signalled QoS with Constraint-Based Routing

A further level of QoS guarantees can be obtained if constraint-based routing (CBR)
is added to MPLS/DiffServ environment. This implies an interaction between AAAV,
a SIP server and MAR. In the first phase the SIP server, acting as PEP for AAA ser-
vices will negotiate the required credentials for the VoIP session during service invo-
cation phase. When the negotiation phase is finished the PDP will push to QoS PEP
(e.g. the MAR) the necessary rules in order to select the constrain-based route. The
route selection through the MPLS infrastructure should be QoS constrained. There-
fore different levels of QoS guarantees (loose, statistical, hard) can be obtained for
each session.

PEP PDP
(MAR) (¢ (AAAV)
4
~
PEP
(SIP serv.)

Fig. 8. Signalled QoS with constrain-based route

The PDP can push the following rule to the QoS PEP:
if signaled
( (RoamerNetworkId == NAIl) &&
(LatencyBound <= 100 msec) &&
(Application = VoIP))

then
DSCP = EF;
ConstrainetRoute=Yes;
Endif

The rules installed on MAR can be modified by PDP as result of renegotiation be-
tween SIP server and AAAV.
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4 Conclusion

In this paper, we have presented network architecture for MPLS-based micro-
mobility, by integrating signalling and control mechanisms for MIP and MPLS. This
integration provides the capability for QoS support, gradual evolution, and fast resto-
ration and makes IP-in-IP tunnelling not necessary for data forwarding in MPLS do-
main. The architecture is well suited for fast handovers by reducing signalling over-
head and latency (caused by wide-area mobility protocols), and also the transient
packet loss associated with localized movement. By using AAA infrastructure allows
for flexible registration points, and increase the reliability by eliminating single point
of failure.

Integrating the proposed architecture in a policy based management framework can
further add flexibility of the QoS management and allows the operators to make abstrac-
tion of the concrete wireless technology existent in the access part of the network.

In this paper, we have provided the framework for integrating mobility and policy-
based management in mobile environment. The details of the protocol messages for-
mats and its behaviour are under investigation. In addition, the algorithms behind the
choice of MMA, using bandwidth availability, network status or a combination of
other factors is open to further research.
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Abstract. Achieving QoS (Quality of Service) in Mobile Ad-hoc NETworks
(MANET) has been a research topic in the last years. In this paper we describe
a QoS reservation mechanism for Routing Ad-hoc Networks. The mechanism is
targeted for sources requiring a bandwidth allocation. The mechanism is based on
the knowledge of the bandwidth requirements of the neighbors of a node and the
interferent nodes in the cover area of each node. We describe as the protocol could
be integrated in AODV and OLSR. We also give simulation results showing the
advantages of our reservation scheme.

1 Introduction

MANETSs (Mobile Ad-hoc NETworks) have characteristics such as flexibility, fast and
easy deployment, robustness which make them an interesting technology for military,
public safety, emergency and disaster applications. Providing QoS (Quality of Service)
ina MANET is, however, a difficult task because: (i) the capacity of the physical links is
variable depending on factors such as the distance, signal to noise ratio, interference, etc,
(ii) the transmission media is shared between different nodes that have to be synchro-
nized, (iii)) MANET nodes are generally mobile and the network topology may change,
and (iv) high signaling overhead due to the recovery of already hard-QoS reservations
may be a problem due to the scarce transmission resources.
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The provisioning of QoS in a MANET involves the inter-working of several mech-
anisms spanning from the physical layer to the application layer. We center our work
on the mechanisms related with the network layer: resource reservation, signaling and
routing.

There are several QoS frameworks for MANETS proposed in the literature addressing
some of the aspects for QoS support. Authors of [[12]] present a framework called FQMM
(Flexible Quality of Service Model) that combines a reservation procedure for high
priority traffic with a service differentiation for low-priority traffic. However, this hybrid
provisioning scheme does not take into account the characteristics of MANETS and all
the drawbacks of the IntServ and DiffServ remain. Other proposals are less general and
address some of the aspects to be taken into account in a QoS framework for MANETS.
INSIGNIA, see [4], is an in-band signaling protocol designed explicitly for MANETS
which must be integrated with an ad-hoc routing protocol. CEDAR, see [[10], is a protocol
proposed to reduce the control overhead by defining a backbone and MMWN, see [9],
is defined for cluster networks. A reservation scheme with AODV can be found in [13].
Another QoS approach based on measurements is presented in [3].

In this paper we treat the problem of achieving a reservation taking into account
the available bandwidth in a coverage area and the traffic generated and forwarded
by the neighbors and interferent MNs in that coverage area. Furthermore, we apply
our reservation policy to AODV ([[7]) and OLSR ([2]) routing protocols, although the
reservation scheme can be applied to other ad-hoc routing protocols. The results show the
feasibility of our scheme for guaranteeing the QoS requirements. Our reservation scheme
works well for low mobility scenarios. Further analysis to optimize the reservation
scheme under high mobility scenarios still is a current research topic.

2 Bandwidth QoS Constraint

Through this paper we shall assume the following:

— Without loss of generality, there are two traffic classes: with QoS and best effort.

— The MAC is able to isolate traffic classes such that QoS connections have priority
over best effort, e.g. by using 802.11e.

— We use a bandwidth reservation scheme (e.g. peak rate allocation) subject to the
following QoS constraint:

The occupancy of the wireless media by the QoS connections observed at any
MN (i.e. transmitted or received by the MN antenna) is < Q bps. Le. the
occupancy of the QoS traffic competing for the same shared media at any MN
is < Q bps.

The parameter () could be dimensioned such that delays are acceptable for QoS
connections.

— A Call Admission Control (CAC) is used to block new QoS connections if the QoS
constraint cannot be fulfilled.
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We shall refer to the QoS traffic generated or in transit at MN; as the bandwidth
reservation (x;) at a MN;. Le. if r;; is the amount of QoS traffic sent from MN; to MN;,
then:

€Ty = Z Tij (1)

JEN;
Where A is the set of neighbor MNs of MN;, i.e. {MN;|j € N} is the set of nodes
in range with MN;.
We define the maximum available bandwidth MAB; for QoS traffic at MN; as:
MAB; = Q — i — Y 2)
JEN;

Therefore, the QoS constraint previously defined can be formulated as:

QoS constraint: MAB; > 0, Vi. 3)

Note that the previous formulation of the QoS constraint would not be accurate
for a MAC as 802.11 using RTS/CTS. This is because all nodes receiving not only
RTS but also CTS are silent. Therefore, wireless media occupancy at a MN should
be defined not only by the traffic transmitted by the neighbors, but also by the traffic
received by them. Assume for instance the example shown in Fig. [l In this figure
there is only one ongoing QoS connection of () bps from MN; to MN2. Thus, using
equations (I and @) we have: 21 = Q, 2 = 23 = x4 = 0, and: MAB; = MAB; = 0,
MAB3 = MAB4 = Q. In case MN, accepts a reservation of @) bps for MN3, then
MAB, = MABy = MAB3 = MAB, = 0, thus the QoS constraint is satisfied. However,
MN3 cannot receive packets from MNy, since MN3 is blocked by the CTS signals
received from MN, (this is the well-known exposed node problem that occurs when
using RTS/CTS).

Note also that even if MAB3 = @, MN3 cannot accept new reservations due to
the traffic constraint that MNy imposes on MN3 (due to the well known hidden node
problem that occurs in wireless networks). However, since our QoS constraint takes
into account the traffic transmitted by the neighbors, it correctly captures this limitation.
Assume for instance MN3 accepting a reservation of ) bps for MNy. Then, the MNs
would have: x1 = Q, 22 = 0, x3 = Q, z4 = 0, thus: MAB, = 0, MAB; = —Q,
MAB3 = MAB, = 0, so, the QoS constraint would not be satisfied.

3 Reservation Approach

We shall assume that connections requiring QoS use a reservation mechanism at the
connection setup. This consists in the source sending a Reservation Request to the
destination, which in turn sends back a Reservation Reply to the source if the reservation
could be allocated.

Furthermore, we shall also assume that a Call Admission Control (CAC) is used to
block new QoS connections if the QoS constraint cannot be fulfilled: i.e. a MN only
accepts a Reservation Request if the QoS constraint can be satisfied.
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Fig. 1. Hidden node problem in QoS reservations

We define the available bandwidth AB; to allocate new reservations at MN; as:

AB; = min{MAB;, MAB;},j € N, 4

We shall use the notation MN; — MN to denote two consecutive MNs belonging to
the path to be reserved for a new QoS connection. Suppose that a new QoS connection
of r bps has to be established. We claim that if the path to be reserved does not follow
unnecessary jumps (i.e. if - - - MN; — MN; — MNy, - - -, then MN;, MNy, € N, MN,; ¢
N, V1 # i, j, k), then, the QoS constraint given by (3) is satisfied if the following CAC
conditions hold:

— If the QoS connection is generated at MN;:
e Accept if the destination is a neighbor and AB; > r.
e Accept if the destination is not a neighbor and AB; > 2r.
— If the QoS connection is generated at another MN (transit traffic):
e Accept if the destination is a neighbor and AB; > 2r.
e Accept if the destination is not a neighbor and AB; > 3r.
— Otherwise the reservation request cannot be accommodated.

Note that this conditions should be fulfilled in every node along the path.

Proof. Assume that the Reservation Request is accepted and use () and @) to verify
that the QoS constraint is satisfied. a

For instance, suppose the case when the new connection of r bps is generated at
MN7 and the destination is not one of its neighbors (see Fig.[2). Assume that the CAC
accepts this connection, and the next hop is the node MN, shown in the figure. Then,
x1 and xo will be increased by 7. Thus, the MAB of MNy, MN5 and all their common
neighbors will be decreased by 2 r. Since AB; > 2r, from @), MAB; > 0, Vi.

The formerly described CAC may be further improved. Consider for instance that
the node imposing the minimum MAB in the previous example is a neighbor of MN;
but not of MN5. In this case, the AB may be reduced by less than 2 r, thus the condition
AB; > 2r may be too restrictive. However, in order to introduce this optimization, the
nodes would not only need to know their neighbors, but also the coverage relation among
them.
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Fig. 2. Example of a connection generated at MV; with destination not a neighbor of M\

4 Implementation

The reservation scheme described in the previous sections requires that each MN; knows
two quantities from their neighbors \V;: their reservation (z, j € ;) and their maximum
available bandwidth (MAB;, j € N;). This could be implemented by means of each MV
broadcasting HELLO packets with x; and MAB,;.

In the following we describe how to integrate our reservation scheme in the AODV [[7]
and OLSR ad-hoc [2] routing protocols.

4.1 Integration in AODV

For the AODV protocol we propose the following modifications to implement the reser-
vation scheme:

(i) AODV HELLO messages are modified such that each MN; advertises x; and MAB;
to their neighbors.

(i1) Each MN; collects the QoS messages from their neighbors to compute AB; according
to (@.

(ii1) QoS Reservation Request and Reply messages are integrated in AODV as described
in [6]: the bandwidth reservation is included in a Route Request (RREQ) message
as an extension object. The RREQ QoS extensions include a session-ID to identify
the flows together with the Source and Destination addresses.

(iv) Upon receiving a RREQ, intermediate MNs apply the CAC algorithm described in
Sect.[3 If the reservation is accepted, the RREQ is forwarded, and it is discarded
otherwise. However, reservation is only done when the RREP is received (see Fig.[3).
Opposite to AODV, if an intermediate MN has a route to a destination, this MN
should not answer with a route reply to the sender, since the intermediate MN does
not know whether further MNs can accomplish the bandwidth reservation. In order
to avoid this situation the D flag of a RREQ is activated (see [7]) indicating that only
the destination can send a RREP.
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Fig. 3. Reservation procedure

4.2 Integration in OLSR

The modifications we propose for OLSR to implement the reservation scheme is some-
how similar to what happens for AODYV, as one may notice in the following steps:

(i) OLSR HELLO messages are modified just like in AODV (see steps i and ii).

(i) We modified the OLSR TC messages such that they also advertise AB; next to
advertising the MPR selectors. This way each node has knowledge of the network
topology and the bandwidth available in the network.

(iii) In order to find a route that meets the QoS requirements, we modified the OLSR
route selection algorithm to find a shortest hop path that has enough bandwidth to
meet these requirements. Since the TC messages also advertise AB; the originating
node has enough information to decide if enough resources are available.

(iv) The reservation of the bandwidth at the intermediate nodes is done by adding the
requested rate to the [P header (e.g. by using an IP option). This way an intermediate
node which has not yet seen the flow will be able to allocate the bandwidth. The
requested rate can be advertised for a certain amount of time, number of packets or
until an ACK is received to say that the flow has been set up. This is done to make
this approach robust to packet loss.

For the remainder of the paper we will call our OLSR implementation extended with
the QoS signaling QOLSR. We wish to stress that our protocol has little in common with
[1], only the idea of extending OLSR with QoS support. The signaling introduced in
QOLSR has much in common with the INSIGNIA protocol [4], although the full feature
set of INSIGNIA is not implemented since this was not necessary for the goal of this

paper.

4.3 Flow Based Routing

Some words about flows: note these reservation schemes need a flow-id to identify
ongoing QoS connections. IP look-ups are done using the pairs IP-address and Flow-
id. These pairs must be unique. Using IPv6 it can be used the flow label specification
described in [[]]. Connections are identified by the 3-tuple Flow Label, Source and
Destination Address fields. Packet classifiers use the former triplet to identify which
flow a particular packet belongs to. Note that packets from different flows forwarded to
the same destination may follow different paths.
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5 Simulation Results

We have added our reservation scheme in the AODV protocol provided by the network
simulator [[IT]] and the OLSR implementation available in [5]. We shall refer as QAODV
and QOLSR to our implementations. We have simulated the following scenario:

MAC: 802.11 without RTS/CTS and link rate of 2 Mbps.

— CBR connections sending packets of size 500 bytes and rate 32 kbps.

The QoS constraint for CBR connections is () = 250 kbps.

40 MNs randomly placed over a square 1000x1000 meters.

MN coverage of 300 meters.

Each pair of nodes initiates a unidirectional QoS connection staggered 15s. Thus,
20 QoS connections are initiated (20 x 32 = 640 kbps).

The simulation time is 600 s.

The nodes don’t move.

In the following we explain the results obtained using AODV/QAODYV and OLSR/
QOLSR.

5.1 Simulation Results with AODV

Fig. [ shows the evolution of the connections established with each protocol. Note
that all connections are established with AODV but only 8 with QAODV (the others
are blocked). Fig. |6l shows the distribution of the MNs and the connections that were
successfully established. The figure also shows the coverage (300 meters) for one of the
nodes.
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Fig. 3 plots at each time ¢ the maximum CBR occupancy (as defined in section 2))
observed by the most congested node at this moment. This occupancy is measured at
each node counting the size of the frames carrying CBR packets that are seen by the node
(including the collisions). This figure validates that the QoS constraint is satisfied, i.e.
the maximum CBR occupancy is /= 250 kbps. This value is exceeded a bit among other
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reasons, because of collisions and headers overhead (the 500 bytes packet size does not
include the IP header, neither the 802.11 header, thus, the occupancy at the MAC is in
fact 250 x 572/500 = 286 kbps). Thus, we conclude from Fig.[Blthat the QoS constraint
is satisfied.

Fig. ] also shows that, using AODV, the MAC becomes congested at around 200
seconds (when only 14 of the 20 connections have started). This may be noticed by the
fact that the CBR occupancy does not increase any more, although new connections
are established. This is confirmed by Figs.[7 and[Bl The first one depicts the maximum
end-to-end delay of CBR packets, and the second one depicts the maximum percentage
of packets lost by the connections, measured in intervals of 1.25 s (the transmission time
of 10 packets).

It is also interesting to know how may connections are suffering from congestion.
Figures and [T show respectively delay and loss-percentage Complementary Dis-
tribution Probability Functions (CDPF) for all the ongoing connections (loss CDPFs are
not given for QAODYV because no losses were detected with it).
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Fig. O shows that delays are huge for AODV: 11 of the 20 connections have delays
higher than 2 s with probability higher than 30%. On the other hand, Fig.[10lshows that
all connections with QAODV have delays higher than 60 ms with probability lower than
0.1%. Fig.[11]also shows that most of AODV connections suffer high loss rates (11 of
the 20 connections have losses higher than 50% with probability higher than 5%). Thus,
we conclude that most of the ongoing AODV connections are suffering from congestion.

5.2 Simulation Results with OLSR

The following paragraph describes the results obtained from the simulations using OLSR
and QOLSR. Since OLSR is a proactive protocol we had to make sure that each node
received the necessary topology information before the applications were started. We
changed the parameters so that the simulation now took 700s. During the first 100
seconds no application was started, only OLSR routing messages were exchanged. This
100 second period gives OLSR ample time to exchange routing information between
all nodes. We now compare the results of the last 600s of our simulation to those from
AODV.
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Fig.[T2shows us that 8 connections are allowed to start, while the others are blocked
by the CAC. However when observing the graph we notice that different applications are
allowed to start by QAODV and QOLSR protocols. After carefully looking at the routes
that were set up by both protocols we found that the route for some of the flows was
chosen differently by them. In fact both protocols could choose between the same routes
and both made an arbitrary choice (which is influenced by randomness e.g. the order of
the links in the topology set of OLSR and the jitter introduced before re-broadcasting a
RREQ in AODV). This different choice in routes caused that different applications were
allowed to start.

Of course the previous paragraph does not prove that the CAC performed by both
protocols behaves equally well since the result depends very much on the node place-
ment and several random factors inherent to the scenario. To investigate any possible
performance differences between the two protocols we ran the same simulation 400
times with both QAODV and QOLSR but each time using different node placements.
Figures 20]and 21l show the results of these simulations.

Asyou can see QOADV allows on average 7 connections with a standard deviation of
about 2 connections. QOLSR presents similar results, with an average of 7 to 8 connec-
tions and a standard deviation of 2 connections. It is interesting to notice that, although
OLSR disseminates network topology using the multi-point relays (what causes only
partial topology information to be spread), results are as good as in the case of AODV,



186 L. Cerda et al.

QOLSR
1 1
0.1 0.1
55 55
= 0.01 = 0.01
&} &}
0.001 0.001
le-04 : le-04 L
0.001 001 0.1 1 10 100 0.001 0.01 0.1 1 10 100
delay (s) delay (s)
Fig. 16. OLSR delay CDPF Fig.17. QOLSR delay CDPF
OLSR QOLSR
1
0.1
<3 <3
~ ~
a a
&} &}
0.01
0.001 0.001 L
0 20 40 60 80 100 0 20 40 60 80 100
% of packets lost in 1.25 sec % of packets lost in 1.25 sec
(Tx time of 10 packets) (Tx time of 10 packets)
Fig. 18. OLSR loss CDPF Fig. 19. QOLSR loss CDPF

where this restriction is not present. In fact, repeating the experiment with QAODV using
RTS/CTS, we obtained an average of 11 connections. The drawback of QAODYV is that
some nodes may not receive the broadcast because of collisions. This is more likely to
happen without RTS/CTS, due to the hidden node problem. Thus, suboptimal paths may
be chosen with QAODYV, reducing the number of connections.

If we compare Fig.[3to Fig.[I3 we observe the following: QOLSR performs equally
well as QAODV and both succeed in guaranteeing the QoS constraint. Secondly we
also notice the drops in the occupancy measured with OLSR which did not occur with
AODV. This occurs when the network gets congested and some of the broadcasts that
are needed to advertise the topology information to the network get lost causing some
nodes not to have full topology information. Since in this case these nodes might not
have a route to the destination they will drop the packets before passing them to the
MAC layer. After a while the MAC will get less congested and the topology information
is advertised correctly.

We can see the same behavior in Fig. [I4] where the delay drops at the same time
the MAC gets less congested. Compared to QOADV (Fig. [7) we see that in QOLSR
(Fig.[Td) the packets incur a slightly higher delay which is confirmed by Fig.[T7] Fig.[T8
shows us that except for two flows all the others have a 10% chance of having a 10 s
delay. With QOLSR on the other hand the majority of the flows have end-to-end delays



A Reservation Scheme Satisfying Bandwidth QoS Constraints for Ad-Hoc Networks 187

Accepted Connections (400 experiments) Accepted Connections (400 experiments)
25% —— 30% T
Gaussian Distribution (u=7, sd=1.86) - Gaussian Distribution (u=8, sd=1.7) -
% o % T—
20% 25%
8 g,
§ 15% § 0%
= =
é é 15%
= 10% P
- s 10%
5% 5%
0% L 0% E
2 4 6 8 10 12 14 4 5 6 7 8 9 10 11 12 13 14 15

# accepted connections # accepted connections

Fig. 20. % of accepted connections by QAODV  Fig. 21. % of accepted connections by QOLSR

higher than 100 ms with a probability lower than 1% (Fig. [[7). The remaining flows
show a better behavior than the two flows that behaved best with OLSR.

Fig.[[3shows us that QOLSR is not only successful in avoiding network congestion,
but also in avoiding the packet losses that occur when the network becomes congested.
Compared to QOLSR, OLSR behaves much worse since it loses up to 90% of the packets
at some instances. Fig.[[9shows us that QOLSR has negligible losses just like QAODYV.

6 Conclusions and Further Work

In this paper we have described a bandwidth reservation scheme for ad-hoc networks
that satisfies the following QoS constraint: “The occupancy of the wireless media by
the QoS connections observed at any mobile node (MN) is < ) bps”. Our reservation
scheme only requires that MNs know the reservation and maximum available bandwidth
of their neighbors. These quantities can be easily advertised by means of hello packets.
We also give the CAC rules that MNs should apply to new connections requiring QoS.
We have described how to integrate our reservation scheme in the AODV and OLSR
ad-hoc routing protocols and we have implemented them with the ns simulator. We have
have simulated AODV and OLSR with and without our reservation scheme. The results
obtained for both protocols are similar. The following items summarize our findings:

Ad-hoc networks can easily become congested by QoS traffic (opposite to TCP, this
kind of traffic typically doesn’t have congestion control mechanisms).

Congestion can easily extend to most of the network introducing high delays and
losses, thus, damaging most of the connections having QoS requirements.

Our reservation scheme provides a feasible way to avoid congestion, thus, guaran-
teeing QoS requirements to ongoing connections.

Confronting our reservation scheme integrated in AODV and OLSR, we have ob-
served that AODV allows on average almost the same number of connections than
OLSR.

Further work: In the simulations carried out in this paper we have used static MNs
(without movement). If MNs move, they may enter in coverage with new MNs, producing
QoS violation (i.e. breaching the QoS constraint). A mechanism in needed to cope with



188 L. Cerda et al.

this situation. For instance, the MNs receiving hello packets from a new MN such that
a QoS violation occurs, may send a Route Error to some connections such that they
look for another path that fulfills the QoS constraint. Other reasons may produce QoS
violations, e.g. due to transient periods, or due to the establishment of a path having
unnecessary jumps inside the coverage of another MN.

Another problem arises when a link is broken and a set of connections that traverse
that node loose the reserve path to their destination. A reservation recovery must be
initiated on the nodes whose flows have lost the QoS reservations. Furthermore, a mech-
anism to free the already reservations in the broken path is needed. This mechanism
may use timers that free a reservation in a node if the interval of time after forwarding
a packet belonging to a flow is higher than certain value.
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Abstract. Although an autonomous mobile ad hoc network (MANET) is use-
ful in many scenarios, a MANET connected to the Internet is more desirable.
This interconnection is achieved by using gateways, which act as bridges be-
tween a MANET and the Internet. Before a mobile node can communicate with
an Internet host it needs to find a route to a gateway. Thus, a gateway discov-
ery mechanism is required. In this paper the MANET routing protocol Ad hoc
On-Demand Distance Vector (AODV) is extended to achieve the interconnec-
tion between a MANET and the Internet. Moreover, the paper investigates and
compares three approaches for gateway discovery. The question of whether the
configuration phase with the gateway should be initiated by the gateway, by the
mobile node or by mixing these two approaches is being discussed. We have im-
plemented and simulated these three methods and we discuss the advantages and
disadvantages of the three alternatives.

1 Introduction

A mobile ad hoc network (MANET) is an autonomous network that can be formed
without need of any established infrastructure or centralized administration. It normally
consists of mobile nodes, equipped with a wireless interface, that communicate with
each other. Because these kinds of networks are very spontaneous and self-organizing,
they are expected to be very useful. It is also highly likely that a user of the network
will have the need to connect to the Internet.

The Internet Engineering Task Force (IETF) has proposed several routing protocols
for MANETS, such as Ad hoc On-Demand Distance Vector (AODV) [10], Dynamic
Source Routing (DSR) [6]], Optimized Link State Routing Protocol (OLSR) [4] and
Topology Dissemination Based on Reverse-Path Forwarding (TBRPF) [9]. However,
these protocols were designed for communication within an autonomous MANET, so
a routing protocol needs to be modified in order to achieve routing between a mobile
device in a MANET and a host device in a wired network (e.g. the Internet). To achieve
this network interconnection, gateways that understand not only the IP suite, but also
the MANET protocol stack, are needed. Thus, a gateway acts as a bridge between a
MANET and the Internet and all communication between the two networks must pass
through any of the gateways.

G. Kotsis and O. Spaniol (Eds.): Mobile and Wireless Systems, LNCS 3427, pp. 189-201] 2005.
(© Springer-Verlag Berlin Heidelberg 2005
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The AODYV routing protocol is one of the most developed and implemented routing
protocols investigated by the IETF MANET working group. In this work AODV has
been modified to achieve routing of packets towards a wired network [[14]. Although
AODV was used in this study, our approach can be applied to any reactive MANET
routing protocol and with some modifications to proactive MANET routing protocols
as well.

This paper evaluates three approaches for gateway discovery. An interesting ques-
tion is whether the configuration phase with the gateway should be initiated by the
gateway (proactive method), by the mobile node (reactive method) or by mixing these
two approaches. We have implemented these three methods in Network Simulator 2
(ns-2) [8]] and compare them by means of simulation. We also discuss the advantages
and disadvantages of the three alternatives.

The remainder of this paper is organized as follows: Section [2] gives an overview
of AODV and presents an Internet access solution for MANETS. Section[3 investigates
three gateway discovery strategies. The simulation results are presented and discussed
in Sect. [l Finally, Sect. 3] concludes this paper and gives some directions for future
work.

2 Protocol Description

As mentioned above, AODV was originally designed for routing packets within a
MANET and not between a MANET and a wired network. In order to achieve routing
across the network interconnection, the routing protocol needs to be modified. After giv-
ing an overview of AODV, we present a solution, which is referred to as AODV+ [[13],
where AODYV is extended to provide Internet access for mobiles node in a MANET.

2.1 Ad Hoc On-Demand Distance Vector (AODYV)

Ad hoc On-Demand Distance Vector (AODV) is a reactive MANET routing protocol
[1O]l, where the reactive property implies that a mobile node requests a route only when
it needs one. Consequently, the node maintains a routing table containing route entries
only to destinations it is currently communicating with. Each route entry contains a
number of fields such as Destination IP Address, Next Hop (a neighbor node chosen to
forward packets to the destination), Hop Count (the number of hops needed to reach the
destination) and Lifetime (the expiration or deletion time of the route). AODV guaran-
tees loop-free routes by using sequence numbers that indicate how fresh a route is.

Route Discovery. Whenever a node (source) determines that it needs a route to another
node (destination) it broadcasts a route request (RREQ) message and sets a timer to wait
for the reception of a route reply (RREP). A node that receives a RREQ creates a reverse
route entry for the source in its routing table. Then it checks to determine whether it has
received a RREQ with the same Originator IP Address and RREQ ID within the last
PATH_DISCOVERY_TIME. If such a RREQ has been received, the node discards the
newly received RREQ in order to prevent duplicated RREQs from being forwarded. If
the RREQ is not discarded the node continues to process it as follows: If the node is
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either the destination or if it has an unexpired route to the destination it unicasts a RREP
back to the source; otherwise it rebroadcasts the RREQ. If a RREP is generated, any
intermediate node along the path back to the source creates a forward route entry for
the destination in its routing table and forwards the RREP towards the source.

If the source does not receive any RREP before the RREQ timer expires, it broad-
casts a new RREQ with an increased time to live (TTL) value. This technique is called
expanding ring search and continues until either a RREP is received or a RREQ with
the maximum TTL value is broadcasted. Broadcasting a RREQ with the maximum TTL
value is referred to as a network-wide search since the RREQ is disseminated through-
out the MANET. If a source performs a network-wide search without receiving any
corresponding RREP, it may try again to find a route to the destination, up to a maxi-
mum of RREQ_RETRIES times after which the session is aborted.

Route Maintenance. When an active link breaks, the node upstream of the break in-
validates all its routes that use the broken link. Then, the node broadcasts a route er-
ror (RERR) message that contains the IP address of each destination that has become
unreachable due to the link break. Upon reception of such a RERR message, a node
searches its routing table to see if it has any route(s) to the unreachable destination(s)
(listed in the RERR message) that uses the originator of the RERR as the next hop. If
such routes exist, they are invalidated and the node broadcasts a new RERR message.
This process continues until the source receives a RERR message. The source then in-
validates the listed routes as previously described and initiates a route discovery process
if needed.

2.2 Internet Access for Mobile Ad Hoc Networks

Whenever a mobile node is about to communicate with a fixed wired node, it searches
its routing table for a route towards the destination. If a route is found, the communica-
tion can be established. Otherwise, the mobile node starts a route discovery process by
broadcasting a RREQ message as described above.

When an intermediate mobile node receives a RREQ message, it searches its routing
table for a route towards the wired destination. If a route is found, the intermediate node
would normally send a RREP back to the originator of the RREQ. But in that case, the
source would think that the destination is a mobile node that can be reached via the
intermediate node. It is important that the source knows that the destination is a fixed
node and not a mobile node, because these are sometimes processed differently. In our
solution, this problem has been solved by preventing the intermediate node to send a
RREP back to the originator of the RREQ if the destination is a wired node. Instead,
the intermediate node updates its routing table and rebroadcasts the received RREQ
message. To determine whether the destination is a wired node or not, an intermediate
node consults its routing table. If the next hop address of the destination is a default
route (see Table [I), the destination is a wired node. Otherwise, the destination is a
mobile node or a gateway.

Since neither the fixed node nor the mobile nodes in the MANET can reply to the
RREQ, it is rebroadcasted until its TTL value reaches zero. When the timer of the RREQ
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expires, a new RREQ message is broadcasted with a larger TTL value. However, since
the fixed node cannot receive the RREQ message (no matter how large the TTL value
is) the source will never receive the RREP message it is waiting for. This problem has
been solved by letting the source assume the destination is a fixed node if a network-
wide search has been done without receiving any corresponding RREP. In that case, the
source must find a route to a gateway (if it does not have one already, see Sect. ) and
send its data packets towards the gateway, which will forward them towards the fixed
node.

It should be mentioned that when using the expanding ring search, a considerable
route discovery delay will occur if the destination is a fixed node. Modifying the pa-
rameters involved in the expanding ring search technique (such as TTL_START and
TTL_THRESHOLD) can decrease the route discovery delay if the destination is a
fixed node. However, the modification can also result in increased routing overhead
if the destination is a mobile node. The modification could for example be to increase
TTL_START. Assuming the destination is a fixed node, increasing TTL_START would
result in less number of broadcasted RREQs (and consequently less delay) before the
source assumes that the destination is a fixed node. Thus, different approaches are
preferable depending on whether a mobile node is to communicate mostly with the
MANET or the Internet.

Handover. Due to the multihop nature of a MANET, there might be several reachable
gateways for a mobile node at some point of time. If a mobile node receives gateway
advertisements from more than one gateway, it has to decide which gateway to use
for its connection to the Internet. In this solution a mobile node initiates a handover
when it receives an advertisement from a gateway that is closer (in terms of number of
hops) than the one it is currently registered with. Apart from the hop count, there are
other potential criteria that could be used to determine whether a handover is needed
or not; e.g. geographical distance, radio signal level, signal delay and direction of node
movement [1]. However, the question of a suitable metric for route selection is a general
routing issue in MANETS.

Gateway Operation. When a gateway receives a RREQ, it consults its routing table
for the destination IP address specified in the RREQ message. If the address is not
found, the gateway sends a RREP with an 'I’ flag (RREP_I) back to the originator of
the RREQ. On the other hand, if the gateway finds the destination in its routing table,
it unicasts a RREP as normal, but may also optionally send a RREP_I back to the
originator of the RREQ. This will provide the mobile node a default route although
it has not requested it. If the mobile node is to communicate with the Internet later,
the default route is already established, and another time consuming gateway discovery
process can be avoided.

Routing Table Management. Another issue that must be taken into consideration is
how the routing table should be updated after a network-wide search without receiving
any corresponding RREP. Once the source has determined that the destination is a fixed
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node located on the Internet, it has to create a route entry for the fixed node in its
routing table. If the route entry for the fixed destination would not be created in the
routing table, the source would not find the address to the fixed node in its routing table
when the next data packet would be generated and hence, the source would have to do
another time consuming network-wide search.

Table [[lshows how the routing table of a mobile node should look like after creation
of a route entry for a fixed node. The first entry tells the node that the destination is
a fixed node since the next hop is specified by the default route. The second entry
specifies which gateway the node has chosen for its Internet connection. The last entry
gives information about the next hop towards the gateway.

Table 1. The routing table of a mobile node after creating a route entry for a fixed node

Destination Address Next Hop Address

Fixed node Default
Default Gateway
Gateway IMN

Another challenge is how to setup the routing table of an intermediate mobile node
(IMN) chosen to forward data packets towards the gateway. Since the forward route
entries are created for the gateway (the source of the RREP_I) and not for the fixed
node, which is the final destination of the data packets, IMN will not find any valid
route for the fixed node when it receives data packets from the source. Therefore, it
would normally drop the data packets because it does not know how to forward them.
In our solution, if IMN does not find a valid route to the destination and if the destination
is a fixed node, it creates a (or updates the) route entry for the fixed node in its routing
table and forwards the data packets towards the gateway.

3 Gateway Discovery

An interesting question to investigate is whether the configuration phase with the gate-
way should be initiated by the gateway (proactive method), by the mobile node (reac-
tive method) or by mixing these two approaches (hybrid proactive/reactive method) has
been discussed lately. In the following, the mechanisms of these three approaches are
discussed.

3.1 Proactive Gateway Discovery

The proactive gateway discovery is initiated by the gateway itself. The gateway period-
ically broadcasts a gateway advertisement (GWADV) message with the period deter-
mined by ADVERTISEMENT_INTERVAL [13]5]. The advertisement period must be
chosen with care so that the network is not flooded unnecessarily.

The mobile nodes that receive the advertisement, create a (or update the) route entry
for the gateway and then rebroadcast the message. To assure that all mobile nodes within
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the MANET receive the advertisement, the number of retransmissions is determined by
NET_DIAMETER defined by AODV. However, this will lead to enormously many un-
necessary duplicated advertisements. A conceivable solution that prevents duplicated
advertisements, is to introduce a “GWADYV ID” field in the advertisement message for-
mat similar to the “RREQ ID” field in the RREQ message format (see Sect.2.1).

It is worth mentioning that the mobile nodes randomize their rebroadcasting of the
GWADV message in order to avoid synchronization and subsequent collisions with
other nodes’ rebroadcasts.

The advantage of this approach is that there is a chance for the mobile node to
initiate a handover before it looses its Internet connection. The disadvantage is that
since a control message is flooded through the whole MANET periodically, limited
resources in a MANET, such as power and bandwidth, will be used a lot.

3.2 Reactive Gateway Discovery

The reactive gateway discovery is initiated by a mobile node that is to create or update
a route to a gateway. The mobile node broadcasts a RREQ with an "I” flag (RREQ_I) to
the ALL_MANET_GW_MULTICAST [14] address, i.e. the IP address for the group of
all gateways in a MANET. Thus, only the gateways are addressed by this message and
only they process it. Intermediate mobile nodes that receive a RREQ_I are not allowed
to answer it, so they just rebroadcast it. When a gateway receives a RREQ_I, it unicasts
back a RREP_I which, among other things, contains the IP address of the gateway.

The advantage of this approach is that control messages are generated only when a
mobile node needs information about reachable gateways. Hence, periodic flooding of
the whole MANET, which has obvious disadvantages as discussed in[3.1] is prevented.
The disadvantage of reactive gateway discovery is that a handover cannot be initiated
before a mobile node looses its Internet connection. As a consequence, a situation can
occur where a mobile node uses a gateway for its Internet connection although there are
other gateways that are closer.

3.3 Hybrid Gateway Discovery

To minimize the disadvantages of the proactive and reactive strategies, they can be com-
bined into a hybrid proactive/reactive method for gateway discovery. For mobile nodes
in a certain range around a gateway, proactive gateway discovery is used while mobile
nodes residing outside this range use reactive gateway discovery to obtain information
about the gateway.

The gateway periodically broadcasts a GWADV message. Upon receipt of the mes-
sage, the mobile nodes update their routing table and then rebroadcast the message. The
maximum number of hops a GWADV can move through the MANET is determined
by ADVERTISEMENT_ZONE. This value defines the range within which proactive
gateway discovery is used. When a mobile node residing outside this range needs gate-
way information, it broadcasts a RREQ_I to the ALL_MANET_GW_MULTICAST
address. Mobile nodes receiving the RREQ_I just rebroadcast it. When a gateway re-
ceives a RREQ_I, it sends a RREP_I towards the source.
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Thus, the proactive gateway discovery method is used to handle the mobile nodes
less or equal than ADVERTISEMENT_ZONE hops away from the gateway and the
reactive gateway discovery method is used to handle the mobile nodes more than AD-
VERTISEMENT_ZONE hops away from the gateway.

4 Performance Evaluation

In order to evaluate the performance of the three gateway discovery methods, the net-
work simulator ns-2 has been used. First, the source code of AODV in ns-2 was ex-
tended to provide Internet access to mobile nodes. Then the three gateway discovery
methods were implemented. This code, which is referred to as AODV+, has been con-
tributed [13]] to ns-2 and is free to be downloaded and used by everyone. The latest
version of ns-2 (ns-2.27) has been used in this study.

4.1 Simulation Scenario

The studied scenario consists of 60 mobile nodes, two gateways, two routers and two
hosts. The topology is a rectangular area with 1300 m length and 800 m width. A
rectangular area was chosen in order to force the use of longer routes between nodes,
compared to a square area with the same node density. The two gateways were placed on
each side of the area; their x- and y-coordinates in meters are (200,500) and (1100,500).
All simulations were run for 1000 seconds of simulation time. Since we were interested
in studying the behaviour of the network in steady state, the first 100 seconds of the
simulation were ignored.

Ten of the 60 mobile nodes are constant bit rate (CBR) traffic sources sending data
packets with a size of 512 bytes, to one of the two hosts, chosen randomly. The sources
are distributed randomly within the MANET. The transmission range of the mobile
nodes is 250 meters.

A screenshot of the simulation scenario is shown in Fig. [[1 The 60 small circles
represent the mobile nodes. The two hexagonal nodes at each side of the figure are the
gateways and the four square nodes are the two hosts and the two routers.

4.2 The Mobility Model

The mobile nodes move according to an improved version of the commonly used ran-
dom waypoint model. It has been shown that the original random waypoint model can
generate misleading results [[7]. With the improved random waypoint model the mobile
node speed reaches steady state after a quick warm-up period.

Each mobile node begins the simulation by selecting a random destination in the
defined area and moves to that destination at a random speed. The random speed is dis-
tributed uniformly in the interval [1,19] m/s. Upon reaching the destination, the mobile
node pauses for 10 seconds, selects another destination, and proceeds as described. This
movement pattern is repeated for the duration of the simulation.

The gateways broadcast GWADVs every ADVERTISEMENT_INTERVAL=S sec-
onds when the proactive or hybrid discovery method is used (see Sect. 3.1l and [3.3).
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Fig. 1. Screenshot of the simulation scenario

ADVERTISEMENT_ZONE, which is set to three, is used for the hybrid gateway dis-
covery method and defines the range within which proactive gateway discovery is used.
Outside this range the reactive gateway discovery is used.

4.3 Performance Metrics

In comparing the gateway discovery approaches, the evaluation has been done accord-
ing to the following three metrics:

— The packet delivery ratio is defined as the number of received data packets divided
by the number of generated data packets.

— The end-to-end delay is defined as the time a data packet is received by the desti-
nation minus the time the data packet is generated by the source.

— The overhead is defined as the amount of AODV messages in bytes divided by the
sum of the AODV messages plus the data packets in bytes.

Each data point is an average value of ten runs with different randomly generated
movement patterns.

4.4 Simulation Results

In all figures discussed in this section it should be noted that the term “traffic load”
denotes only the data traffic that each source generates, which is ten times less than the
total data traffic in the whole network. To that come also control packets sent by the
data link and network layers.

Figure 2 shows the impact of the advertisement interval on the average end-to-end
delay when the traffic load changes for the proactive gateway discovery method. It can
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be observed that the curve representing the advertisement interval of one second differs
greatly from other curves representing higher advertisement intervals. The reason is that
a very short interval leads to a lot of advertisements and thus a lot of overhead, which
in turn means many collisions, retransmissions and route discoveries that increase the
end-to-end delay.
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Fig. 2. The impact of advertisement interval

Figures Bl Hland [ show the packet delivery ratio, the average end-to-end delay
and the AODV overhead respectively for the three gateway discovery methods when
the traffic load changes.

Packet losses occur frequently due to many reasons, e.g. when a source sends pack-
ets along a path that recently has broken but the source has not been informed about that
yet; or when a source has no other nodes within its transmission range (i.e. the node is
isolated) for some time and its outgoing buffer is full. Since we have omitted the TCP
protocol and its retransmission function from our model high packet losses may occur.

As Fig. Bl shows, the packet delivery ratio is high when the traffic load is light but
decreases when the traffic increases. This result is expected but it can also be seen that
increasing the traffic affects all three approaches pretty much the same way. One can
also see that the delivery ratio is somewhat lower for very light loads (5 kbits/s/source)
compared to light loads (20 kbits/s/source). The reason for this is that once a connection
has been established, it is not fully used when the traffic is very light. Therefore, only a
few number of packets are sent before the connection breaks and a new route must be
discovered.

Figure Bl shows that the average end-to-end delay increases as expected when the
load increases, since increased load means more collisions, retransmissions and route
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Fig. 3. Packet delivery ratio vs. traffic load

discoveries. We can also see that the difference between the different strategies is neg-
ligible.

One might have expected that the delivery ratio and the average end-to-end delay
would have been different for the reactive method compared to e.g. the proactive. From
one point of view, the reactive method should perform better since it generates less
overhead, which should cause less number of collisions. On the other hand, the reactive
method should perform worse because it does not send periodic advertisements, which
would give shorter routes (in terms of number of hops) in the long term. Since a number
of other aspects need to be taken into account, it is our belief that the given scenario and
the assumptions made for the simulation have a significant impact on the results.

There are some problems with the ARPE] implementation in ns-2, which is based
on the BSD [ implementation of ARP [12], that have negative impact on our results.
Each node has an ARP queue that can hold only one packet for each neighbour while
requesting the MAC address of the next hop. If other packets arrive to the queue before
the MAC address is resolved, all but the last one will be dropped [2]]. This can lead to
loss of important messages from upper layers, such as the RREP or the RREP_I mes-
sages from AODV. Consequently, if the source does not receive any RREP or RREP_I
before its timer expires, it has to reattempt its gateway discovery process where the re-
ply could be lost again. Remember that this important message can be dropped by ARP
on each hop between the gateway and the source where an address resolution process
is started. In the worst case, the source will give up after some attempts and the session
is aborted. Increasing the buffer size of ARP can prevent situations like this to occur.

! Address Resolution Protocol
2 Berkeley Software Distribution



Performance of Internet Access Solutions in Mobile Ad Hoc Networks 199

800

— reactive
-- proactive

600\~ |-~ hybrid

400 - |

average end-to-end delay (ms)

[\
o
S
T
|

0 20 40 60 80 100 120
traffic load (kbits/s)

Fig. 4. Average end-to-end delay vs. traffic load

There is another problem, where ARP is involved, which cannot be solved by in-
creasing the buffer size. Since there is no timer involved in the address resolution pro-
cess, a retransmission will not occur until it is triggered by a new incoming packet. This
can have a significant impact on the end-to-end delay. Suppose that a data packet is sent
to ARP from the routing protocol. Because of some reason (e.g. collision) the address
resolution fails. Before a new data packet is sent to ARP to trigger an ARP request
retransmission, the routing protocol changes its route towards the destination (with a
new next hop) and, hence, no MAC address resolution is needed for the old next hop
anymore. So far there is no problem except that the old data packet remains in the ARP
queue. If the node much later needs to resolve the MAC address of the old next hop and
the ARP resolution succeeds, the data packet waiting in the queue will be sent to the
next hop resulting in a very long end-to-end delay. Increasing the buffer size will in fact
only make the problem even worse since then there are more than a single data packet
that will be delivered to the next hop with a very long end-to-end delay.

Furthermore, the lack of retransmissions means that one single loss of an ARP re-
quest or an ARP reply means that the data (e.g. RREP_I) cannot be sent to the source,
which will be forced to reattempt its gateway discovery process.

The first problem caused by ARP has been investigated in [3] which shows that
increasing the ARP buffer size makes the situation much better (although another solu-
tion is preferred). The second problem is discussed in [[1 1], which suggests a cross-layer
feedback mechanism from MAC to ARP.

Another thing that affects the simulation results in a negative way is when sources
become isolated from the MANET such that they cannot reach any gateway. Isolated
sources result in decreased packet delivery ratio and increased end-to-end delay.
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In Fig.[3the AODV overhead is dominated by the periodically broadcasted GWADV
messages. As the figure shows, the AODV overhead is significantly larger for the proac-
tive approach than for the reactive approach, especially for light traffic loads. This is an
expected result since the proactive approach periodically broadcasts gateway informa-
tion no matter if the mobile nodes need them or not, while the reactive approach broad-
casts gateway information only when a mobile node sends a request for it. Moreover,
the figure shows that the overhead of the hybrid approach, which is a mixture of both
the proactive and the reactive approach, is between the two other methods.
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Fig.5. AODV overhead vs. traffic load

5 Conclusion

We have presented a solution for Internet access for mobile nodes in a MANET. The
MANET routing protocol AODV has been extended to route packets, between a wire-
less MANET and the wired Internet. To achieve this, some nodes must be able to com-
municate with the MANET and with the fixed Internet. As all communication between
the wireless and the wired network must pass through these nodes, they are referred
to as gateways. In this paper, three methods for detection of these gateways have been
presented, implemented and compared. The three methods for gateway detection are
referred to as reactive, proactive and hybrid gateway discovery. When it comes to end-
to-end delay and packet delivery ratio, the three methods show surprisingly similar
behaviour. The fact that the proactive method shows much higher overhead in terms of
control packets than the other methods is more obvious.



Performance of Internet Access Solutions in Mobile Ad Hoc Networks 201

In order to fully understand the reasons behind the large delays and the rather low

packet delivery ratio that were found, the authors plan to do a more detailed study.
This would provide a better understanding of which parts of the end-to-end path that
contribute most to the discovered delays and packet losses.
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Abstract. In this paper we propose a fractional movement—distance
based scheme. In our proposal, a mobile terminal stores in its local mem-
ory the identification of a set X of cells within a distance H (in terms of
cells) from the cell where the last contact between the mobile terminal
and the network occurred. When the mobile terminal visits a cells the
following action is taken. If the identity of the visited cell is stored in
the local memory of the mobile terminal, its movement counter is reset
to zero. Otherwise its movement counter is increased by one unit. In
this last case, if the counter has reached a given threshold d; the mobile
terminal sends an update message with probability ¢; and with prob-
ability 1 — ¢; the mobile terminal waits for the next decision which is
taken in case of the next threshold d;t1 being reached. A set of N move-
ment thresholds {d;} (integer numbers) with the corresponding set of N
probabilities {g;} has been used.

Furthermore, for delivering incoming calls we have considered two se-
lective paging schemes that are combined with the proposed location
update scheme. The tradeoff between our proposals on location update
and paging has been analyzed by means of standard Markovian tools.
Then, it has been shown that in some cases where selective paging is im-
plemented, the optimal mean value of the set {d;}, d, is a real number,
not necessarily integer. This optimal value minimizes the total location
management cost per call arrival (location update plus paging cost) and
outperforms the movement based scheme. However, the distance based
scheme still offers a better performance. But, with few memory require-
ments for the mobile terminal (the set X), our proposed scheme is very
close to the mentioned distance based scheme.

1 Introduction

Location management process plays an important role in Personal Communi-
cation Services (PCS) networks. In mobile communication systems the where-
abouts of a mobile terminal (MT) must be known in order to correctly route
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its incoming calls. Mobility tracking is performed by a set of procedures whose
main goal is to keep track of the MT’s geographical position. In Global System
for Mobile communications (GSM) terminology, these procedures are called lo-
cation update and call delivery. First, the location of an MT must be reported
to the database of the network and maintained up to date. The database entry
of an MT is updated when the MT sends an update message to the network
or when the MT successfully starts a call. Second, the call delivery procedure.
It is decomposed in two sequential steps. The first step is the interrogation by
which the last location information of the called MT is retrieved from the sys-
tem databases, and constitutes an input for the second step, the paging. In the
paging procedure, the MT is searched by sending polling messages through the
cells that are geographically close to the last reported location of the called MT.
The output of the paging procedure is the exact cell where the called MT is
roaming.

There are many proposals to implement the location update (LU) procedure.
For instance, in the existing cellular networks, a set of neighboring cells conforms
a location area (LA). The sizes and borders of an LA are fixed. The MT sends
an update message each time it enters into a new LA, and the location infor-
mation is updated accordingly in the system database. This procedure belongs
to the static (or global) location update schemes. They are global because all
MTs send their update messages from the cells in the perimeter of the LAs. The
first drawback of these schemes is that the associated signalling traffic is clearly
unbalanced. Another drawback is that an MT roaming in the vecinities of the
boundary between two LAs may send an excessive number of update messages as
it moves back and forth between two LAs, [15], [10]. To overcome these deficien-
cies, three dynamic (or local) location update schemes that are MT dependent
were proposed in [3]. Under these three schemes, update messages are sent based
on the time elapsed, T' (the time threshold), the number of movements performed
in terms of cells, d (the movement threshold), and the distance traveled in terms
of cells, D (the distance threshold), respectively, since the last update message
was sent. The mentioned distance is from the cell where the last contact with
the fixed network occurred. In the sequel we will identify that cell as the center
cell.

The comparative analysis carried out in [4] concludes that the distance based
location update scheme outperforms both the movement based and the time
based schemes. Nevertheless, the movement based scheme may be more practical
and easier to implement than the distance based scheme, since the former does
not require each MT to store information about the network topology, [I]. The
movement based scheme combined with selective paging was analyzed in [IJ.
However, when the movement counter of the MT reaches threshold d, and at the
same time the MT is revisiting the center cell, an unnecessary location update is
performed. In [6], the authors presented a new proposal avoiding this situation:
when the MT revisits the center cell, the movement counter is reset to zero.
This strategy reduces the signalling traffic in update messages sent by the MT.
However, as this fact results in fewer contacts with the network, the uncertainty
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on the MT’s position increases and the paging cost increases slightly. But the
net effect is a significant saving in the total cost of location update plus paging.
The movement—distance based scheme, [7], is an extension of this idea. In this
policy each MT stores in its local memory a set X of cells (their identities)
within a distance H, in terms of cells, from the center cell. When the MT visits
a cell the following action is taken. If the identity of the visited cell is stored
in the MT’s local memory, its movement counter is reset to zero. Otherwise its
movement counter is increased by one unit. In this last case, the MT verifies if
a given threshold d has been reached and if this is the case, an update message
is sent to the network. After performing a location update, a new set X of cells
is transferred to the MT to be stored in its local memory.

Recently, a fractional movement based scheme for PCS location management
has been proposed in [I7]. It is similar to the Fractional Guard Channel scheme
[16], and to the scheme in [12]. In [I7] the sets of cells to be stored in the
local memory of the MT is an empty set. The MT only needs a movement
counter. Let d be the movement counter threshold, an integer number. When
an MT completes d movements between cells it sends an update message with
probability pop = 1 — r (r € [0;1]). Otherwise the MT sends an update message
when it completes d + 1 movements. Therefore the mean value of the movement
threshold parameter is a real number given by d = d.po + (d + 1)(1 — pog) =
d+(1—po)=d+r.

Motivated by the work in [7] and [I7], we have addressed the study of a new
location update scheme, that we call as the fractional movement—distance based
scheme. It is combined with selective paging. Both, the new location update
and the paging schemes are described in section [3l Before that, in section [2] we
describe the geographical scenario and the mobility model used in our studies.
In section @] we present the analytical model used in the evaluation process.
In sections B and [B] we derive explicit expressions for the location update and
paging signalling cost per call arrival, respectively. In section [7] we discuss some
examples that illustrate the performance of our proposal. Finally, the conclusions
are summarized in section [

2 Geographical Scenario and Mobility Model

2.1 Cell Layout

Although our study can easily be generalized to square cells, hexagonal cells have
been considered. All cells are regular hexagons and are the same size. Each cell is
surrounded by rings of cells. The innermost ring (ring 0) consists of only one cell,
the center cell. Ring 0 is surrounded by ring 1 which in turn is surrounded by
ring 2, and so on. The mosaic graphs obtained are called, in general, mosaics T,
[2]. Mosaic T;,,, m = 0 corresponds to a single hexagon, and m = 1 corresponds
to a cluster of 7 cells, see also mosaic T3 in Fig.[l. Table Mlshows K,,, the number
of cells in ring n for mosaic Ty, (0 <n < m), and L, the number of of cells in
mosaic T,.
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Table 1. Number of cells in ring n (K,) and ac-
cumulated values (L,) for mosaic graph T,

Mosaic Ring n
n=0 n=1 .. n=m
Mosaic Ty Kn 1 6 6m
L, 1 7 ..3m?+3m+1

Fig. 1. Mosaic graph T3

2.2 Mobility Model

In order to characterize the trajectory of a given MT we need a mobility model.
First, the cell dwell timdl| of an MT has been characterized with a generalized
gamma distribution, [18], with probability density function (pdf) given by,

b
F(t3bo,basb) = gt e P0" = f(1);t,b0,b1,b2 > 0, (1)
1 0

where,

- I'(bo) is the gamma function, defined as I'(by) = [, z*°~te™"dx where by
is any real and positive number.

- the variables by, by and be, are fixed according to [I8]. In the cited article,
the pdf of the cell dwell time is studied, and the suitable values of these
variables are by = 2.31, by = 1.22R, and by = 1.72, where R is the equivalent
cell radius (considering an average speed of 50 km/h and zero drift).

We denote its Laplace Transform (LT) as f*(s). Its mean value is given by,

« F(bo + l/bg) 1
£0) = R - )
The variables by and by are fixed. Obviously there is a relation between by, R,
and A, only one of them needs to be fixed. Here we will use A\, as a parameter
(the mobility parameter in a cell).

Second, we assume random walk mobility. When an MT leaves a cell, the
probability p to visit one of the six neighboring cells is proportional to the
common perimeter between the left and the new visited cell. Therefore, in our
case p = 1/6.

3 Our Proposal on Location Management

3.1 The Fractional Movement—Distance Based Location Update
Procedure

In our proposal, each MT stores the non-empty set X of cells within a distance
H, in terms of cells, from the center cell. Starting at the center cell with its

L Also known as cell sojourn time or cell residence time
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Fig. 2. Fractional movement—distance based strategy with H = 1, dp = 1, di = 2,
d2 = 3 and ds = 4, for mosaic T'.

movement counter set to zero, when the MT visits a cell the following action is
taken. If the identity of the visited cell is stored in the MT’s local memory, its
movement counter is reset to zero. Otherwise its movement counter is increased
by one unit. In the second case the MT verifies if the counter has reached a
first fixed threshold dg. If this is the case the MT sends an update message with
probability gy and with probability 1 — gqg the MT waits for the next threshold
d1. When the movement counter reaches a second fixed threshold dy, the MT
sends an update message with probability ¢; and with probability 1 —g; the MT
waits for the next threshold ds. And so on.

We have considered a set of N integer movement thresholds: dy < dy <

. < dy_1, with probabilities qg,q1,... and gy_1 = 1 respectively. Figure [J
illustrates an example where H = 1 (the number of cells in the set X is equal
to 7), N =4,dy = 1, dy = 2, do = 3 and d3 = 4. Starting at the center
cell, a movement path is shown along which no incoming calls are received. The
movement counter starts counting at locations A and C. The MT sends an update
message at locations A or C with probability py = qo, at locations B or D with
probability p; = (1 —qo)q1, at location E with probability p2 = (1 —qo)(1 —¢1)ge
and at location F with probability ps = (1 — ¢o)(1 — ¢1)(1 — ¢2)g3. We will
also use the notation D; = H + d; and the vectors d = [dp, d1, ..., dy_1] and
p = [po, p1,..., pn—1]. Clearly Zili_olpi = 1. Note the MT is always within
a distance Dy_1 — 1 = H 4+ dy_1 — 1 from the center cell. Also, notice that
the standard hybrid movement-distance based scheme [7] is a particular case
of our proposal. For instance, following the example, H = 1 and d = 4 for
P = [po, p1, P2, 3] = [0, 0, 0, 1]. Then the MT will send an update message at
location F with probability 1.

Notice that the mean value of the movement threshold parameter is given
by d="Ntdipi = SN Dipi — H. I d; = di_y +1 (i € {1,..., N —1}), then
d = dy+ Zﬁgl ip; = do + p. Clearly, with this policy the movement counter
threshold is extended to real numbers.

3.2 Paging Procedures

Two different selective paging algorithms have been considered. First, a shortest—
distance—first (SDF) selective paging based on [T]. We call the paging scheme A.
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Before the paging procedure starts, the system must determine the paging sub-
areas for the called MT. Note the MT is positively located in a mosaic Tp,_,—1.
Then, the area Tp,,_,—1 is split up into l4 = min (n, Dy_1) subareas, where 7 is
the maximum allowable paging delay. A; denotes subarea j (j € {0,...,1a —1}).
Each 5ubarea containb one or more rings of cells. Subarea A; contains all rings
between s] to e , both of them included. These border rings are given by,

O; j=0. Vi € {0,...,la — 1},

A _ .
TR € (Ll - 1), e;*:Li““?f”*J—l ®)

After this partition is done, the system starts the paging procedure. First,
the system simultaneously polls all cells in subarea Ag. If the MT is found in
subarea Ay, the paging process ends. Otherwise, the system polls all cells in
subarea A1, and so on.

Second, an algorithm based on a probabilistic partitioning scheme (in line
with [I7]) has been considered. We call the paging scheme B. Mosaic Tp,_1 is
split up in Iy = N subareas. B; denotes subarea i, i € {0,1, ...,lg — 1}. Subarea
B; contains all rings between sP to eP, both of them 1nc1uded These border
rings are given by,

B_J0; i=0. Vi e {0,1,...,lg — 1}, (4)
i H+d;_ 1,V’L€{1 B—l} G?ZH-‘rdi—l

After this partition is done, the system starts an N — i steps paging proce-
dure with probability p; = H;;lo(l — )¢ (i € {0,1,..., N —1}). That is, with
probability p;, the system simultaneously polls all cells in subareas U;‘:o B;. If

S

the MT is found in subareas U;‘:o Bj, the paging process ends. Otherwise, the
system polls all cells in subarea B;;1, and so on.

4 Analytical Model

In this section we present an analytical model to evaluate the expected location
update cost plus paging cost per call arrival. It is based on standard Markovian
tools. To that purpose we establish several hypothesis referred to the incoming
call arrival process and to the mobility model.

Incoming Call Process .- Although a general renewal point process could
have been considered, [9], for the sake of simplicity we have assumed Poisson
process with rate A.. Also, we assume the call duration is negligible compared
with the interarrival time duration, such that the busy line effect does not occur
[14] (i.e. there is no new phone call to an MT when it is in conversation). Then,
the probability that there are z boundary crossings between two call arrivals is
of key importance. This probability, denoted as a(z, a, ), is given by, [1/13]

ot ={ (G0 10 ®)

where a = f*(\.), is given in terms of (D), its LT, and 6 = A,/ A, is the call-to-
mobility ratio (CMR) defined in [TT].
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Table 2. Transition probabilities pglj)

I 1 in i . 1 in 1
p; i+1 from a cell in ring j to a cell in rings
j — 1 and j + 1 respectively, [1]

_, and

Mosaic graph T
(1 1) (1) (1) (1)
A0 2w A o o A o Po,1 P10 P12 - Pyj—1 Pjjq1 -
00 Pog PR pip R oy Byt By 1 11 2j—1 2541
6 2 " 65 67

... Ring /

) (1) ) (1)
Pio P P32 Py Piviy

Fig. 3. One dimensional Markov model

An Approach to the Two Dimensional Mobility Model .- For easier
tractability we will map the two dimensional (2-D) mobility model presented
in section [J into a 1-D Markov model as Fig. [J shows, [I]. Each ring of cells
is merged into a single Markov state, so cell-ring ¢ is mapped into state i. The
transition probability from a cell-ring @ (state i) to a cell-ring j (state j) is
denoted as pglj) The set {pgfj)} can easily be derived having in mind the random
walk mobility model and from geometric considerations -taking into account the
common perimeter between cells in ring ¢ and cells in ring j-. Table[2 summarizes
the set {pglj)}

Splitting the Set of States H+1, H+2, ... .- In our scheme an MT stores in its
local memory the identification of a set X of cells within a distance H (in terms of
cells) from the center cell. It is equivalent to consider that the MT is aware of the
visits to states 1,2, ..., H -the set X is mapped into the set of states 0,1, 2,...H-.
Then, the movement counter is reset to zero (an update message will never be
sent) when visiting this set of states. On the contrary, when our MT is visiting
states H + 1, H + 2, .. its movement counter is increased by one unit per each
visit to one of those states. In the last case and for mathematical tractability
of the Markov chain we have assume that each time the MT leaves state H
towards state H + 1 the following decision is taken “in-advance”. The movement
threshold is set to d; with probability p; = [[,_o(1 — &)@, (i =0,1,..., N — 1)
and this will be the threshold the MT will use in case of leaving state H towards
state H + 1, This is equivalent to say that the system will make a transition
towards the branch of states (*,7) with probability p;, (i =0, 1,..., N — 1). This
new point of views is reflected in the Markov chain of Fig. [ where the states
H+1, H+2, ... are split into states (H + 1,1), (H 4+ 2,1) ,....
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Fig. 4. Fractional movement—distance LU strategy

5 Location Update Cost

Each time the MT sends an update message or receives an incoming call, the
location information of the system databases is updated and the non-empty set
X of cells stored in the local memory of the MT is updated, i.e a new set X of M
cells (within a distance H from the center cell) is transferred form the network
to the MT (from Table[[] M = Ly = 3H? + 3H + 1). The center cell is the cell
at which the MT sent its last update message or received its last incoming call.

Then, for a given number of movements, z, and considering the MT starts its
movement in the center cell, we are interested in the average number of update
messages sent by the MT between two consecutive call arrivals, My(z, H, p, d)
(p = [po, p1,---s Pn—1] and d = [do, di,..., dn_1]). In order to express the
location update cost per call arrival, Cry(a,0, H,p,d), My(z, H, p,d) must be
weighted by the probability of z movements between two consecutive call arrivals,

a(z,a,0), @),

— )2
D M o Hopd) ()

(oo}
Cru(a,0,H,p,d) =) a(z,a,0)My(z, H,p,d) =
z2=0
where Mg (a, H,p,d) = Y72, a*My(z, H,p, d).
In the next lines, we conduct the analysis in terms of first passage, first return
and taboo probabilities. We have followed the terminology in [8/5]. For instance,
we call fi(’?) the probability of state j being avoided at times 1,2,..,n — 1 and
entered at time n, given state ¢ is occupied initially. Obviously, fig) = pilj), see
Fig. @ Fig. B and Table 2

5.1 Evaluation of Mg (a, H,p, d)

Let M,,(z,H,p,d) be the expected number of update messages sent by the
MT after z movements, given the MT is initially in a cell in ring m (i.e. state
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m). Then, using the Markov chain of Fig. Bl or Fig. M, the following recursive
equations can be written for M,,(z, H, p,d)

for m = 0:
0; z < Dy,
1
MO(Z7H7p7d): Zfo(,ll)Ml(Z_laHapad)v DOS»’«H (7)
and for m € {1,2,..., H — 1}:
O' z< Dg—m

M (z,H,p,d) = Z fm M;(z—1,H,p,d); Do—m < z. (8)

l=m—1

For m = H, first, we have to consider taboo probabilities. When the MT is
initially in state H, the probability of the MT sending an update message given
the movement threshold is set to d; is,

pnab(Hvd)—l_ HH 1 Z H— 1fHH (9)

In @) nab stand from no absorption, and the taboo probability ¢ f( " s the

probability that the Markov chain enters state j for the first time at the n*!
step, having initially started from state ¢ and avoiding state ¢ and the set G of
states at times 1,2,..,n— 1, [8]5]. From our 1-D Markov chain of Fig. Blwe have,

(n) pg)H n=1
H-1JgH ~ (n—1) . (10)
fH H+1fH+1 wn> 1

For n > 1, fi(,?) can be easily evaluated following the set of relationships given
in [85]. Let pgz) denote the conditional probability that starting in state i, the

Markov chain reaches state j at the n'" step (not necessarily for the first time).
Then we have,

P = Zf(k) (11)

Second, having in mind the model of in Fig. dl we can state the following
equation for My(z, H, p, d),
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ANIH(Zvvaa d) =
0; z < do7

i dp
Sopa(fiaa M= L Hp )+ Y gy M (= —m, H,p, d)+
n=0

m=1
N-1
pnab(H7 dn)(l + MO(Z - dna vav d))) + Z pmfj(ql’)H_1]V[H71(Z - 17H7p7 d),
m=i+1
for i e {07 ‘..7N— 2} and d; <z < di+17
N-1 dnp,
Z Pn (fj(}7)11[71]\/{H71(z - 1aH7p7 d) + Z H*lf[&m];MH(Z —-—m, H7p7 d)+
n=0 m=1
nab(H, dn) (1 + M, —dn, H,p,d 5 dv-1 < z.
Pusb(H, dy) (14 Moz p.d)) N1 < 1)
Defining My, (a, H,p,d) = 372, . a* My(z,H,p,d), m € {0,1,...,H},
from ([7) and (&), we can see that the following relationship is verified [7]
M (a,H,p,d) = F} (a)M(a,H,p,d) (13)
where
1; m =20
1
L—afg. _
* (1) ’ m = 1
F(a)= af0,1(
1- afml)q m—1 7 fr(nl)fl m—2 7%
L Umtm g (@) - fmlm2pe 0) ome{2,.., H)
A m=1,m m—1,m
(14)

And finally from ([2)) we derive an expression for My (a, H,p,d) = Y72, _, @
My (z,H,p,d) in which we use [I3) to get the following closed expression of
Mg(a'a Hapv d)7

N-1

> pupnan(H, dy)a®
Mg (a, H,p,d) = —"=—— (15)
(1—a) Z pnd(a, H,dy)
n=0
where J(a, H,d,) is given by,
dn,
Ja, H,dn) = Fiy (@)1= > i fiha™) = Fii_i(@afisy = paan(H, dn)a®
m=1

(16)

6 Terminal Paging Cost

Before the paging process starts, the area where the called MT is located is split
in subareas. In order to evaluate the PG cost, we have to compute the number of
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cells, N(Y%), in subarea Yy, (Y € {A,B} and k € {0, ...,ly — 1}, Y stands for the
used paging scheme, scheme A or scheme B, see subsection B.2) and the number
of cells polled before the MT is successfully located, w} . Having in mind (&),
@) and Table[d, we can state for Y € {A B},

N(Yy) = e k=0,
(i) = Ly — Loy 5 ke{l,....ly —1}, (17)
and .
Vke{0,.. Iy —1} w}; = Z N(Y,,) = Le:’ (18)
m=0

Let 75 ,(a, H,p,d) be the probability the MT is located in cell in ring 7 when
a call arrival occurs, given the MT starts moving from the center cell, Fig.
Then, the probability the MT being located in subarea Y; when a call arrival
occurs, pt (Y € {A,B} and k € {0,...,ly — 1}), is given by,

Y
€

ka = Z WS’Z-(CL,H, D, d) (19)

;Y
Z—Sk

Then, for paging scheme A, the paging cost per call arrival, Cpg, a(a,0, H, p, d),
is evaluated as

IpA—1 Ip—1 eh
Cronla.0,tp.d) = 3wt = 3 Ly (30 wiua o)) (20
k=0 k=0 A

Z:Sk

For paging scheme B, the paging cost per call arrival, Cpg, 5(a,0, H, p, d),
is evaluated as

N—-1 n N—-1
Crc 5,0, H,p, d) — zpn(wszp% T w}?pE) (21)
n=0 7=0

k=n-+1
N-1 n e? N-1 ek
~ Y (e X Y maHp D Y (3 e Hopd) )
n=0 7=0 i:s? k=n+1 izsg’

6.1 Evaluation of ngi(a, H,p,d)

Let 7 (2, H, p,d) be the probability of the MT being in state i after z move-
ments, given the MT is initially in state m (i and m € {0,..., Dy_1 — 1}), see
the Markov chain of Fig.[Blor Fig. l. Then the following recursive equations can
be written for m,, ;(z, H, p, d)

form=0andie€{0,..,Dy_1—1}:

p(O?z)’ z < DOa

[ 7H7 7d = !
o. (Z P ) Zf(g}l)ﬂl,l(z - 17H7p7 d)7 DO S Z,
=0

(22)
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and form e {1,..., H—1} and i € {0,..., Dy_1 — 1}:

pm7i; Z<D0_m7
m,i ,H, ad = pass 23
mals B d) =0 NS 0 pd)y Dy-m<a )
l=m—1

For m = H, see the Markov chain of Fig. Bl we can state the following equation
for mp (2, p,d) (1 € {0,...,Dy_1 — 1})

7TH,1:(Z7H1p7 d) =
N-1

Z Pnpz,)i; z < dy,
n=0
an<fHH 1mH-1i(z — 1, H, p, d)‘f‘z H— 1fHH7rHZ(Z_]7H p.d)+
= J 1
Puan (H, dn)70(= = dn, H,p, ) ) + Z Py (0 € {0, N =2)) di < 2 < dipa,
m=i+1
N-1 dn ]
Z pn(f](-}’)H_lﬂHfl,i(Z - 13H7pa d) + Z Hflfg,)HﬂH,i(z - jv Hap7 d)+
n=0 7j=1
pnab(H: dn)ﬁo(z —dn, H, p, d)>§ dy_1 < z. (24)

From (22)) and (23), we derive an expression for the probability of the MT
being in state ¢ when a call arrival occurs, given the MT starts moving from
state m, m, ;(a, H,p,d) = Yoooalz,a,0) mm (2, H,p,d), for m € {0,...., H —
1} and Vi € {0, ey D1 — 1},

1
b07i+Zfé,1l)a7rzi(a,H,p, d); m =0,
ﬂ-:@,i(avvaa d) = lzvg,—i-l
b+ > fanti(a, Hop,d); me{l,..H—1},
l=m—1
(25)
where
bmi = a(0)p,.); + a(1) = aa(0)p}); (26)
Working on (25), we can state, [7]
ﬂ-:’b,i(av vaa d) = F:;z (a)ﬂé,i(av vaa d) + G:@,z(a) (27)

where F% (a) has been given in (I4) and

0; m =10
bo(i) ; m=1
Gral) = § @lox
l1-a ;
J:rlr; 1,m— 1G:<n 11( ) fm 1 ,m— ZG;Fn 21( ) br&;l,z im e {2,.H}
A= 1,m m 1,m m—1,m

(28)
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Finally from 24)) we derive an expression for 7 ;(a, H,p,d) = Y72 a(z,a,0)
7w,i(2, H,p,d) in which we use (27) to get a closed expression of 7§, ;(a, H, p, d)
for i € {0,...,Dy_1 — 1},

N-1
Z pnIZ (a7 H7 dn)
Ws,i(av vaa d) = IT\L/'Z_Ol (29)

Z pnd (a, H,dy,)
n=0

where J(a, H,d,) is given by (Ifl), and

dn,—1
Li(a, Hdy) = a(2)p$s); + (a(dn) — a(0)a ) (puab(H, dn)p) + 51 [ 1P505)
z=0
dn—2 d,—1 dp—1—m
1 m z
—a J(LIH 1 pH i~ Z H-1 J(LII){a Z a(z )pg{)z
m=1 z=0
dn
* m * 1
~Gipi(a)(1 - Z HoaSiha™) + Gy s(@)af iy (30)
m=1

7 Performance Evaluation and Numerical Results

With the analytical models presented in sections Bl and Bl we can compute the
total cost per call arrival, Cp. It is defined as:

CT(CL,G,H,p, d) = UCLU(CL,H,H,p, d) + ‘/C(PG7 Y(a’aeaHapv d) (31)

where U and V are the cost of an update message and the cost for polling a
cell respectively. Y € {A, B} indicates the paging scheme used, scheme A or
scheme B. U and V are independent of the location of the MT. U includes the
cost of transferring from the network to the MT the set X of M new identifiers
corresponding to the cells within a distance H from the new center cell. The
costs U and V are set to 5 and 1 respectively, in all the graphs, as in previous
studies such as [12].

This cost is evaluated for several set of parameters. The parameters include
not only U and V, but also the vectors d and p (all the movement thresholds and
the corresponding probabilities), the parameter H, the probability a = f*()\.),
0 = X:/Am (CMR), and the maximum paging delay, n

In general, in our proposed location update schemes, as the size of the set X
increases, fewer update messages are sent by the MT, when compared with the
original movement—based scheme. As a result of fewer contacts with the network,
it is expected an increase of the uncertainty of the MT position. Hence, we have
a tradeoff between the reduction of the location update cost and the growth of
the paging cost.
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Fig.5. Cr vs H, when SDF paging, scheme A, is used. CMR = 0.1. d = [do d1 d2] =
1,2, 3.pp=0andpo+p2=1.U=5and V=1

Figures B and B show the total cost Cr when SDF paging (scheme A) is
implemented. For both figures we set N = 3, d = [dy, di, do] = [1, 2, 3] and
CMR =0.1. In Fig.[@, p1 =0, and in Fig.[@, p; = 0.5. In these figures, for each
set of parameters we have a minimum total cost for a given H value, H*. When
H > H*, as H increases the paging cost predominates and the total cost, Cr,
grows. When H < H*, as H decreases the location update cost predominates
and the total cost, Cr, also grows. Note also the paging cost decreases as the
maximum paging delay, 7 increases. Fig. [, (respectively fig. []), shows the best
performance for H = H* = 2, n = 3 and p = [1,0,0] = d = 1, (respectively
H=H*"=1,7=3and p=1[0.5,0.5,0] = d = 1.5, a real number). Observe in
Fig. B, for n = 1 and = 2 the lowest total cost is achieved for H = H* = 1,
do = 1, and pg = 1, and for n = 3 the best performance is obtained for H =
H* =2, dy =1, and py = 1 (we have the distance-based scheme when dy = 1
and po = qo = 1, []).

Next we compare Fig. [ for H = 2 and Fig.[§, for H = 1, when CMR = 0.1
and 7 = 3. Fig. [0 confirms the distance—based scheme offers the best perfor-
mance, Cpr = 14.89 (dg = 1, po = qo = 1, H = H* = 2). In Fig. B, the point
(po =q0o =0, p1 = (1 —qo)q1 = 1) give us, Cr = 15.82. The total cost at this
point is 6.2%=(15.82-14.89)/14.89 higher than the total cost when the distance
scheme is used (H = 2, dy = 1, po = 1). This percentage would be the price
to be payed if we want to reduce the signaling load on the air interface due to
the transfer of cell identifiers from the network to the MT. For H = 2, 19 cell
identifiers need to be transferred, but for H = 1 this amount is reduced to 7 cell
identifiers, a 63% of reduction (see Table [l 63%=(L2-L1)/L2=(19-7)/19).

In Fig. @ and 00, H = 0, the MT stores in its local memory the identity of
a single cell. The probabilistic PG scheme (in line with [I7]) is used. Figure
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Fig. 6. Cr vs H, when SDF paging, scheme A, is used. CMR = 0.1. d = [do d1 d2] =
1,2, 3. pp=05andpo+p2=05.U=5and V=1

shows Cr vs 0 when only one threshold is used, [6I7]. The minimum cost in this
figure has also been drawn for H = 0, (solid line without any symbol) and, as
can be observed, two thresholds are needed (N = 2, dg and dy = do + 1) for
some range of 6. Figure Mlshows the suitable values for Dy and py (pp =1 —p1)
which give the minimum cost, Cr, of Fig. @ Observe D* = H + d* = Dy + p;
as d* = dy + p1. As we can see, the suitable value for the movement counter
threshold, d*, is a real number, not necessarily integer. Therefore, with a single
register at the MT, [6], our fractional movement-distance based scheme, can
improve the original fractional movement based scheme, [17].

8 Conclusions

In this paper, a general framework on fractional movement—distance location
update has been provided. Our results show that among the location update
schemes proposed, the distance based scheme provides the best performance
from the signalling point of view. Some suboptimal schemes are also suitable
since they slightly increase the optimal cost (6%) but they reduce considerably
the amount of memory needed to be transferred from the network to the mobile
terminal (63%). When the amount of memory in the MT is reduced to a single
register, the interest of providing a finer grained threshold value has also been
shown, and a precise probabilistic paging scheme has been provided (in line
with [T7]). We believe the implementation of our proposal is easy in real cellular
systems.
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Abstract. In this paper we present a P2P file-sharing architecture op-
timized for mobile networks. We discuss the applicability of current P2P
techniques for resource access and mediation in the context of 2.5G/3G
mobile networks. We investigate a mobile P2P architecture that is able to
reconcile the decentralized operation of P2P file sharing with the inter-
ests of network operators, e. g. control and performance. The architecture
is based on the popular eDonkey protocol and is enhanced by additional
caching entities and a crawler.

1 Introduction

P2P file sharing systems account for a high percentage of the traffic volume
in the fixed Internet, having exceeded http (WWW) or email traffic [2] [§]. The
increasing availability of mobile data networks such as GPRS and UMTS in con-
junction with attractive pricing schemes makes P2P file sharing an interesting
application also in the mobile context. But the operation of P2P systems in mo-
bile environments encounters several problems, such as a relatively narrow and
expensive air interface, highly varying online states (presence) of the subscribers,
a hierarchical network structure (GPRS), and limited device capabilities.

P2P is a distributed application architecture where equal entities, denoted as
peers, voluntarily share resources, e.g. files or CPU cycles, via direct, end-to-end
exchanges. In order to share resources, P2P applications need to support two fun-
damental coordination and control functions: Resource mediation mechanisms,
i.e. functions to locate resources or entities, and resource control mechanisms,
i.e. functions to permit, prioritize, and schedule the access to resources. Pure
P2P architectures are implementing both mechanisms in a fully decentralized
manner [3], while Hybrid P2P systems utilize central entities that collect me-
diation data. An example for a Hybrid P2P system is the eDonkey filesharing

G. Kotsis and O. Spaniol (Eds.): Mobile and Wireless Systems, LNCS 3427, pp. 219-234] 2005.
(© Springer-Verlag Berlin Heidelberg 2005
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protocol, where the index servers collect and distribute file location information
about all peers.

The desire of mobile network operators is to add value to the P2P data
flows and to turn P2P into a service they can charge for. When creating such
services operators retain control on traffic and content. However the basic P2P
user experience and connectivity should be preserved. In this paper, which is
an extension of [I], we describe such a service and analyze its impact on the
network usage by means of a simulation.

This paper is structured as follows. In Sec.[2] we analyze the requirements
and objectives of mobile P2P systems. We also analyze the problems of mobile
P2P file sharing systems, and map out possible solutions. In Sec. Bl we present
our proposed mobile P2P architecture. We identify key concepts (Sec. B1), de-
scribe our extension of the eDonkey architecture (Sec. B2)) and introduce the
Cache Peer (Sec. B3), the enhanced Indexing Server (Sec. B4) and the Crawler
(Sec. BA). Sec. identifies caching parameters and introduces caching strate-
gies for mobile networks. In order to evaluate the system performance, we define
a simulation model. Sec. Hloutlines the restrictions imposed by mobile networks
and concludes the cache strategy which fits best for P2P traffic. Sec. Bl presents
the numerical evaluated cache strategies. Finally, Sec. Bl summarizes the efforts
achieved so far and gives an outlook.

2 Requirements and Objectives of Mobile P2P Systems

Mobile wireless communication systems are in many aspects different from the
fixed Internet. For the access to IP-based applications like WAP, Web or E-
Mail, a great variety of access technologies such as GPRS, EDGE or the UMTS
packet switched data services exists. Mobile access technologies differ in terms of
the air interface, QoS-capabilities, available bit rates and underlying transport
mechanisms in the core network. In the following, we consider some of these
aspects and their implications for a P2P system.

The Air Interface is commonly seen as the bottleneck in mobile communi-
cation systems. Although 3G systems like UMTS provide bit rates up to 2 Mbps
in TDD mode and up to 10 Mbps with the HSDPA technology (High Speed
Downlink Packet Access), the cost of data transmissions over the air interface
is generally higher than in fixed networks. This is even more true for 2G and
2.5G systems like GSM/GPRS with a theoretical maximum bit rate of 171 kbps
and typically achievable bit rates between 28 and 50kbps. Furthermore, the
mean round-trip times are significantly higher than in wired systems due to the
higher protocol overhead and complex error correction schemes, leading to a
lower performance of especially TCP [[7]. These results are also confirmed by our
measurements of eDonkey via GPRS [4].

The two main restrictions of the air interface, a relatively low effective band-
width and high latencies, make it essential to reduce the signalling overhead
as much as possible to achieve an acceptable performance. Direct traffic be-
tween peers should be avoided as much as possible, since all mobile-to-mobile
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Fig. 1. Simplified scheme of core network for packet data transport

transmissions use twice the amount of air interface resources if compared to
mobile-to-fixed-network transmissions.

Furthermore, the limitations of the transmission power and battery capac-
ity cause the uplink bandwidth to be significantly more expensive in terms of
network resource usage than the downlink. So the use of uploads from mobile
devices must be more efficient when asked for. Battery consumption will be a
long-lasting issue for mobile devices. Therefore, mobile user equipment will con-
tinue to have a lower online time if compared to non-mobile Internet devices, on
which the majority of the P2P applications runs today. Reduced online time of
the peers will greatly affect the download time and thus the user experience of
P2P systems.

In general, the Core Network of a mobile communication system is designed
hierarchically. For GPRS or UMTS, the data traffic stream of each mobile tra-
verses along core network, from the UMTS Terrestrial Radio Access Network
(UTRAN) through the packet-switched domain and back. At the GGSN, the
mobile hosts get assigned an IP address. Therefore, the GGSN is both the in-
terface to the Internet and to other mobiles in the mobile domain, making it
also the point in the core network where all packet traffic is concentrated, see
Fig. [ Note that generally in the core network several GGSNs exist, each serving
as a gateway for a large portion of the mobile network. This hierarchical, very
centralized topology is in strong contrast to the flat, mesh-like overlay network
topologies of most P2P systems.

One of the most important Operational Requirements of mobile network
operators is to maintain control over the network and the ability to charge for
provided services. Furthermore, operators would like to keep traffic in their own
domain to avoid cost due to inter-domain traffic. This is true for both mobile
and fixed-line operators. If mobile P2P is integrated into the service structure, it
is therefore necessary to provide means for controlling and for charging. On the
one hand, the control mechanisms for a mobile P2P system must be carefully
chosen in order to avoid the total degeneration towards a centralized system.
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Control mechanisms should not tamper fundamental P2P concepts such as de-
centralization. The business model used for charging should also comply with
P2P applications, e.g. reward users for sharing. On the other hand, a mobile
P2P system can benefit from the existing infrastructure and services of a mobile
communication system. The network providers know the location, the online
status and the service agreement of the mobile user, which might be useful to
avoid signalling overhead and to increase the quality of service.

3 An Architecture for Mobile P2P Filesharing-Systems

P2P filesharing systems extensively utilize network resources. As an optimiza-
tion the architecture is adapted to that of the underlying network. The major
challenge of mobile networks is their hierarchical infrastructure. This must be
reflected in an architecture for mobile P2P systems. We designed a caching
mechanism that efficiently maps filesharing onto mobile infrastructures.

3.1 eDonkey Features

To meet the requirements of operator-managed services with P2P-based content
distribution, a hybrid P2P architecture has been selected. The chosen architec-
ture is based on the eDonkey P2P file sharing protocol, because of its popularity
and its proven robustness. It is classified as a hybrid P2P filesharing network, as
data exchange is achieved decentrally between peers while mediation is provided
by centralized index servers.

The eDonkey protocol introduced the multi-source download protocol,
which is an integral part to the scalability of P2P file-sharing. It means, that the
download process for one resource may utilize multiple sources. Coordination
between several sources is somewhat hard, since files could be tampered or even
renamed. The multi-source download protocol relies on the MD5 Hash-1Ds. All
copies of a resource carry the unique Hash-ID with them and so a requester can
be sure that he downloads fragments of the very same file and version. Then the
fragments can be afterwards compiled into the original resource.

The eDonkey protocol addresses the free-rider problem using fragment
sharing. Any resource fragment is shared after completion check. Thus all peers
provide fragments during their download. This increases the number of early
available sources and the resource access load is distributed over the community.

The fragment sharing concept forces downloaders of a resource to share com-
pleted fragments with others. Multi-source downloading scenarios culminate into
fully-connected graphﬂ. The original eDonkey architecture achieves source con-
vergence centrally, i.e. by asking a super peer. Thus a bunch of peers, called a
horde, exists that currently access the same resource. EMule introduced source
exchange, a decentral approach to distribute sources. Because the peers com-
municate with each other, they can easily notify the list of sharing peers. This
behaviour makes frequent request to the super peer unnecessary.

4 unless the maximum number of connections is exceeded
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To apply a file-sharing protocol on mobile networks, some minor issues
had to be solved. Mobile Internet devices have an IP stack and thus can in prin-
ciple be fully integrated into the Internet. However, security mechanisms like
firewalling, NAT boxing and VPN interfere with basic P2P operations. P2P ap-
plications can handle firewalled connections as long as there is either one partner
with open ports. The eDonkey/eMule terminus HighlD denominates a peer in
case foreign hosts can initiate communications with that peer. Firewalled peers
need to establish the connection themselves, other peers may reply message but
cannot initiate transmissions. These are marked with LowID indicating that
these peers need actively connection establishment. P2P networks can handle
firewalled connections as long as either one peer of a direct communication al-
lows incoming connections. Rigid firewalling can be overcome using VPN, which
we have also tested. While the mobile peer software can be updated, such a re-
striction would abandon connections to Internet peers that run current software
releases.

3.2 Extended eDonkey Architecture

Our enhancements to the eDonkey architecture comprise three parts: Modifica-
tions to the index server, a cache peer and a crawler. The index server monitors
the file popularity and exports the collected data to the cache peer. The cache
peer stores popular information at the network core. The crawling peers sup-
port the index server with resources that are unknown in the mobile operator
domain. Extended signalling includes information from the mobile network do-
main, e.g. presence information. The architecture components shown in Fig. [2
will be described in detail in this Section.

/l Mobile Control Domain (Presence Information) \

P— Internet Index Server
3

e ____5____ Crawling P iy
Index Server Peer || ¥ T=~==-=- _@
~ \
~N

n
]
/0
]

2.5/3G
mobile network

Cache Peer

Internet Peers

\

— P2P file exchange

Mobile Operator Domain / === mediation signaling
e=== ecnhanced P2P signalling

Fig. 2. Mobile P2P Architecture Overview
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With centralized mediation we can gain information on popular files and
cache these at the network core. This improves the overall performance, because
network-edge-stored resources cause higher cost as they generate double traffic
(from network edge to GGSN and then to network edge again) compared to
a resource transfer from the network core. We assume here that networks of
different providers are interconnected and exchange IP traffic, e. g. of a centrally
operated cache peer.

Beneficial caching for P2P has two ingredients: identifying popular re-
sources, and forcing peers to use the cached instance. First, to identify popular
resources in a hybrid P2P network, information at the indexing server can be
utilized. During download each peer frequently requests new sources from the
indexing server; it signals the resource ID and receives a list of sharing peers. Be-
cause the indexing server can distinguish between requesting peers, it can derive
statistics, which resources are heavily accessed. While the number of interested
peers is incorporated, the current allocation and bandwidth remain unknown.

Second, to gain the full benefit of mobile services, the mobile peers must
be encouraged to access the cached instance but no other. The standard peer
software is designed to connect to any available sourceﬁ, thus gaining multiple
waiting slots and improving chances of an early resource access. Modifications
in the indexing server hide other sources as soon as a cache copy has been
recorded. Shrinking the source peer set at the indexing server does not apply to
peers that have requested sources earlier. Acquiring sources is done by merging
any source candidates, there is no option for removing them. Outdated source
IPs are deselected if they do not respond to ping messages.

A fixed-network cache peer can allow a significantly larger number of simul-
taneous uploads than any mobile peer. Because of the larger upload capacity,
waiting queues are shorter and a faster response can be achieved. This is why we
believe, that most often peers will receive fragments from the cached instances
at the network-core rather than from network-edge peers. Our simulations show
that this can reduce network traffic on the mobile backbone and shorten the
download time for a file (cf. Sec. ).

The proposed P2P components offer a value-added service. All components
are optional, i.e. an operator could offer a mobile P2P service utilizing just the
index server, crawler and proxy to enforce the use of local resources. Our current
development of integrated features in this architecture is still ongoing.

3.3 Cache Peer

Peers access and share resources. In a way one could see them as a cache, be-
cause information that has been downloaded to the peer is also shared with the
community. For caching an autonomous control is indispensable: a cache peer
needs to decide, which resources should be cached. In our solution this decision
will be determined using information provided from the indexing server. We did
not investigate legal issues in our project.

5 Restricted number of connected to sources from 150 up



Enabling Mobile Peer-to-Peer Networking 225

The cache peer is a specialised peer that stores popular files at the network
core to reduce the amount of expensive air-interface usage. The cache peer owes
its name to the fact that we recommend to implement it as an ordinary peer.
It interfaces with both the mobile domain controller and the indexing server.
These negotiate what resources should be stored at the network-core. In our
implementation the cache peer receives the list of popular resources from the
indexing server to adopt its caching strategy. Based on this, it decides whether
to fetch or to drop a cached resource.

If the access characteristic measured at the index servers signals multiple
downloads of a popular file, caching is initiated. For downloading of files, the
cache peer uses the same mechanism as an arbitrary peer. At that moment,
resource access control is partly shifted from the network-edge towards the
network-core. This signalling of chunk completion is required as it switches the
super peer behaviour; from then on, all other sources except the cache peer will
be hidden from further source requests. New downloads from peers on the mobile
infrastructure are prevented.

3.4 Enhanced Index Server

The eDonkey protocol belongs to the hybrid class of P2P systems using weakly
centralized resource mediation, which is provided by several index servers. The
index servers provide two essential services: name search and to answering source
requests. In name search a peer asks for all resources that match a given string.
Secondly, when peers start to download a certain resource, they ask for peers
that currently share this resource.

In our solution we recommend using a single index server that administrates
all resources known inside the mobile domain. Thus popular resources can be
identified and then caching can be initiated. Two extensions can deliver suffi-
cient information to bring the caching mechanism in place. First, we log source
requests by resource ID. All peers that are connected to this index server fre-
quently ask for any new source that has been discovered lately. In reverse, from
this message we gain a list of resources that are actively downloading by now.

Second, we alter the response messages of resource requests. If the cache
peer is contained in the result, all other sources are rejected. Note, that the
cache peer publishes the first resource fragment and this will block all other
sources with possibly other fragments. However the cache peer will download
only complete resources and therefore should soon reach a state where the full
resource is available.

3.5 Crawler

The eDonkey community offers a large variety of resources. If the primary index
server does not return enough query hits, the software automatically connects to
other available index servers. For the mobile context this weakly-decentralized
mediation behavior is undesirable, since the mobile domain index server cannot
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keep track of popular files. Besides, other index servers cannot distinguish cache
peers and therefore cannot hide other sources.

To maximize the benefits of the modified eDonkey architecture, mobile peers
must connect to one of the enhanced index servers. The crawler entity is used
for coordination between index servers of the mobile domain with any external
index servers (other operators or Internet). The index server requests unknown
resources from the crawler, which fetches mediation data from the Internet index
servers. Thus, any resource available inside the global eDonkey community can
be located and accessed.

3.6 Caching Strategies for Mobile P2P File-Sharing Systems

The cache peer is a central element in the current mobile P2P architecture. In
order to realize the objectives of the cache (minimized external and air-to-air
traffic, reachability of files despite the absence of their providing mobile peers,
etc.), a specially optimized caching strategy is needed. It has to take into account
the characteristics of the mobile network and of the file-sharing protocol in use.

Depending on the type of storage units to be cached, one can divide the
caching mechanisms in file-based and chunk-based strategies. For file-based stra-
tegies, the granularity of the cache is a single file. However, the file-based strate-
gies are not flexible enough if only small pieces of a big file are needed, as the not
required parts of the file also occupy memory capacity of the cache. A chunk-
based caching strategy works on chunks which are also the natural data exchange
units in many P2P networks, like eDonkey. This granularity fits well to P2P traf-
fic, as most of the files are not downloaded completely. The users usually search
through many files until they find exactly the file they need. For each promising
target file, only some chunks or chunk portions (typically at the beginning and
the end) are downloaded. The user may decide, whether the resource is suited
for his needs. Otherwise the user will cancel the download. A file based cache
strategy cannot handle such download behavior effectively, while a chunk based
strategy handles this automatically, since only requested chunks are cached.

In general, the chunk-based strategy leads to a better system performance
than a file-based one due to the smaller granularity, the better adaptation to the
user behavior, and the better utilization of the cache capacity. But in current
GPRS networks we assume most of the exchanged files to be smaller than an
eDonkey chunk of 9 MB, cf. Section Bl Thus, we do not differ between a file-
based and a chunk-based strategy in the following. Moreover, a file based strategy
would not have the additional overhead for fragmenting and defragmenting files.

Our cache strategy consists of two aspects: Cache population strategy and
cache replacement strategy. The latter is used when the cache population con-
ditions for a new file f are fulfilled and the file size sy exceeds the available
capacity of the cache. Here a certain ranking X;(7) to the stored files is applied.
Depending on the strategy, the value X;(i) may include the number Qf(i) of
file requests at the index server and the amount of uploaded traffic V() of the
cache for file f during the time interval [({ — 1) At; i At] =4¢¢ ¢;. If a file is inserted
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into the cache during the time interval ¢;, the file f with the minimal ranking
value X¢(i — 1) of the prior interval ¢;_; is replaced.

RANDOM, FIFO, LRU (Least Recently Used), LFU (Least Frequently Used),
LSB (Least Sent Bytes) are standard replacement strategies [9] that do not re-
quire any special application level knowledge about future caching events. E.g.
the ranking value is X7(¢) = Q(¢) for LFU and Xf(¢) = V() for LSB, respec-
tively. In the following sections we propose a cache strategy which is adapted
onto P2P traffic in mobile telecommunication systems and incorporates the oc-
curring restrictions of mobile P2P. This strategy is referred to as Intelligent
Memory Usage (IMU).

IMU — Cache Population Strategy The basic concept for inserting a file f
into the cache is that the number of file requests exceeds a given threshold ©
at time t € t;, i.e. Qf(i — 1) > O. If a file is inserted during the time interval
t;, it is not replaced during this period. The idea behind this is that we assume
that the file is only inserted into the cache, because this increases the system
performance during the current time interval ¢;; otherwise © was badly chosen.
The measurement values X(7) are used in the following time interval ¢;11 to
decide which file is a replacement candidate.

Another condition for inserting a file f into the cache has to be fulfilled in
order to ensure that f does not replace a more useful file with respect to the key
aspects of the cache. This is done by checking if Q¢(i) > Q. (i) for the file m
with the minimal replacement value X, (i — 1).

IMU - Cache Replacement Strategy One major problem of the standard
cache strategies is that they do not take into account the lengths of the files they
cache. For example, a FIFO strategy always removes the last file in its caching
queue. If a new file of length 5 kB has to be cached, it is obviously not necessary
to remove a file of length 1 GB when there are files of length 6 kB already in
the cache. However, if the huge file is the last in the FIFO queue, it is removed.

One way to consider the file sizes in the replacement decision is to use a
slightly modified LRU strategy. The kick-out criteria should not be directly
related with the last access time for a file, like in the standard LRU. The amount
V(i) of traffic generated by this file during ¢; describes in a more correct way
the importance of the file, because minimizing of the traffic to external peers is
a key aspect of the cache.

The size of a file on the other hand means additional costs for the cache peer,
i.e. huge files use more storage resources. It would be reasonable to remove big
files first, if they produce the same traffic as small files. This gependency is taken
into account if the ranking value includes the factor (Vg—il)) . « is the weighting
factor and determines how strong it influences the ranking with respect to the
number of file requests. sy denotes the compressed file size because eDonkey
compresses files before transmitting.

The number Q(4) of file requests during time interval ¢; is another measure
indicating the popularity of a file. The more requests are seen at the index server,
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the more popular the file is. Hence, we define the initial ranking value of IMU
for a file f which is inserted during t;, by

. «
X} = 13tio) with 13(0) = (20) - @00, )
Since the file f is then not replaced during ¢;,, we are able to include historical
values for the following time intervals. This avoids too fast reacting on very
frequent changes of the file requests and smooths the variation over time. The
parameter (3 is called the aging factor. We propose the following ranking value
of IMU for ¢ > ig:

_ BXy =) + Iy (4)

Xy (i) 5

(2)

4 Simulation Model

In the literature, many papers about caches and their performance exist. Even
for P2P networks, cache replacement policies are investigated, e.g. in [10J6l5].
However, in this work we propose the IMU strategy especially adapted on P2P
traffic in mobile networks which is evaluated by means of the simulation.

mobile P2P simulation model

source traffic model network mode
peer
SV mobile
network

Fig. 3. Components of the mobile P2P simulation model

The mobile P2P simulation model consists of the source traffic model and the
network model. The latter describes the restrictions of the P2P system because
of the mobile network architecture. The source traffic model of a P2P specific
system comprises the resources, i.e. the provided files, and the behavior of a
peer, among other things the characteristics of a mobile subscriber. Figure [3
illustrates the components of the mobile P2P simulation model.

4.1 Peer and Resource Model

The resource model depicts the provided files and their popularity determining
the file request arrival rate. In P2P networks, there is a large number Nyje s of
files available. Typically, only a small number NV, of very popular files generate
a huge amount of traffic [I1]. In our simulation, the request arrivals follow a
Poisson process with rate Ay for each file f.

We assume that there are mobile specific content types, like ring tones (MIDI
or mp3) or digital images, which are shared in mobile P2P. The file sizes for
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different content types have been measured at the University of Wiirzburg. We
fitted the cumulative distribution function for the file size with a lognormal
distribution which we applied in the simulation. Table [ shows the measured
parameters.

In order to reflect the highly fluctuating connection status of a mobile peer,
we describe a mobile peer by an ON/OFF-process. This means that a peer
is either in the ON state, i.e., the peer is present in the mobile domain and
is connected to the P2P network, or in the OFF state, i.e., the peer is not
connected to the P2P network. In addition, the ON period and OFF period are
determined by exponential distributions with means Loy and Lopp. Therefore,
the transition rates between these two states are ﬁ and L()LN During the ON
period, the peer participates in the P2P network by providing its own files and
requesting for other files. With probability ppew, a peer entering the ON state
shares a new file.

Another mobile specific aspect is the small memory capacity of a mobile peer.
If a newly requested file exceeds this capacity, the oldest files which are shared
longest are deleted (FIFO) until sufficient memory is available for storing the
new file. Additionally to the mobile peers, we also consider Internet peers. The
main difference between both is the access type. In our simulations presented
here, we use a ratio of 2:1 between GPRS and DSL users.

In the eDonkey application, we have an upload list reflecting the simultane-
ously served peers and a waiting list which contains all requesting peers. The
upload bandwidth is equally split among the requesting peers in the upload
list. Thus, the received bandwidth is very easy to calculate in a system where
the bottleneck is the receiver upload bandwidth and not the possible download
bandwidth. This is not valid in a mobile telecommunication system. Here, the
problem is that not only the upload bandwidth of the peers but also the down-
load bandwidth is a limiting factor due to the small bandwidth of mobile peers.

While the upload list is limited in order to guarantee a minimal download
bandwidth, the waiting list is unlimited. A newly arriving file request joins the
end of the waiting list; this also holds after downloading a download unit. It
has to be noted that in eDonkey, a file is structured into chunks of 9.5 Mb and
each chunk is downloaded in smaller pieces of fixed size, the so-called 'download
units’. Immediately after downloading an entire chunk, it is provided as source
of the file in the P2P network.

4.2 Mobile P2P Network Model

We consider GPRS, since we have performed measurements of eDonkey over
GPRS (without our proposed mobile network elements) in parallel to the sim-

Table 1. Measurement of the file sizes for mobile P2P specific contents
ring tone| game | image |mp3-audio

mean [kB]| 8.5762 |37.9288|420.2075| 4829.3306
standard deviation [kB]| 9.3479 (26.5833| 21.3963 | 2305.5083
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ulation, cf. [4]. We assume that a peer always utilizes its full capacity in uplink
and downlink direction. It is interesting to see that, starting with the GPRS data
service, asymmetric data paths are introduced by 3GPP standards that may also
change over time (due to real time cell effects). Another characteristic of the air
interface which affects the performance of a mobile user is the significantly high
round trip time (RTT), which is also depending on the number of subscribers in
a cell. We consider the data transfer of eDonkey via TCP whose throughput is
then slowed down.

In the eDonkey network, a user has to be connected to an index server for
participating in the network. Thus, the index server immediately notices when a
peer goes online. We additionally assume that the index server discovers instan-
taneously when a peer goes offline due to not replied hello-packets. Therefore,
the user presence information is always known to the index server and all files
in the network and their corresponding sources are also known.

Each peer searching for a file asks for sources at the index server, which sends
200 sources at maximum to the requesting peer. We have limited the number
of sources according to the original eDonkey source code because the searching
peer requests the file at every sharing peer. Hence, the requesting peer joins the
waiting list of each sharing peer. The waiting time before entering the upload list
is increased and the overall throughput and the effective download bandwidth
of all peers in the upload queue of sharing peers is decreased. This problem is
overcome by limiting the number of retrieved sources. The index server returns
uniform randomly 200 sources in order to distribute the emerging load equally
within the network.

If the cache peer shares the file requested by a peer, the cache peer is always
returned as first element of the source list. It is also possible to select in the
simulation that the cache peer is the only returned source and all other sources
are hidden.

The cache peer is assumed to be attached to the network with a link with
almost infinite capacity. In this case, we have selected a 4 Gbps link, so that
we can rule out a bottleneck in the interconnection of the cache peer with the
downloading peers. The number of parallel upload connections from the cache
is limited to 400, i.e. 400 mobile subscribers may download from the cache with
21.44 Mbps.

4.3 Abstract Model

The goal of the abstract simulation is to answer which cache replacement strategy
fits best for the mobile P2P network. In contrast to the detailed simulation, we
only use a subset of the parameters for the abstract simulation resulting in a
much smaller computing time. The distinctive feature of the P2P network which
plays an important role for the investigation of the cache is the file request arrival
process. The popular files are requested very often; there are also a lot of less
popular files which also generate many requests in total. Thus, the file request
arrival process has to be simulated in detail, while the used transport mechanism
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or eDonkey’s complex upload queue mechanism can be neglected for evaluating
the performance of different cache strategies.

5 Numerical Results

In this section, we evaluate different cache strategies (LFU, LSB, IMU) by appli-
cation of the abstract simulation. The target value which we use is the percentage
¥ of popular files which are stored in the cache. This value directly relates to
the byte-hit-rate, the request-hit-rate, and the amount of traffic which is kept
within the mobile domain. The latter aspect is very important for a provider.
The more popular files are stored in the cache the more data is sent from the
cache to the requesting peers with the maximal available download bandwidth
of the peers and the more file requests are successfully served.

Afterwards, the influence of the proposed strategy on the mobile P2P network
is demonstrated quantitatively by means of the detailed simulation. We consider
the upload data volume and different interactions between cache peer and index
server.

5.1 Comparison of the Cache Strategies

We simulate 100 popular mp3-files and start with 50% of them in the cache. The
cache peer is dimensioned as large as the sum of the popular files’ sizes. Thus, ¥
may reach 100%. The used parameters of IMU are o = 1,5 = 0.5,At = 15min,
© = 4. Figure [4 shows the percentage of popular cached files for each time
period At. It seems to be astonishing that LFU is nearly as effective as the
recommended IMU strategy, but the reason is the independent and identically
distributed (iid) size for every file. Thus, the file request arrival rate is the main
indicator for the file’s popularity and LFU delivers good results. For a scenario
with a more complex file size distribution, e.g. several large files, the LFU cannot
return as good results as IMU, because a large, popular file may not be cached,
although it produces more traffic. In this case, LSB may outstrip LFU.

In the regarded scenario, LSB comes off badly, although the transferred data
volume is directly proportional to the number of file requests. Hence, LSB should
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perform as well as LFU. But this is only valid if the time interval during which
the measurements are taken is large enough for a download of a file to finish
within this period. Figure M shows that IMU achieves the best results, because
the transmitted data volume and the number of the file requests are considered.
About 95% of the popular files are detected within a short time frame. Fur-
thermore, IMU is a good base for estimating whether a file is really popular or
not, because temporarily high or low measurement values during the last time
interval are weighted by the historical values. Thus, the popularity of a file in the
next time frame can be estimated by the actual measured value and the curve
progression from past.

Figure [l shows the relative error for different levels of significance . It is
defined as the half-width of the confidence interval normalized by the mean
value. We performed 1,000 simulation runs and obtained a relative error below
5% even for v = 99.99%. The peak at the beginning results from the random
initialization of the cache.

5.2 Influence of the Proposed Strategy

The following numerical values focus on a single popular file and its influence
on the transferred data volume on the upstream, while the file disperses in the
P2P network. In a first step, we begin to pick out a single chunk file, i.e. a file
whose file size is less than the chunk size of 9 MB, because the probability that
a file is smaller than 9 MB is more than 90%.
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Fig. 6. Uploaded data volume of mobile  Fig.7. Uploaded data volume with the
and Internet peers and of the cache peer cache peer as exclusively returned source

Figure [6] shows the data volume characteristic for a file of size 3MB with an
initial diffusion of 0.1%, i.e. at the beginning of the simulation 0.1% share this file.
On the y-axis, the totally transmitted data volume in uplink direction of mobile
and Internet peers and the cache peer within a time interval of 1 hour is plotted.
At this point, we have to refer back on Section E2. The index server returns
randomly 200 sources of all sources to the searching peer. The latter requests
download units of this file at every returned peer, independent of the access speed
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of the providing peer. Obviously, 2/3 of the returned peers are mobile peers.
With each mobile peer that successfully finishes its download, the probability
for retrieving a mobile peer by the index server increases. Therefore, the data
volume transmitted from the Internet peers decreases because the number of
mobile, providing peers prevails the Internet peers.

The upload rate of the cache peer oscillates about 0.2 Gigabit per hour. This
is because of the bottleneck in the downlink of the mobile peers. The downlink
like the uplink has fair shared bandwidth. So the bandwidth is shared in similar
parts for each uploading peer, as long as the uploading peer can provide this
amount of data. With too many active downlink connections at a specific peer,
the cache peer is not able to bring its high bandwidth capacity to bear.

Figure[f] shows the same scenario, but the index server answers source queries
for the file only with the cache peer, as soon as the cache peer provides the file.
Neither the mobile peers nor the Internet peers upload data, after the upload
from the cache peers has started. As we can see, this modification is required in
order to utilize the cache peer completely.

Summarizing, the index server should answer a file request not only with the
sources but also with the available upload bandwidth in order to minimize the
download time. In this case, the cache peer is always preferred. The simulation
results are given in Table 2. Another point is that the user behavior should be
adapted in mobile P2P environment. E.g. in the case of downloading 8 files,
one from the cache peer and the other from other mobile peers, the downlink
bandwidth is equally split between all data connections. In this case, the upload
bandwidth of the cache peer cannot be utilized. Thus, it would be more appro-
priate only to download 2 or 3 files in parallel. Although the throughput is the
same in both cases, the time for a single file download is much lower in the latter
case.

Table 2. Percentage of traffic kept in the mobile network and the byte-hit-rate

cache peer...|as single source|among other sources
traffic within mobile network 99.68% 89.06%
byte-hit-rate 99.18% 15.26%

6 Conclusions

Current access and mediation control mechanisms has been discussed for appli-
cability in the mobile context and as a result the eDonkey file sharing system has
been enhanced by caching peers and crawlers. The new architecture for a mobile
P2P service has been implemented for GPRS (2.5G) networks and has also been
tested with UMTS. With the eDonkey index server, the three components adapt
the resulting overlay network to the core structure in 2.5G/3G networks and
especially to the needs of mobile operators and subscribers, thus improving the
P2P performance.
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Users remain in charge of access control, while network operators gain control
on mediation of resources. This influence allows for keeping some P2P traffic in-
side the operator’s network. Popular content will be cached at a central instance
to reduce traffic. This also remedies bandwidth shortages caused from repeti-
tion of data transfers, which are observed in today’s access networks, Unlike
other mechanisms that oppress P2P traffic, this architecture offers a network-
supported service that allows peers to cooperate with the global community.

The simulation model for mobile P2P architectures includes the proposed
IMU cache strategy and the numerical results show good adaption outperforming
standard cache strategies, like LFU or LSB. In future work, we will investigate
more influence factors, like the mobile subscriber behavior or the mobile access

type.
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Abstract. A family of message propagation protocols for highly mobile
ad-hoc networks is defined, and is studied analytically and by simulation.
The coverage of a message (the fraction of nodes that receive it), can be
made arbitrarily close to 1, at a moderate cost of extra message traffic.
Under certain simplifying assumptions, it is shown that a high coverage
is achieved by making a total of O(nlnn) broadcasts, where n is the
number of nodes, and the time to propagate a message is O(Inn). The
effect of various parameters on the protocol performance is examined.

Keywords: Ad-hoc networks, message propagation, broadcasting.

1 Introduction

Recent advances in the technologies of mobile devices and wireless communica-
tion have given rise to an increasingly popular form of networking, called Mobile
Ad-hoc networking. A Mobile Ad-hoc network (MANET) consists of small, ver-
satile and powerful mobile computing devices (nodes). It is typically formed at
short notice and does not make use of any fixed networking infrastructure. A
distinguishing feature of a MANET is that the nodes are not just the sources
of message traffic but also engage in forwarding messages to final destinations;
given that the nodes can be highly mobile, a MANET is a dynamic network
characterized by frequent and hard-to-predict topological changes.

An application of a mobile network usually involves user collaboration to-
wards achieving a common goal, in situations where access to base stations is
unavailable or unreliable (e.g., command and control or disaster relief). The suc-
cess of such collaborative undertakings depends to a large extent on the provision
of reliable multicast [5]. That is, a message originating at any node should reach
all other nodes within a reasonably short period of time. Unfortunately, both
the nature of the devices (limited memory and power), and their mobility, imply
that a guaranteed reliable multicast is normally harder to achieve in a MANET.
Our objective, therefore, is to devise and evaluate multicast protocols which aim
to maximize the probability of delivering a message to all nodes, while keeping
the propagation time as low as possible.

G. Kotsis and O. Spaniol (Eds.): Mobile and Wireless Systems, LNCS 3427, pp. 235-248] 2005.
(© Springer-Verlag Berlin Heidelberg 2005
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Existing work in this area has concentrated on minimizing the number of
broadcasts carried out while propagating a message. Several protocols have been
proposed, where the nodes maintain pro-actively, or construct on demand, dis-
tributed state information about the network topology. That state information
is then used for the purpose of improving coverage with small overhead (see
[3T0/411]). When the degree of mobility is low, these protocols perform well, but
when it is high, the network state information can become out-of-date quickly
and the coverage achieved (i.e., the fraction of nodes that receive a message) can
be poor [9ILT].

A topology-independent and stateless protocol that seems to work better in
highly mobile networks is ‘flooding’. Every node broadcasts every message once,
either immediately upon receipt or after a random interval (for a study of basic
flooding, see Ho et al [6]; an optimized version was examined in Ni et al []]).
The coverage achieved by flooding depends not only on the mobility pattern, but
also on the ‘density’ of nodes (usually defined as the average number of nodes
within a disc of radius equal to the wireless range). When the density is low, the
flooding coverage tends to be poor.

We propose, and study, a family of protocols which preserve the topology-
independent nature of flooding, while being able to achieve coverage levels arbi-
trarily close to 1, for any node density. Of course a specific high coverage cannot
be guaranteed in any given instance, but can be expected with high probability.
These protocols are based on a notion of ‘encounter’, and are controlled by an
‘encounter threshold’ parameter. The cost paid for a high coverage is an increase
in the message traffic, since messages are broadcast more than once by each node.
Under certain simplifying assumptions, analysis shows that to achieve a coverage
close to 1 in a network with n nodes, the total average number of broadcasts per
message is on the order of O(nlnn). This is a moderate increase on the O(n)
broadcasts carried out in flooding. The propagation time of a message is on the
order of O(Inn). Various aspects of the protocols’ performance are examined by
simulation (such an investigation, using a less realistic simulator, was presented
in [2]).

The estimate of the necessary threshold provided by the analytical model
is deliberately pessimistic. Because of that, it is worth introducing schemes for
reducing the number of unnecessary broadcasts during the propagation of a
message. One such scheme, Random Assessment Delay (RAD), is investigated
by simulation.

The model, and the message propagation protocols, are described in section
2. Some analytical results concerning the propagation time and the number of
broadcasts are obtained in section 3. The outcomes of a number of simulation
experiments are presented in section 4, while section 5 summarizes the results
obtained and outlines avenues of further enquiry.
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2 The Model

The system under consideration consists of n mobile nodes which move within
a given terrain. The nodes communicate with each other using wireless technol-
ogy, but without any fixed network infrastructure support. That is, the nodes
themselves are the sources as well as the forwarders of the message traffic, and
thus form a mobile ad-hoc network. Each node has a unique identifier (MAC or
IP address). It is assumed that nodes do not fail; however, due to their mobility,
they may become disconnected, and reconnected, as they move out of and into
each others wireless range. Thus, the structure of the network can change with
time in an unpredictable manner. For simplicity, assume that the wireless ranges
of all nodes are equal and remain constant during the period of interest.

The movement of each node is governed by some ‘mobility pattern’, which
controls its current speed and direction. It is assumed that the n nodes are
statistically identical, i.e. the rules of their mobility patterns are the same, and
any random variables involved have the same distributions for all nodes.

We shall define a protocol whose principal objective is to deliver a message,
originating at any node, to all other nodes with high probability. A secondary
objective is to minimize, as far as possible, the memory requirements at each
node. In fact, what will be defined is not a single protocol, but a family of
protocols depending on an integer parameter, 7.

Node ¢ (i = 1,2,...,n) advertises its presence by broadcasting, at regular
intervals, a signal carrying its identifier and saying, essentially, ‘hello, this is
node ¢’. It also listens for similar signals from other nodes and maintains a
list, {j1,72,--.,7k}, of the nodes, other than itself, that it can hear. That list
is called the ‘current neighbourhood’ of node i. At any moment in time, any
current neighbourhood may be empty, or it may contain any number of other
nodes.

The current neighbourhood of node ¢ changes when a node which was in
it, say ji1, moves out of range, or when a node which was not in it, say jr+1,
moves into range. The latter event is called an ‘encounter’; that is, node 7 is
said to encounter node ji41. Note that, since ‘hello’ signals are not assumed to
be synchronized among the nodes, if node i encounters node j, node j does not
necessarily encounter node ¢ at the same time. Also note that, if node j leaves
the current neighbourhood of node 7 and at some later point enters it again,
then that entry constitutes an encounter. Nodes do not maintain a history of
their current neighbourhoods, in order to keep their memory requirements low.

Now consider a message propagation protocol where each node behaves as
follows:

— 1. Upon receiving or originating a new message, m, store it, together with an
associated counter, ¢(m), which is set to zero. Add the sending node to the
current neighbourhood, unless already present. If the current neighbourhood
contains nodes other than the sending one, broadcast m and increment ¢(m)
by 1.
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— 2. At every encounter thereafter, if ¢(m) < 7, broadcast m and increment
¢(m) by 1.

— 3. When ¢(m) = 7, remove m from memory (but keep its sequence number
in order to remember that it has been handled).

Thus, every node receiving a message broadcasts it at 7 consecutive encounters
(one of which may be the message arrival), and then discards it. There are no
acknowledgements. The integer 7 is called the ‘encounter threshold’. The above
protocol, with encounter threshold 7, will be referred to as ‘r-propagation’.

When 7 = 1, the 1-propagation protocol behaves like flooding (except that
the broadcast is delayed until the next encounter if the current neighourhood
contains only the sender). At the other extreme, if 7 = oo, we have an oo-
propagation protocol whereby messages are kept forever and broadcast at every
encounter. Assuming that the mobility pattern is such that every node eventually
encounters every other node, co-propagation achieves coverage 1. Of course, oo-
propagation is not a practical option, but we shall see in section 3 that it can
provide some useful insights.

It should be pointed out that 7-propagation trades memory capacity and
probability of reaching all nodes against message traffic. Because past histories
are not kept and exchanged, messages may be sent again to nodes who have
already received them. By increasing the value of 7, the coverage can be made
to approach 1, at the cost of having to store more messages for longer periods,
and making more broadcasts.

In this paper, we place greater emphasis on evaluating the ability of 7-
propagation to achieve high coverage, than on minimizing the message traffic
overheads. That is why we assume the following:

— The overheads of collision resolution are negligible.

— Hello signals are sent and monitored at the MAC level; the information
necessary to maintain the neighbourhood list is obtained at no extra cost to
the higher level protocol.

— Encounters last long enough for a message to be received, i.e. the processing
and propagation times of hello and broadcast messages are small enough for
the encountered node to remain in the range of the encountering node.

The performance measures of interest are:

— (i) The average response time of T-propagation, defined as the interval be-
tween the arrival (origin) of a message and the moment when no node can
propagate it further.

— (ii) The average propagation time of a message, defined as the interval be-
tween its arrival and the moment when either all nodes have received it, or
no node can propagate it further.

— (ili) The coverage of a message, i.e. the fraction of nodes that have received
it by the end of its propagation time.
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All of these performance measures are stated in terms of averages. However,
each simulation experiment is repeated 50 times with different random number
streams. Thus, observing a coverage of 1 implies that all 50 runs achieved a
coverage of 1.

It is important to be able to choose the value of 7 so as to achieve high
coverage, without unduly increasing the response and propagation times. This
question will be addressed in the following sections.

3 Analytical Approximation

Consider an idealized system with n mobile nodes who never cease to propagate
the messages they receive (co-propagation). Let T be the random variable rep-
resenting a message propagation time, i.e., the interval between the origin of a
message at some node, and the first instant thereafter at which all nodes have
received it. If messages are not discarded, and every node eventually encounters
every other node, T is finite with probability 1. It is then of interest to estimate
its average value, E(T). That quantity will also be used in choosing a suitable
value for 7, when designing a practicable 7-propagation protocol.

An estimate for F(T) will be obtained under the following simplifying as-
sumptions:

— (a) Each node experiences encounters at intervals which are exponentially
distributed with mean &.

— (b) At each encounter, a node meets one other node (in other words, the
intervals between hello signals are infinitesimal).

— (c¢) The node encountered is equally likely to be any of the other nodes; that
is, the probability that node ¢ will next encounter node j, j # 1, is equal to
1/(n — 1), regardless of past history.

Assumption (a) can be justified by remarking that the interval until the next
encounter experienced by a given node — say node 1 — is the smallest of the
intervals until its next encounters with node 2, node 3, ..., node n. It is known
(e.g., see [7]) that, under weak assumptions, the interval until the first of many
random occurrences is approximately exponentially distributed. The value of &
depends on the density of nodes, on the speed with which they move, and on the
mobility pattern. It may be difficult to determine & analytically, but in practice
it can be estimated by monitoring the system and taking measurements.
Assumption (b) is deliberately pessimistic, in order to give the estimate the
character of an upper bound. If a node encounters more than one other node at
the same time, then the propagation will proceed faster. In fact, it will be seen
in the experiments that at high densities this assumption is very pessimistic.
Assumption (c) is loosely based on the fact that all nodes are statistically
identical, and move independently of each other. If the starting positions of
the nodes are uniformly distributed, the assumption is justifiable at the first
encounter, although it may well be violated in subsequent ones. However, this
assumption provides the simplification necessary for analytical tractability. Its
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effect on the performance measures will be evaluated in the simulation experi-
ments.

Let X = {X(¢); t > 0} be the Markov process whose state at any given time
is the number of nodes that have already received the message. The initial state
of X is X(0) = 1 (only the originating node has received it). This is a pessimistic
simplification; the original neighbourhood may in fact contain other nodes, in
which case X (0) would be greater than 1 and the propagation would be faster.

The random variable T is the first passage time of X from state 1 to state n.

Suppose that X is in state k, i.e. k¥ nodes have received the message and
n — k have not. If any of the former k£ nodes encounters any of the latter n — k,
the process will jump to state k + 1. Since each node experiences encounters at
rate 1/, and the probability of encountering any other node is 1/(n — 1), the
transition rate of X from state k to state k + 1, 7 k41, is equal to

o=

In other words, the average time that X remains in state k is

I (n—1)¢§
e k(n—k) @

Hence, the average first passage time from state 1 to state n is given by

n—1
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k=1

This last expression can be simplified by rewriting the terms under the summa-
tion sign in the form
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The two resulting sums are in fact identical. Therefore,
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where H,, is the nth harmonic number. When n is large, the latter is approxi-
mately equal to

H,~Inn+~v,

where v = 0.5772... is Euler-Mascheroni’s number. Also, when n is large, (n —
1)/n~1and In(n—1)~Ilnn.

We have thus arrived at the following estimate, valid under assumptions (a),
(b) and (c):
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Proposition 1. In a large mobile network where messages are not discarded,
the average propagation period for a message is approximately equal to

E(T) ~ 2¢(Inn+7) . (5)

An immediate corollary of Proposition 1 is that, during the propagation pe-
riod T, the originating node experiences an average of 2(Inn + ~) encounters.
Other nodes, who receive the message later on, tend to experience fewer encoun-
ters. Thus, choosing the encounter threshold, 7, to have the value

7=2[lnn+~], (6)

should ensure that, when the protocol terminates, most nodes will have received
the message. This suggestion will be tested experimentally.

Note 1. An attractive aspect of equation (@) is that the only parameter
appearing in it is the number of nodes, n. The mobility pattern and the node
density do not matter, because assumptions (a), (b) and (c) were deliberately
chosen to be pessimistic. In practice, lower thresholds than those provided by
(6) will be satisfactory, especially at higher densities. This will be illustrated by
the simulation experiments.

Note 2. Since, under 7-propagation, every node that receives a message
broadcasts it 7 times, the total number of broadcasts per message is on the order
of O(n7). Hence, if 7 is chosen according to (@), the total number of broadcasts
per message is on the order of O(nlnn).

4 Experimental Results

A number of experiments were carried out, using the Glomosim simulation pack-
age. The objectives were two-fold: First, to evaluate the effect of various param-
eters on the performance of 7-propagation, as measured by (a) the coverage
achieved, and (b) the response and propagation times. The second objective was
to investigate some schemes for reducing the protocol overheads, measured by
the average number of redundant broadcast per node. A broadcast is considered
to be redundant if all of its targets have already received the message).

The following factors were kept fixed:

The terrain is a square of dimensions (1000 m) x (1000 m).

The number of nodes is 64.

The wireless range of all nodes is either 50 m or 180 m. These two ranges
correspond to node densities of 0.5 and 6.5 respectively.

The node speed is 2 m/sec.

The mobility pattern is ‘Random Waypoint’: Initially, the nodes are dis-
tributed uniformly on the square; thereafter, each node chooses a random des-
tination (also uniformly distributed on the square) and moves towards it at a
given speed; upon reaching the destination, the node pauses for a given interval
(1 ms in our case), selects a new random destination and so on.
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Each run starts at time 0 with a message originating at node 1, and termi-
nates when no node can propagate the message further. For each set of parameter
values, the simulation ran 50 times, with different random number seeds, and
the performance observations were averaged.

RAD Enhanced Encounter Propagation

One technique that is used to reduce redundant broadcasts is Random Assess-
ment Delay (RAD). Having decided to broadcast a message, either as an origi-
nator or at an encounter epoch, a node waits for a random period of time, called
the ‘RAD interval’. An encounter which occurs during a RAD interval does not
generate a new RAD interval. If, during a RAD interval, a node hears another
broadcast of the same message, then the broadcast it had planned is canceled
(see [I1]). The idea is that if several nodes in a given neighbourhood are in pos-
session of the message and decide to broadcast it, one of them will do so first
(the one with the shortest RAD interval), and then the others can keep quiet.

Remember that, under the T-propagation protocol described in section 2, a
node ceases to broadcast message m when the number of encounters, recorded
in ¢(m), reaches the value 7. Now, the addition of RAD may affect the way c(m)
is incremented. During a RAD interval associated with message m, the node
counts the number of broadcasts of m that it hears. Denote that number by
r. If r = 0 at the end of the RAD interval, then the node broadcasts m and
increments ¢(m) by 1. If r > 0, there are two possibilities:

1. Do not broadcast m and increase ¢(m) by 1;
2. Do not broadcast m and increase c(m) by 7.

These two policies were simulated, but their effects on both performance and
overheads turned out to be very similar. Therefore, only the results obtained
with policy 1 are displayed.

Figures 1 and 2 show the coverage achieved as a function of the encounter
threshold, 7, for node densities 0.5 and 6.5, respectively. The different graphs
in each figure correspond to different distributions of the RAD interval. More
precisely, the RAD interval is distributed uniformly on (0, RAD), for different
values of RAD. Thus, the case RAD = 0 corresponds to the original protocol,
without the enhancement.

The figures quantify the extent to which the coverage can be improved by
increasing 7: at low densities, where flooding performs poorly (7 = 0), the im-
provement is very considerable; at high densities, flooding performs well and the
gain of increasing 7 is correspondingly smaller.

Consider the analytical predictions concerning 7. For the assumed terrain
area and wireless range, the densities 0.5 and 6.5. For the case of 64 nodes, the
encounter threshold given by equation (@) is 7 = 10, and the figures indicate that
it does, indeed, achieve coverages close to 1. In fact, when the density is high,
the threshold provided by equation (@) is rather conservative. This is because,
for those densities, assumption (b) in section 3 is too pessimistic.
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Fig. 1. Coverage vs Encounter Threshold; Density = 0.5

At the low density of 0.5, the introduction of RAD has no appreciable effect
on the coverage. This is not surprising, since an encounter rarely involves more
than one other node and so the RAD counter r is usually 0. At the high density
of 6.5 and low threshold values, some coverage is lost by RAD because nodes
who could usefully broadcast have in fact decided to stop too early.

The gains achieved by the RAD enhancement are shown in figures 3 and 4.
At the low density of 0.5, a reduction of about 35% in redundant broadcasts
per node can be achieved, without loss of coverage. Increasing the average RAD
interval generally leads to bigger reductions, but the incremental gains become
lower (the largest gain is achieved in moving from RAD =0 to RAD = 100).

At the high density of 6.5, the picture is similar, but now there is a genuine
trade-off between coverage and redundancy at low thresholds. At high thresholds,
the reduction in redundancy is again achieved without loss of coverage.

Figures 5 and 6 show the average response time and the average propagation
time as functions of 7, for the same two densities, 0.5 and 6.5. Remember that
the propagation time is the period until all nodes receive the message (or the
protocol terminates, if earlier), whereas the response time is the period until
the protocol terminates. A noteworthy aspect of these figures is that, while the
response time tends to keep growing with 7 (as expected), the propagation time
increases up to a point, and then decreases. To explain that behaviour, note
that when the threshold is low, the coverage is less than 1 and therefore the
propagation time is equal to the response time. When the threshold is large,
a coverage of 1 is reached and the propagation completes, before nodes have
stopped broadcasting. Moreover, further increases in 7 tend to speed up the
propagation, but prolong the response time.
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Increasing the average RAD interval does, of course, lead to longer average
response and propagation times. However, the effect is negligible at low density,
and becomes significant at high density mainly for the response time, and only
when the threshold is low.

600
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Fig. 6. Response/Propagation Time vs Encounter Threshold; Density =6.5

The process of propagating a message among the nodes in a network where
the speed and threshold (7 = 14) are fixed, while the density is varied in the
range 0.5 — 6.5, is illustrated in figure 7. For the purpose of this figure only, the
wireless range was kept at 50 m, and the density was changed by varying the
number of nodes between 64 and 828; a different simulator was used. The graphs
show how the rate of propagation changes as more and more nodes are covered.
At high densities, it takes longer to cover the last 5% of the nodes than the first
95%. This phenomenon is due to the fact that some nodes on the periphery of
the terrain can be relatively more difficult to reach than the others. It is less
pronounced at lower densities, but is still in evidence: the last 20% of the nodes
take about as long to cover as the first 80%.
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5 Conclusions

The main contributions of this paper can be summarized as follows:

— 1. Introduction of the 7-propagation family (section 2).

— 2. Mobility-independent estimate for the value of 7 that achieves high cov-
erage (equation ().

— 3. Quantitative performance results obtained by experimentation (section
4).

A more adaptable family of propagation protocols may be designed by in-
troducing a FIFO buffer for messages. Messages would be kept in the buffer,
and re-broadcast, until either they are displaced by new messages or they reach
an encounter threshold. The number of times a message is broadcast by a node
would then change dynamically in response to changing conditions. That num-
ber could also be adjusted by keeping track of repeated receptions of the same
message. A time-out interval can be introduced, to force the discarding of a
message if the node does not experience a sufficient number of encounters. The
encounter threshold may be adjusted dynamically, as a function of the number
of nodes already encountered, and possibly as a function of the mobility pattern.
All these are worthy topics for future research.

It should be pointed out that the Random Waypoint mobility model is par-
ticularly favourable to the assumption that each node is equally likely to be
encountered. Other mobility models are more likely to violate that assumption.
That is why it is important to investigate the behaviour of models with more
pronounced locality properties, such as '"Manhattan Grid’ and 'Drunken Walk’.
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