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ma thèse et de me donner de nombreux commentaires ainsi que Jim Roberts et Walid Dabbous

d’avoir fait parti de mon jury.

Je tiens ´egalement `a remercier plusieurs personnes qui ont facilit´e mon travail : David Tre-

mouilhac et Didier Loisel m’ont toujours offert un support technique irr´eprochable ; tout le per-

sonnel de l’Institut Eurecom et en particulier Agnes et plus tard Olivia ont facilit´e mes taches

administratives ; Evelyne Biersack a eu le courage de lire ma th`ese et de faire de nombreuses

corrections.

L’environnement cosmopolite de l’Institut Eurecom a ´eté très enrichissant, je remercie tous
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Résuḿe

Une des clefs de l’am´elioration de la qualit´e de service pour les r´eseauxbest effortest le contrˆole

de congestion. Dans cette th`ese, on a ´etudié le problème du contrˆole de congestion pour la

transmission multipoint dans les r´eseauxbest effort. Cette thèse présente quatre contributions

majeures. On a commenc´e parétudier deux protocoles de contrˆole de congestion multipoints

RLM et RLC. On a identifi´e des comportements pathologiques pour chaque protocole. Ceux-ci

sont extrêmement difficiles `a corriger dans le contexte actuel de l’internet, c’est-`a-dire en res-

pectant le paradigmeTCP-friendly. On a alors r´efléchi au probl`eme du contrˆole de congestion

dans le contexte plus g´enéral des r´eseauxbest effort. Ceci nous a conduit `a redéfinir la notion de

congestion, d´efinir les propriétés requises par un protocole de contrˆole de congestion id´eal et dé-

finir un nouveau paradigme pour la conception de protocoles de contrˆole de congestion presque

idéaux. On a introduit `a cet effet le paradigmeFair Scheduler(FS). L’approche que l’on a uti-

lisée pour d´efinir ce nouveau paradigme est purement formelle. Pour valider cette approche

théorique, on a con¸cu grâce au paradigme FS un nouveau protocole de contrˆole de congestion

multipoint à couches cumulatives et orient´e récepteur : PLM, qui est capable de suivre les ´evo-

lutions de la bande passante disponible sans aucune perte induite, mˆeme dans un environnement

autosimilaire et multifractal. PLM surpasse RLM et RLC et valide le paradigme FS. Comme ce

paradigme permet de concevoir des protocoles de contrˆole de congestion multipoints et point `a

point, on a d´efini une nouvelle politique d’allocation de la bande passante entre flux multipoints

et flux pointà point. Cette politique, appel´eeLogRD, permet d’am´eliorer consid´erablement la

satisfaction des utilisateurs multipoints sans nuire aux utilisateurs point `a point.
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Abstract

An efficient way to improve quality of service for best effort networks is through congestion

control. We present in this thesis a study of multicast congestion control for best effort net-

works. This thesis shows four major contributions. We first exhibit some pathological behaviors

for the multicast congestion control protocols RLM and RLC. As these pathological behaviors

are extremely hard to fix in the context of the current Internet (i.e. with the TCP-friendly pa-

radigm), we thought about the problem of congestion control in the more general case of best

effort networks. We give a new definition of congestion, we define the properties required by an

ideal congestion control protocol, and we define a paradigm, the fair scheduler (FS) paradigm,

for the design of nearly ideal end to end congestion control protocols. We define this paradigm

in a formal way. To validate this paradigm in a pragmatic way, we design with the FS paradigm

a new multicast congestion control protocol: PLM. This protocol converges fast to the avai-

lable bandwidth and tracks this available bandwidth without loss induced even in a self similar

and multifractal environment. PLM outperforms RLM and RLC and validates the FS paradigm

claims. As the FS paradigm allows to devise multicast and unicast congestion control protocols,

we define a new bandwidth allocation policy for unicast and multicast flows. This policy called

LogRD allows to increase the multicast receiver satisfaction without significantly decreasing

the unicast receiver satisfaction.
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D.4.3 Single Multicast Group . . . . . . . . . . . . . . . . . . . . . . . . . . 158

D.4.4 Multiple Multicast Groups . . . . . . . . . . . . . . . . . . . . . . . . 161

D.5 Practical Aspects . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 165

D.5.1 Estimating the Number of Downstream Receivers . . . . . . . . . . . . 165

D.5.2 Introduction of the LogRD Policy . . . . . . . . . . . . . . . . . . . . 166

D.5.3 Incremental Deployment . . . . . . . . . . . . . . . . . . . . . . . . . 167

D.6 Conclusion . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 168

D.7 Discussion on Multicast Gain . . . . . . . . . . . . . . . . . . . . . . . . . . . 169

D.7.1 Bandwidth-Unlimited Case . . . . . . . . . . . . . . . . . . . . . . . . 169

D.7.2 Bandwidth-Limited Case . . . . . . . . . . . . . . . . . . . . . . . . . 170

D.8 Global Impact of a Local Bandwidth Allocation Policy . . . . . . . . . . . . . 172

D.9 Tiers Setup . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 173

Bibliographie 174



TABLE DES FIGURES 15

Table des figures

3.1 Illustration de la technique PP dans un exemple simple. . . . . . . . . . . . . . 53

A.1 Simulation Topologies. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 71

A.2 Speed, accuracy, and stability of RLM convergence for a single session,Top1 . . 72

A.3 Scaling of a RLM session with respect to the number of receivers,Top2 . . . . . 73

A.4 Mean throughput of RLM and CBR flows sharing the same bottleneck, FIFO

scheduling,Top3 . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 74

A.5 RLM and CBR flows sharing the same bottleneck, FIFO scheduling,Top3 . . . 74

A.6 Mean throughput averaged over 5s intervals, FQ scheduling,Top3 . . . . . . . . 75

A.7 Mean throughput of RLM and TCP flows sharing the same bottleneck, FIFO

scheduling,Top3 . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 76

A.8 Layer subscriptions for a single session, 4 receivers,Top1 . . . . . . . . . . . . 78

A.9 Scaling of a RLC session with respect to the number of receivers,Top2 . . . . . 80

A.10 Mean throughput of RLC and TCP flows sharing the same bottleneck,Top3 . . . 81

B.1 Example for the definition of congestion. . . . . . . . . . . . . . . . . . . . . . 90

B.2 FIFO versus FQ, mean throughput�B for an increasing the number of unicast

flowsk = 50; :::; 1600 and for two size of queue length. . . . . . . . . . . . . . 97

B.3 FIFO versus FQ, increasing the number of unicast flowsk = 50; :::; 1600 and

for two size of queue length. . . . . . . . . . . . . . . . . . . . . . . . . . . . 98

C.1 Example of two layers following two different multicast trees. . . . . . . . . . 111

C.2 Simulation Topologies. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 118

C.3 Speed, accuracy, and stability of PLM convergence for a single session,Top1 . . 120

C.4 Scaling of a PLM session with respect to the number of receivers,Top2 . . . . . 121

C.5 PLM and CBR flows sharing the same bottleneck,Top4 . . . . . . . . . . . . . 122

C.6 PLM and TCP flows sharing the same bottleneck,Top4 . . . . . . . . . . . . . 123

C.7 PLM throughput, C=1, layer granularity 50 Kbit/s, Burst of 2 packets,Top3 . . . 124

C.8 PLM layer subscription and losses, C=1, layer granularity 50 Kbit/s, Burst of 2

packets,Top3 . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 125



16 TABLE DES FIGURES

C.9 PLM layer subscription and losses, Burst of 2 packets,Top3 . . . . . . . . . . . 126

C.10 PLM layer subscription and losses, Burst of 4 packets,Top3 . . . . . . . . . . . 126

C.11 Throughput for a mix of PLM and TCP flows, C=1, burst of 2 packets, 20 Kbit/s

layer granularity,Top4 . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 128

C.12 Layer subscription and losses for the PLM sessions for a mix of PLM and TCP

flows, 20 Kbit/s layer granularity,Top4 . . . . . . . . . . . . . . . . . . . . . . 128

C.13 Service time of packets of variable size in a single FQ queue. . . . . . . . . . . 129

C.14 Mix of PLM and CBR flows. Influence of the Burst size on the bandwidth infe-

rence for variable packet size,Top4 . . . . . . . . . . . . . . . . . . . . . . . . 130

C.15 Mix of PLM and TCP flows. Influence of the multiplexing on bandwidth infe-

rence. PLM packet size: 500 Bytes, CBR packet size 1000 Bytes,Top4 . . . . . 131

C.16 Simulation topologyTop5 for the realistic background traffic. . . . . . . . . . 131

C.17NS = 100, C = 1, 1000 bytes PLM packet size, exponential layers. . . . . . . 133

C.18 Layer subscription for the PLM receiver. . . . . . . . . . . . . . . . . . . . . . 134

C.19NS = 100, C = 5 , 1000 bytes PLM packet size, exponential layers. Layer

subscription of the PLM receiver. . . . . . . . . . . . . . . . . . . . . . . . . . 135

D.1 Bandwidth allocation for linear receiver-dependent policy. . . . . . . . . . . . 145

D.2 One multicast flow andk unicast flows over a single link. . . . . . . . . . . . . 150

D.3 Normalized mean bandwidth for the Star topology. . . . . . . . . . . . . . . . 151

D.4 Standard deviation for the Star topology. Increasing the sizem = 1; :::; 200 of

the multicast group;k = 60 unicasts. . . . . . . . . . . . . . . . . . . . . . . . 152

D.5 One multicast flow andk unicast flows over a chain of links. . . . . . . . . . . 153

D.6 Normalized mean bandwidth for the Chain topology. . . . . . . . . . . . . . . 155

D.7 Standard deviation for the Chain topology as a function of the sizem of the

multicast group fork = 30 unicasts. . . . . . . . . . . . . . . . . . . . . . . . 155

D.8 Mean bandwidth (Mbit/s) and standard deviation of all receivers for an increa-

sing number of unicast flows,k = [50; :::; 4000]. . . . . . . . . . . . . . . . . . 157

D.9 Mean bandwidth (Mbit/s) and standard deviation of all receivers for an increa-

sing multicast group sizem = [1; :::; 6000], k = 2000, M = 1. . . . . . . . . . 159

D.10 Mean bandwidth (Mbit/s) of unicast and multicast receivers with confidence

interval (95%) for an increasing multicast group sizem = [1; :::; 6000], k =

2000, M = 1. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 159

D.11 Standard deviation of unicast and multicast receivers with confidence interval

(95%) for an increasing multicast group sizem = [1; :::; 6000], k = 2000,

M = 1. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 160



TABLE DES FIGURES 17

D.12 Minimum bandwidth (Mbit/s) with confidence interval (95%) of the unicast

receivers and of the multicast receivers for an increasing multicast group size

m = [1; :::; 6000], k = 2000, M = 1. . . . . . . . . . . . . . . . . . . . . . . 162

D.13 Mean bandwidth (Mbit/s) and standard deviation of all the receivers for an in-

creasing number of multicast sessions,k = 2000 , M = [2; :::; 100],m = 100. . 163

D.14 Mean bandwidth (Mbit/s) of unicast and multicast receivers with confidence

interval (95%) for an increasing number of multicast sessions,k = 2000 ,M =

[2; :::; 100],m = 100. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 163

D.15 Standard deviation of unicast and multicast receivers with confidence inter-

val (95%) for an increasing number of multicast sessions,k = 2000 , M =

[2; :::; 100],m = 100. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 164

D.16 Minimum bandwidth (Mbit/s) with confidence interval (95%) of the unicast

receivers and of the multicast receivers for an increasing number of multicast

sessions,k = 2000 , M = [2; :::; 100],m = 100. . . . . . . . . . . . . . . . . 164

D.17 Influence on the mean bandwidth (Mbit/s) for the multicast receivers for an

hierarchical incremental deployment of theLogRD policy,k = 2000, M = 20,

m = 50. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 168

D.18 The random topologyRT . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 173



18 TABLE DES FIGURES



19

Chapitre 1

Introduction

Au début des ann´ees 1990, l’internet a connu, avec l’av`enement duWord Wide Web, une

révolution dans son mode d’utilisation. Il est devenu le support de services multim´edias pour le

grand public. Or, l’internet n’´etait préparé ni à supporter un service multim´edia, nià connecter

le grand public. On verra aux 1.1 que les pionniers de l’ARPANET (le pr´ecurseur de l’internet)

avaient fait des choix architecturaux permettant le d´eploiement de nouveaux services et l’inter-

connexion d’un grand nombre d’ordinateurs. Cependant, mˆeme les plus optimistes de l’´epoque

prédirent une croissance de l’internet qui, aujourd’hui, fait sourire, tant elle est inf´erieure de

plusieurs ordres de grandeur `a la réalité.

Le grand public attend aujourd’hui de l’internet une certaine qualit´e de service. Cependant,

l’internet est un r´eseaubest effortqui, par définition, n’offre pas de qualit´e de service. En fait,

la qualité de service est obtenue par des protocoles aux syst`emes terminaux. Par cons´equent,

un des moyens les plus efficaces d’am´eliorer la qualité de service est d’am´eliorer les protocoles

aux systèmes terminaux ; en particulier, les protocoles de contrˆole de congestion. D’autre part, le

concept de transmission multipoint fut introduit pour permettre `a l’internet d’offrir de nouveaux

services.

On vaétudier dans cette th`ese le probl`eme du contrˆole de congestion pour les r´eseauxbest

effort, mais en axant notre ´etude sur la transmission multipoint. Dans la suite, en s’appuyant sur

leur fondement historique, on va d´efinir les termes(( best effort)), (( contrôle de congestion))

et (( transmission multipoint)). Cette perspective historique va nous permettre de motiver le

sujet de cette th`ese. En effet, c’est en comprenant le rˆole qu’ont joué l’architecturebest effort

et le contrôle de congestion dans le succ`es de l’internet que l’on comprendra pourquoi il est

primordial pour la p´erennité de l’internet d’étudier le contrˆole de congestion pour les r´eseaux

best effort. Et c’est en expliquant pourquoi la transmission multipoint permet de d´eployer de

nouveaux services, et pourquoi le probl`eme de contrˆole de congestion multipoint est si ardu, que

l’on pourra juger combien il est important d’orienter notre ´etude vers la transmission multipoint.
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1.1 Le concept de ŕeseaubest effort

On pourrait définir de nombreux fondements de l’internet actuel : l’architecture d´ecentrali-

sée, la commutation de paquets, l’interconnexion par le protocole IP, le concept de r´eseauxbest

effort, l’argumentend-to-end, etc. L’idée directrice qui a guid´e les pionniers de l’ARPANET

(le précurseur de l’internet, cr´eé en 1969) ´etait de fournir un r´eseau qui puisse interconnecter

les ordinateurs du monde entier [38]. Tous les fondements de l’internet actuel et, en particulier

le concept de r´eseauxbest effort, découlent de cette id´ee directrice. Si l’on veut un r´eseau qui

puisse fonctionner en interconnectant un grand nombre de machines tr`es hétérogènes, tant au

niveau du mat´eriel que des applications, il doit ˆetre simple. Introduire un m´ecanisme sp´ecifique

à une application dans le r´eseau peut s’av´erer néfaste pour une autre application. Le concept de

best effortsignifie que l’on a un r´eseau qui va s’occuper de transmettre un paquet de donn´ees

d’un point à un autre du r´eseau sans aucune garantie de : fiabilit´e, débit, délai, gigue, etc. ; en

résumé, sans aucune garantie de qualit´e de service. L’argumentend-to-end[78] complète le

concept debest efforten disant que le r´eseau ne doit pas essayer d’offrir un service qu’il ne peut

pas entièrement garantir, c’est-`a-dire sans le support des syst`emes terminaux, sauf si le service

partiel offert par le r´eseau est utile pour toutes les applications ; on dit que c’est un m´ecanisme

d’utilit é globale (broad utility). En résumé, l’argumentend-to-enddit simplement qu’il vaut

mieux repousser les m´ecanismes qui donnent de la qualit´e de service vers les syst`emes termi-

naux. Cependant, la notion de m´ecanisme d’utilité globale – notion qui autorise `a ajouter un

mécanisme dans le r´eseau – est sujette `a interprétation. Il est extrˆemement difficile de pr´edire si

un mécanisme d’utilité globaleà un moment donn´e ne sera pas n´efaste pour une application qui

n’apparaˆıtra que plus tard.

La clairvoyance des pionniers de l’ARPANET qui d´ecidèrent de garder le r´eseaubest effort

permit l’avènement duWord Wide Web. En effet, Leonard Kleinrock ´ecrit en 1974 [52] :(( le

domaine des r´eseaux d’ordinateurs est certainement arriv´e à maturité, les applications ont ´eté

clairement identifi´ees et la technologie existe pour satisfaire les besoins des applications...))

Que se serait-il pass´e si, croyant les applications clairement identifi´ees, ils avaient rajout´es dans

le réseau des m´ecanismes pour am´eliorer ces applications qui ´etaient le courrier ´electronique (e-

mail), le transfert de fichiers et, plus tard, les forums de discussion (news)? Ces m´ecanismes au-

raient sans doute engendr´e des d´elais sans cons´equence pour de telles applications asynchrones,

mais rédhibitoires pour une application qui apparaˆıtra vingt ans plus tard et qui r´evolutionnera

notre mode de communication : leWord Wide Web.

Le concept de r´eseauxbest effortest donc une n´ecessit´e pour assurer la p´erennité de l’in-

ternet. Cependant, certaines applications n´ecessitant des garanties de tr`es faible délai – comme

les simulations militaires ou les jeux distribu´es – ou des garanties de haut d´ebit – par exemple

la télévision haute d´efinition – auront certainement besoin de m´ecanismes sp´ecifiques ; inté-
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grer de telles applications dans un Internetbest effortest toujours un sujet d’actives recherches.

Même s’il apparaˆıt des réseaux sp´ecialisés pour des applications sp´ecifiques qui ont de fortes

contraintes de qualit´e de service, l’histoire dubest efforta montré que ce service se justifiera

toujours par son faible coˆut, sa facilité de maintenance et surtout son extrˆeme flexibilité qui se

traduit par le très large spectre d’applications autoris´ees.

1.2 Le contrôle de congestion

Un réseaubest effortest un réseau qui n’offre aucune garantie de qualit´e de service aux

systèmes terminaux (voirx 1.1). Le support des protocoles aux syst`emes terminaux est donc in-

dispensable pour offrir de la qualit´e de service. Ces protocoles donnent certaines fonctionnalit´es

qui sont directement assimil´eesà de la qualit´e de service, comme la fiabilit´e ou l’ordonnance-

ment des paquets. D’autres fonctionnalit´es, comme le contrˆole de congestion, ont un rˆole qui,

bien que fondamental au bon fonctionnement du r´eseau, n’est pas directement assimil´e à de la

qualité de service. Le probl`eme du contrˆole de congestion dans les r´eseaux d’ordinateurs est

né avec les r´eseaux d’ordinateurs1. En 1974, Leonard Kleinrock [52], `a la demande de J. Wal-

ter Bond l’éditeur deACM SIGCOMM Computer Communication Review, donna son avis sur

les domaines qui n´ecessitaient des investigations urgentes dans les r´eseaux. Kleinrock cita le

problème du contrˆole de flux (flow control) comme un des probl`emes les plus s´erieux.

On note que Kleinrock parle de contrˆole de flux et non de contrˆole de congestion (congestion

control). On va expliquer cette distinction par la suite. Un m´ecanisme de contrˆole de flux est un

mécanisme qui limite l’entr´ee des paquets dans le r´eseau pour une raison ou pour une autre [52].

La manière la plus efficace de contrˆoler un flux est de le contrˆoler aux extrémités du réseau (soit

directement au niveau de la paire source/r´ecepteur, soit au niveau des points d’acc`es du réseau

avec des m´ecanismes deshapinget depolicing). On note que derri`ere l’idée de contrˆoler le flux

aux extrémités du réseau, il y a l’idée de l’argumentend-to-end. À l’ époque de l’ARPANET, les

goulots d’étranglement venaient des machines aux extr´emités du réseau et non du r´eseau lui-

même. Le principal probl`eme pour une source ´etait de ne pas faire d´eborder la file de r´eception

du récepteur. Si le nombre de paquets re¸cus, par le r´ecepteur, est plus grand que la taille de la file

de réception, il y a des pertes. Dans certains cas pathologiques, on pouvait arriver `a des d´ebits

très faibles. Le contrˆole de flux, en limitant l’entr´ee des paquets dans le r´eseau pour ´eviter le

débordement des files de r´eception, permit de r´esoudre le probl`eme.

On introduisit la notion dereceiver advertized windowdans TCP [11] pour faire du contrˆole

de flux ; cettereceiver advertized windowcorrespond au nombre maximum de bytes que la file

de réception du r´ecepteur peut contenir. Grˆaceà la receiver advertized window, TCP limite le

nombre de paquets dans le r´eseau au nombre maximum de paquets que la file de r´eception

1. Dans toute la suite de cette th`ese, le termeréseausignifiera toujoursréseau d’ordinateurs.
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du récepteur peut contenir ; il ne peut, par cons´equent, jamais y avoir de pertes au niveau de

la file de réception du r´ecepteur. Vinton Cerf et al. dans la RFC 675 [11] de d´ecembre 1974,

qui est la premi`ere description du protocole TCP, indiquent que le but du contrˆole de flux est

d’éviter la saturation des syst`emes terminaux. Dans la RFC 793 [69] de 1981, qui est la derni`ere

spécification du protocole TCP, Jon Postel identifie le contrˆole de flux comme une op´eration de

base de TCP et d´efinit le contrôle de flux de TCP comme un m´ecanisme qui empˆeche la source

d’envoyer plus de paquets que ce que le r´ecepteur peut accepter, par exemple, en fonction de

l’espace disponible dans sa file de r´eception.

Il faut attendre 1984 [56] pour que soit identifi´ee la nécessit´e d’un mécanisme de contrˆole

de congestion dans ce que l’on appelait les r´eseaux IP/TCP. En effet, John Nagle observa sur

le réseau de laFord Aerospace and Communications Corporationune très forte dégradation

des performances qu’il appelacongestion collapse. Le problème se produisait lorsque le r´eseau

était très charg´e ; une brusque augmentation de la charge pouvait conduire `a une augmenta-

tion du RTT (Round Trip Time) plus rapide que l’estimateur du RTT de TCP. Par cons´equent,

TCP retransmettait des paquets qui ´etaient déjà dans le r´eseau. Le plus surprenant est que ce

phénomène conduisait `a un état stable o`u chaque paquet ´etait transmis plusieurs fois et, par

conséquent, o`u le débit utile – débit effectivement observ´e par l’application – ´etait très faible.

D’autre part, Nagle expliqua que ce ph´enomène n’était pas encore observ´e dans l’ARPANETà

cause de la grande provision de bande passante de ce r´eseau, mais qu’uncongestion collapse

était inévitable si un m´ecanisme de contrˆole de congestion n’´etait pas utilis´e dans l’ARPANET.

Nagle introduisit la notion de congestion comme un ph´enomène interne au r´eseau qui ne pouvait

apparaˆıtre que dans un r´eseau suffisamment charg´e (phénomène rare dans l’ARPANET jusqu’en

1986). C’est `a partir de ce moment que l’on put faire une r´eelle distinction entre contrˆole de flux

et contrôle de congestion. Le contrˆole de fluxétait destin´e à éviter le débordement des files de

réception des r´ecepteurs, le contrˆole de congestion ´etait maintenant destin´e à éviter la conges-

tion dans le r´eseau, ph´enomène dû au remplissage excessif des files dans le r´eseau.

Octobre 1986, le premier de ce qui deviendra une s´erie decongestion collapsese produit.

Durant cette p´eriode, le d´ebit entre le LBL et UC Berkeley chute de 32 Kbit/s `a 40 bit/s. La

prévision de Nagle, deux ans plus tˆot, s’était vérifiée. Pour r´esoudre ce probl`eme, Van Jacobson

et Michael J. Karels propos`erent, en 1988, sept nouveaux algorithmes [39] `a introduire dans

TCP. TCP avait un m´ecanisme de contrˆole de flux, il eut en 1988 des m´ecanismes de contrˆole

de congestion. Ces m´ecanismes, qui ont donn´e des fonctionnalit´es de contrˆole de congestion `a

TCP, ont permis de pr´eserver l’internet d’un nouveaucongestion collapsejusqu’à aujourd’hui.

À partir de cette ´epoque, le contrˆole de congestion devint un ´elément fondamental des r´eseaux

best effort; sans contrˆole de congestion, le r´eseau est inutilisable. La RFC 2581 [1] sp´ecifie les

mécanismes actuels de contrˆole de congestion de TCP.

Jusqu’ici, on n’a pas donn´e de définition précise de la notion de congestion. Une d´efinition
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générale sera donn´ee dans la suite de cette th`ese (voirx 3.2.2). La définition de congestion

utilisée par TCP est li´eeà la notion de perte ; il y a congestion pour TCP d`es qu’il y a perte. Cette

définition de la notion de congestion est, cependant, restrictive et dangereuse. Restrictive, parce

qu’elle suppose que seule une perte peut ˆetre un signal de congestion : en fait, une perte n’est

que le signal d’une congestion qui a commenc´e bien avant ; dangereuse, parce qu’elle consid`ere

les pertes comme n´ecessaires, c’est le signal de congestion, et parce que des ph´enomènes autres

que la congestion peuvent produire des pertes : par exemple, des erreurs de transmission sur des

liens radios. La notion de congestion telle que d´efinie par TCP est donc imparfaite. De plus,

comme la notion de contrˆole de congestion est essentielle dans les r´eseauxbest effort, il nous a

semblé nécessaire d’´etudier le probl`eme du contrˆole de congestion dans ce type de r´eseaux.

1.3 La transmission multipoint

Les premières pierres de la transmission multipoint pour l’internet ont ´eté posées par Ste-

phen Deering, en 1988 [18], qui a propos´e plusieurs algorithmes de routage multipoint. Le

principe de la transmission multipoint est le suivant : l’algorithme de routage multipoint ´etablit

un arbre entre la source et les r´ecepteurs. La source envoie des paquets aux r´ecepteurs `a travers

cet arbre. Le gain de la transmission multipoint vient du fait que, contrairement `a la transmis-

sion pointà point où la source doit envoyer autant de copies d’un paquet qu’il y a de r´ecepteurs,

une source multipoint envoie une seule copie du paquet et c’est le r´eseau qui copiera le paquet `a

chaque fourche de l’arbre multipoint. Ce mode de transmission implique qu’il n’y aura qu’une

seule copie de chaque paquet qui passera sur chaque branche de l’arbre multipoint .

Le véritable déploiement de la transmission multipoint a commenc´e avec les d´ebuts du r´e-

seau Mbone [24, 53] (Multicast Backbone) en 1992. Les principales applications sur le Mbone

étaient – et sont encore – la vid´eo, l’audio et le tableau partag´e (whiteboard). À la diff érence du

tableau partag´e qui requiert fiabilité et cohérence temporelle, la vid´eo tolère naturellement, mais

dans une certaine mesure, les pertes et la congestion. L’audio tol`ereégalement les pertes lors-

qu’elles sont ´eparses – c’est-`a-dire lorsqu’elles peuvent ˆetre corrigées soit par un m´ecanisme de

contrôle d’erreur par anticipation utilisant de la redondance de type FEC (Foward Error Cor-

rection), soit par des m´ecanismes pr´edictifs au niveau du r´ecepteur – et la congestion lorsqu’il

est possible d’absorber la gigue par une m´emoire tampon de r´eception bien dimensionn´ee. Dans

ce contexte,(( tolérer )) signifie sans perte r´edhibitoire de satisfaction pour les utilisateurs. La

communaut´e des utilisateurs du Mbone est restreinte et(( civilisée)). Si quelqu’un utilise beau-

coup de bande passante (par exemple, pour un flux vid´eo de bonne qualit´e) à un moment o`u il

y a peu de sessions multipoints sur le Mbone, il va naturellement diminuer le d´ebit de son flux

si le nombre de sessions augmente, pour ´eviter que son flux ne p´enalise les autres sessions.

Cependant, la transmission multipoint est une id´ee beaucoup trop ambitieuse pour ˆetre confi-
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née au Mbone. Il est, par cons´equent, naturel d’´etudier comment fiabiliser la transmission mul-

tipoint et comment faire du contrˆole de congestion pour diverses applications multipoints dans

un réseaubest effortde type Internet. La fiabilit´e en multipoint est plus complexe qu’en point

à point pour deux raisons qui apparaissent principalement avec les grands groupes. Premi`e-

rement, la question de l’envoi des acquittements (feedback) est beaucoup plus complexe en

multipoint qu’en pointà point : lorsqu’un grand nombre de r´ecepteurs envoie dufeedback̀a

la source pour signaler, par exemple, une perte commune, la source peut s’´ecrouler sous le

trop grand nombre de messages (feedback implosion). Plusieurs solutions ont ´eté propos´eesà

ce problème [8, 59, 66, 32, 84]. Deuxi`emement, la question des retransmissions est ´egalement

plus complexe en multipoint qu’en point `a point . Là encore, plusieurs solutions ont ´eté propo-

sées [59, 66]. En r´esumé, la question de la fiabilit´e en multipoint a ´eté beaucoup ´etudiée et de

nombreuses solutions ´elégantes et performantes ont ´eté propos´ees.

Le contrôle de congestion multipoint est beaucoup plus complexe que le contrˆole de conges-

tion point à point car en multipoint on a une source mais plusieurs r´ecepteurs. On peut consi-

dérer un mécanisme de contrˆole de congestion point `a point comme un m´ecanisme distribu´e

qui doit optimiser l’utilisation des ressources du r´eseau. Pour faire du contrˆole de congestion

point à point, on doit non seulement tenir compte de la source et du r´ecepteur, mais aussi de

tous les autres flux exog`enesà la connexion. En effet, il faut maximiser, par exemple, le d´ebit

de sa propre connexion sans p´enaliser les autres connexions. Lorsque l’on fait du contrˆole de

congestion multipoint, on doit optimiser l’utilisation des ressources du r´eseau avec la contrainte

supplémentaire, par rapport `a la transmission point `a point, qu’il y a une corr´elation entre les

débits que re¸coivent les récepteurs d’un mˆeme groupe multipoint puisqu’ils appartiennent au

même arbre de distribution. Il n’y a pas, contrairement `a ce qu’offre TCP pour la transmission

point à point, une solution g´enérale pour le contrˆole de congestion multipoint, mais plusieurs

solutions sp´ecifiques qui seront d´etaillées dans le chapitre 2.

La transmission multipoint permet donc un gain consid´erable de bande passante et, par

conséquent, le d´eploiement de nouveaux services dans les r´eseauxbest effortcomme la diffusion

de contenu audio et vid´eo de bonne qualit´e. Même si le contrˆole de congestion multipoint est

très complexe, il est cependant n´ecessaire au d´eploiement d’applications multipoints. On va,

dans cette th`ese,étudier le probl`eme du contrˆole de congestion dans les r´eseauxbest efforten

s’orientant plus particuli`erement vers la transmission multipoint.

1.4 Organisation de la th̀ese

Cette thèse est organis´ee de la mani`ere suivante. Dans le chapitre 2 on va donner l’´etat de

l’art du contrôle de congestion pour la transmission multipoint. Dans le chapitre 3 on r´esumera

les contributions de cette th`ese avant de conclure au chapitre 4. On trouvera en annexe quatre



1.4. ORGANISATION DE LA THÈSE 25

chapitres en anglais qui correspondent aux quatre contributions de cette th`ese résumées au cha-

pitre 3. Il est conseill´e de commencer par lire le chapitre 3 pour avoir une vision globale de la

thèse, mais de lire les annexes pour connaˆıtre les détails sur une partie pr´ecise. Le chapitre 3

comprend quatre parties, chaque partie correspondant `a un chapitre plac´e en annexe. Dans la

première partie, on ´etudie les comportements pathologiques de deux protocoles de contrˆole de

congestion multipoints RLM et RLC (annexe A). Dans la deuxi`eme partie, on ´etudie de ma-

nière formelle le probl`eme du contrˆole de congestion et on introduit la notion de paradigme FS

(annexe B). Dans la troisi`eme partie, on introduit PLM, un nouveau protocole de contrˆole de

congestion multipoint bas´e sur le paradigme FS et qui surpasse tous les autres protocoles de

contrôle de congestion multipoints (annexe C). Dans la quatri`eme et derni`ere partie, on ´etudie

des mécanismes d’allocation de la bande passante entre flux multipoints et flux point `a point

dépendant du nombre de r´ecepteurs (annexe D).
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Chapitre 2

État de l’art

Le contrôle de congestion pour la transmission multipoint est le sujet d’actives recherches

depuis quelques ann´ees. Contrairement `a la transmission point `a point où un seul protocole de

contrôle de congestion peut satisfaire la grande majorit´e des utilisateurs, la transmission mul-

tipoint nécessite plusieurs types de protocoles de contrˆole de congestion en fonction du type

d’applications utilisées. On va classer ces protocoles de contrˆole de congestion multipoints en

fonction du type d’architectures utilis´ees (orient´ees source ou r´ecepteur) et du type de comporte-

ments choisis (TCP-friendlyou nonTCP-friendly), chaque architecture et chaque comportement

ayant des avantages et des inconv´enients que l’on va d´etailler dans la suite.

2.1 Architecture du protocole

2.1.1 L’architecture orientée source

Ce type d’architectures est utilis´e pour les protocoles de contrˆole de congestion point `a point

et en particulier pour TCP. Dans une architecture orient´ee source, la responsabilit´e de l’adapta-

tion du débit de la session aux conditions de congestion du r´eseau est laiss´eeà la source. Tous les

récepteurs de la session observent le mˆeme débit, celui de la source.́Etant donn´e que, en g´ené-

ral, la source doit s’adapter au r´ecepteur le plus lent, les r´ecepteurs disposant d’une plus grande

bande passante seront p´enalisés. Même dans le cas o`u la source envoie les donn´eesà un débit

supérieurà celui du récepteur le plus lent, le d´ebit unique de la session, inh´erentà l’architecture

orientée source, ne pourra pas satisfaire tous les utilisateurs en cas d’une grande h´etérogénéité

de la bande passante disponible pour chaque r´ecepteur. Par cons´equent, l’architecture orient´ee

source s’adapte mal aux groupes h´etérogènes et doit ˆetre réservée aux groupes homog`enes. On

note, cependant, que mˆeme dans le cas de groupes homog`enes, l’architecture orient´ee source

présente de nombreuses difficult´es. La corr´elation des pertes entre les r´ecepteurs [89] rend la d´e-

couverte du taux de pertes de la session multipoint complexe ; la d´ecouverte du RTT est difficile
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avec une architecture orient´ee source, mais ´egalement avec une architecture orient´ee récepteur.

On discutera de quelques probl`emes liésà la découverte du RTT `a la fin de ce paragraphe. Le

principal intérêt de cette architecture est qu’elle semble, de prime abord, plus simple `a mettre

en œuvre que l’architecture orient´ee récepteur. En effet, ce type d’architectures est bien connu

pour le problème du contrˆole de congestion point `a point et il peut sembler facile de l’´etendre `a

la transmission multipoint. Deux types de m´ecanismes doivent ˆetre consid´erés pour d´eterminer

le débit de la source dans le cas d’une l’architecture orient´ee source : les m´ecanismes orient´es

fenêtre (window-based) et les mécanismes orient´es débit (rate-based).

Golestani et al. [34] ont ´etudiés comment ´etendre ces types de m´ecanismes `a la transmission

multipoint. Ils ont montr´e que pour obtenir une ´equité de type TCP avec un m´ecanisme orient´e

débit la connaissance explicite du RTT est n´ecessaire alors que ce n’est pas le cas avec un

mécanisme orient´e fenêtre. De plus, ils ont montr´e que lorsque l’on applique un m´ecanisme

orienté fenêtreà la transmission multipoint, il est sous optimal de consid´erer la même fenêtre

pour tous les r´ecepteurs. Pour r´esoudre ce probl`eme, ils ont propos´e de maintenir une fenˆetre

par récepteur. On va, dans la suite, d´etailler ce qu’est un m´ecanisme orient´e fenêtre et ce qu’est

un mécanisme orient´e débit.

Un mécanisme orient´e fenêtre correspond au type de m´ecanismes utilis´e par TCP. Les r´e-

cepteurs acquittent chaque paquet et `a chaque fois qu’un paquet a ´eté acquitté par tous les

récepteurs, la fenˆetre d’émission est ouverte. L’inconv´enient de ce m´ecanisme est que les r´ecep-

teurs doivent acquitter chaque paquet (ACK based). Pour ´eviter une implosion de la source, le

mécanisme defeedbackdoit utiliser une structure hi´erarchique pour agr´eger les acquittements.

Le principal avantage d’un m´ecanisme orient´e fenêtre est qu’il permet de facilement imiter le

comportement de TCP et, par cons´equent, d’êtreTCP-friendly(voir x 2.2.1).Étant donn´e que

les protocoles de fiabilit´e multipoints utilisent souvent une structure hi´erarchique, un proto-

cole de contrˆole de congestion multipoint peut ˆetre couplé à un tel protocole. Le protocole de

transport multipoint fiable RMTP [66] utilise une structure hi´erarchique qui permet d’agr´eger

les acquittements (ACK) en utilisant des r´ecepteurs d´esignés (DR) charg´es de collecter les ac-

quittements pour la zone dont ils sont responsables. Chaque DR envoie des acquittements `a la

source en fonction des acquittements re¸cus des r´ecepteurs de sa zone. RMTP utilise un m´e-

canisme de contrˆole de congestion, exploitant cette structure, bas´e sur un m´ecanisme orient´e

fenêtre. D’autres protocoles sont hybrides ACK/NACK o`u les ACK sont, en g´enéral, toujours

responsables de l’ouverture de la fenˆetre, mais o`u les NACK peuvent avoir des rˆoles divers.

MTCP [73] est un protocole hybride ACK/NACK qui utilise une structure en arbre pour agr´e-

ger lefeedbackdes récepteurs, ind´ependamment de tout protocole de fiabilit´e.Étant donn´e que

les nœuds de l’arbre sont des r´ecepteurs de la session appel´essender’s agent(SA), MTCP n’a

pas besoin d’un support du r´eseau pour agr´eger lefeedback. Le protocole pgmcc [75] est ´ega-

lement hybride ACK/NACK. Les ACK permettent d’ouvrir la fenˆetre et de d´etecter les pertes
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après 3 ACK dupliqués ou apr`es un certain d´elai sans ACK, alors que les NACK permettent de

choisir le récepteur responsable d’envoyer les ACK : leacker.

Un mécanisme orient´e débit autorise la source `a envoyer un flux continu de donn´ees et c’est

le feedbackdes récepteurs, g´enéralement des acquittements n´egatifs (NACK), qui permet de

savoir quand augmenter ou diminuer le d´ebit de la source. Un m´ecanisme orient´e débit est plus

facile à mettre en œuvre que son homologue orient´e fenêtre. En effet, un m´ecanisme orient´e

fenêtre a besoin d’un m´ecanisme d’agr´egation des ACK qui est complexe `a mettre en place.

Par contre, un m´ecanisme orient´e débit peut conduire `a une implosion de la source, en cas

de congestion, due aux NACK ´emis par les r´ecepteurs. Pour r´esoudre ce probl`eme, des m´eca-

nismes de suppression des NACK sont utilis´es [8, 60]. Cependant, en diminuant la fr´equence du

feedbackon risque d’avoir une vue inconsistante de l’´etat de congestion du r´eseau ; on a ici un

compromis qui n’est pas facile `a trouver. DeLucia et al. [19] ont introduit un protocole orient´e

débit hybride ACK/NACK. Ils appellent les ACK desCongestion Clear(CC) et les NACK des

Congestion Indication(CI). Les CC sont utilis´es pour augmenter le d´ebit de la source alors que

les CI sont utilisés pour diminuer le d´ebit de la source et pour ´elire les récepteurs (representa-

tives) responsables d’envoyer les CC `a la source.

Que ce soit dans le cas d’un m´ecanisme orient´e fenêtre ou d’un m´ecanisme orient´e débit

l’ évaluation du RTT est souvent n´ecessaire, mais complexe `a faire. La connaissance du RTT

est fondamentale si le protocole veut ˆetreTCP-friendly(voir x 2.2.1). Golestani et al. [34] ont

montré qu’il fallait la connaissance explicite du RTT pour obtenir une ´equité de type TCP avec

un mécanisme orient´e débit, mais que la connaissance explicite du RTT n’´etait pas n´ecessaire

pour obtenir une ´equité de type TCP avec un m´ecanisme orient´e fenêtre, parce que le RTT est

implicitement contenu dans la boucle defeedback, comme pour TCP. En effet, TCP n’a pas

besoin de la connaissance explicite du RTT pour faire du contrˆole de congestion, il en a besoin

pour la fiabilité et éviter les retransmissions inutiles. Cependant, on a vu qu’en multipoint la

boucle defeedbacḱetait rompue. Les m´ecanismes d’agr´egation des ACK engendrent des d´elais

supplémentaires dans la boucle defeedback. Par cons´equent, mˆeme pour un protocole orient´e

fenêtre on a besoin de l’estimation explicite du RTT. Dans MTCP, Rhee et al. [73] introduisent

la notion deRelative Time Delay(RTD) qui est utilisé à la place du RTT. Le cas de pgmcc est

diff érent puisque le source ´elit un récepteur qui sera charg´e de lui envoyer les ACK. Donc la

source pgmcc n’a pas besoin de la connaissance explicite du RTT pour avoir un comportement

de sa fenˆetre d’émission qui soit compatible avec TCP. Cependant, pour ˆetre compatible avec

TCP, pgmcc doit toujours choisir commeacker le récepteur le plus lent. Or, pour connaˆıtre

ce récepteur, il faut avoir une estimation du RTT et du taux de pertes de tous les r´ecepteurs,

estimations obtenues grˆace aux acquittements n´egatifs (NACK) envoy´es périodiquement par les

récepteurs `a la source. Le r´ecepteur le plus lent est choisi en comparant les r´ecepteurs avec

une fonction en 1

RTT�
p

loss
. Cependant, les m´ecanismes de suppression des NACK rendent
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l’estimation du RTT approximative.

2.1.2 L’architecture orientée ŕecepteur

L’architecture orient´ee récepteur implique que c’est aux r´ecepteurs de d´ecider s’il faut aug-

menter ou diminuer le d´ebit. Cette architecture a ´eté rendue possible grˆace au support des pro-

tocoles de routage multipoints [18, 16, 17]. La source envoie les donn´ees en les d´ecoupant en

couches cumulatives et en envoyant chaque couche dans un groupe multipoint diff´erent. La prin-

cipale propriété d’un découpage en couches cumulatives est qu’`a chaque fois que l’on ajoute

une couche, on augmente le d´ebit. Chaque r´ecepteur recevra le mˆeme contenu, mais `a des vi-

tesses diff´erentes en fonction du nombre de groupes multipoints – on utilise ´egalement le terme

coucheà la place de groupe multipoint – auxquels il est abonn´e. Dans lex 3.1.1 on introduira

l’architecture orient´ee récepteur et la notion de couches cumulatives dans le contexte des proto-

coles RLM [55] et RLC [87]. Les r´ecepteurs utilisent un m´ecanisme de d´ecouverte de la bande

passante pour connaˆıtre l’état de congestion de r´eseau et ils s’abonnent ou se d´esabonnent `a

des couches en fonction de cet ´etat. L’avantage de cette architecture est que, contrairement `a

l’architecture orient´ee source, chaque r´ecepteur peut utiliser la bande passante qu’il existe sur

le chemin entre la source et lui. Cependant, cette architecture requiert un codage `a la source

pour obtenir les couches cumulatives et la granularit´e des couches ne permet pas d’exactement

utiliser toute la bande passante entre la source et chaque r´ecepteur. De plus, les abonnements

et désabonnements aux couches g´enèrent de la signalisation au niveau du protocole de routage

multipoint. Cette architecture est parfaitement adapt´eeà la diffusion de contenus multim´edias

à un large groupe h´etérogène d’utilisateurs, mais peut ´egalement ˆetre utilisée pour la distribu-

tion de donn´ees [86]. Peu de protocoles utilisent cette architecture, principalement RLM [55]

et RLC [87]. Linda Wu et al. [88] ont introduit un nouveau protocole de contrˆole de congestion

multipoint orienté récepteur et bas´e sur l’utilisation de couches fines (ThinStreams) qui permet

de découpler le contrˆole de congestion du codage des donn´ees multimédias. Turletti et al. [85]

ont introduit une version de RLM compatible avec TCP (on donnera quelques d´etails sur ce

protocole un peu plus loin). Rubenstein et al. [77] ont discut´e de l’impact sur l’équité d’une

architecture orient´ee récepteur coupl´ee avec l’envoi des donn´ees en couches cumulatives. Ils

ont montré que cette architecture permettait d’obtenir plusieurs types d’´equité et en particulier

l’ équité max-min [5].

Sisalem et al. [80] ont introduit MLDA, un protocole hybride orient´e source/orient´e récep-

teur. Ce protocole se comporte comme un protocole orient´e récepteur classique, mais, p´eriodi-

quement, la source collecte des informations sur la bande passante que voient les r´ecepteurs et

ajuste la distribution des couches en fonction de ces informations.
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2.2 Comportement du protocole

2.2.1 Le comportementTCP-friendly

Le comportementTCP-friendly implique que le d´ebit de la session doit ˆetre conforme `a

ce qu’utiliserait un flux TCP dans les mˆemes conditions. Plusieurs approximations du d´ebit de

TCP ontété introduites [54, 64] ; cependant, l’´equation introduite par Padhy [64] est la seule

qui fournisse toujours une bonne approximation du d´ebit d’un flux TCP même pour les forts

taux de pertes. Le d´ebit d’un flux TCP est toujours fonction du RTT (Round Trip Time) et

du taux de pertes en 1

RTT�
p

loss
. Par cons´equent, la principale contrainte lorsque l’on veut

être TCP-friendlyest de connaˆıtre le RTT et le taux de pertes. La notion de RTT dans une

session multipoint est mal d´efinie. En effet, le RTT entre la source et chaque r´ecepteur peut ˆetre

diff érent.

PourêtreTCP-friendly, dans le cas d’une architecture orient´ee source, il faut s’adapter au

récepteur le plus lent. Ce dernier est choisi d’apr`es une fonction en 1

RTT�
p

loss
. Il suffit, donc,

de connaˆıtre le RTT et le taux de pertes entre la source et ce r´ecepteur. Cependant, on a vu au

x 2.1.1 que l’estimation du RTT et du taux de pertes n’´etaient pas facile. Les protocoles pgmcc

[75] et MTCP [73] sont des protocoles orient´es source avec un comportementTCP-friendly.

MLDA [80] est également un protocoleTCP-friendlyqui est hybride orient´e source/orient´e

récepteur.

Dans le cas d’une architecture orient´ee récepteur, chaque r´ecepteur peut adapter son d´ebit à

l’ état de congestion du r´eseau. Par cons´equent, chaque r´ecepteur devra connaˆıtre le RTT entre la

source et lui. Un des avantages de l’architecture orient´ee récepteur est qu’elle ne n´ecessite pas

defeedbackentre les r´ecepteurs et la source. Cet avantage devient un inconv´enient lorsque l’on

veut que le protocole soitTCP-friendly; en effet, lorsqu’il n’existe pas une boucle compl`ete

de feedback, c’est-à-dire lorsque la source envoie un paquet au r´ecepteur et que le r´ecepteur, `a

la réception du paquet, renvoie un paquet `a la source, il est impossible de d´eterminer le RTT.

Dans ce cas, on doit ajouter un m´ecanisme sp´ecifique pour obtenir ce RTT. Dans le cas de liens

symétriques, le OTT (One Trip Time), qui représente le temps que met un paquet pour aller de la

source au r´ecepteur, peut donner une bonne approximation du RTT en prenant RTT= 2 �OTT.

Turletti et al. [85] ont introduit une versionTCP-friendlydu protocole RLM. Ils expliquent que

le plus difficile pour rendre RLMTCP-friendlyest d’avoir un bonne estimation du RTT. Pour

cela, ils proposent trois solutions et discutent les m´erites respectifs de ces solutions.

2.2.2 Le comportement nonTCP-friendly

Si le débit d’une session n’est pas une fonction en 1

RTT�
p

loss
et, plus généralement, si le

débit ne suit pas les ´equations donn´ees en [54, 64], cette session n’a pas un comportementTCP-
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friendly. Un protocole qui n’est pasTCP-friendlyest difficile à déployer dans l’internet parce

qu’un tel protocole peut ´enormément pénaliser les flux TCP. Cependant, certains protocoles

essaient de suivre un comportement de type TCP sans pour autant ˆetreTCP-friendly. C’est le

cas, notamment, de RLC [87] qui est un protocoleTCP-likemais pasTCP-friendly. RLC est

TCP-likeparce que le d´ebit entre la source et un r´ecepteur donn´e diminue de mani`ere exponen-

tielle en cas de pertes sur le chemin entre la source et ce r´ecepteur,(( à la manière de TCP)) ;

cependant, il ne peut pas ˆetre TCP-friendly parce qu’il est ind´ependant du RTT.

Le principal avantage d’un protocole nonTCP-friendlyest qu’il devraitêtre plus facile `a

concevoir et plus efficace. En effet, sans la contrainte d’avoir un d´ebit en 1

RTT�
p

loss
le proto-

cole peutêtre plus efficace parce qu’il peut ˆetre beaucoup plus agressif que TCP. Cependant,

en pratique, le probl`eme est beaucoup plus complexe. Le comportementTCP-friendlyrègle le

débit de la session, mais garantit, ´egalement, l’´equité et la stabilité du protocole. Par cons´e-

quent, en suivant une seule ´equation on garantit trois propri´etés fondamentales pour un proto-

cole de contrˆole de congestion. Lorsque le protocole n’est pasTCP-friendly, on doit trouver

de nouveaux m´ecanismes pour garantir ces propri´etés. Le protocole RLM [55] est un exemple

des problèmes qui se posent avec les protocoles nonTCP-friendly. Ce protocole n’est niTCP-

friendly, ni TCP-likeet on va voir aux 3.1 qu’il n’est ni stable, ni ´equitable, ni tr`es efficace. Une

des contributions majeures de cette th`ese est de d´ecrire un cadre formel pour la conception de

nouveaux protocoles de contrˆole de congestion qui ne soient pasTCP-friendlymais qui soient

beaucoup plus efficace qu’un protocoleTCP-friendly(voir x 3.2). Une autre contribution ma-

jeure est d’avoir con¸cu, dans ce cadre formel, un nouveau protocole de contrˆole de congestion

multipoint orienté récepteur qui surpasse largement tous les autres protocoles de contrˆole de

congestion multipoints orient´es récepteur (voirx 3.3).

2.3 Conclusion

On a vu qu’il existait une grande vari´eté de protocoles de contrˆole de congestion multipoints,

chaque type de protocoles ayant des avantages et des inconv´enients. Le tableau 2.1 r´ecapitule

les propriétés de quelques protocoles de contrˆole de congestion multipoints.

On peut finalement noter que certains travaux ne portant pas sur les protocoles de contrˆole

de congestion multipoints, mais portant sur le probl`eme du contrˆole de congestion en g´enéral

ont inspiré notre travail. Lefelhocz et al. [46] ont discut´e de la nécessit´e d’avoir un nouveau

paradigme pour le contrˆole de congestion. Ils propos`erent quatre m´ecanismes n´ecessaires au

contrôle de congestion : ordonnancement, gestion du d´ebordement des files d’attente,feedback

et mécanisme d’adaptation aux syst`emes terminaux. Cependant, leur ´etude reste informelle et ne

présente pas de solutions pour la conception de nouveaux protocoles de contrˆole de congestion.

Shenker [79] applique la th´eorie des jeux `a l’étude du contrˆole de congestion. Il montre que l’on
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RLM RLC MLDA pgmcc MTCP

orienté source + + +

orienté récepteur + + +

TCP-friendly + +

TCP like +

TAB. 2.1 –Quelques protocoles de contrˆole de congestion multipoints et leurs principales ca-

ractéristiques.

peut obtenir des propri´etés intéressantes pour un protocole de contrˆole de congestion avec des

utilisateurségoı̈stes et non collaborant si l’on a une fonction d’allocation de la bande passante

qui soitéquitable (fair share allocation function). Cetteétude est rest´ee beaucoup trop abstraite

pour s’appliquer `a un problème concret. La th`ese de Keshav [44] nous a fourni une solide base

de travail. Keshav a introduit l’utilisation deFair Queueing(FQ) pour le contrˆole de congestion

point à point. Il aégalement introduit la technique de l’envoi des paquets par paire appliqu´ee

au contrôle de congestion point `a point. Cependant, alors que Keshav pr´esentait une solution

pour un protocole de contrˆole de congestion point `a point, nous allons, dans la suite, ´etudier

le problème du contrˆole de congestion d’un point de vue g´enéral et ensuite appliquer cette

étudeà la conception d’un nouveau protocole de contrˆole de congestion multipoint. On peut

considérer une partie de cette th`ese, en particulier lesx 3.2 etx 3.3, comme une g´enéralisation

du travail de Keshav. D’autres auteurs ont ´etudié le problème du contrˆole de congestion, mais

d’un point de vue tr`eséloigné du notre. Kelly [43, 42] a ´etudié l’impact de la facturation d’un

service (pricing) sur l’équité et la stabilité du réseau. Balakrishnan et al. ont introduit la notion

Congestion Manager(CM) qui est responsable de fournir aux applications les informations

nécessaires `a leur adaptation aux conditions de congestion du r´eseau.
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35

Chapitre 3

Contributions de la thèse

Ce chapitre est divis´e en quatre parties, chaque partie ´etant le résumé d’un chapitre plac´e en

annexe. On va insister, ici, sur l’articulation logique entre chaque partie ; articulation n´ecessaire

pour former une th`ese coh´erente. La premi`ere partie pr´esente une ´etude des comportements pa-

thologiques de deux protocoles de contrˆole de congestion multipoints `a couches cumulatives et

orientés récepteur : RLM [55] et RLC [87]. Il est cependant extrˆemement difficile de corriger

les comportements pathologiques de ces protocoles dans le contexte actuel de l’internet. On a

alors réfléchi au probl`eme du contrˆole de congestion dans le contexte plus g´enéral des r´eseaux

best effort. Ceci nous a conduit `a redéfinir la notion de congestion, puis d´efinir les propriétés

requises par un protocole de contrˆole de congestion id´eal et enfin d´efinir un nouveau paradigme

pour la conception de protocoles de contrˆole de congestion presque id´eaux. On a introduit `a cet

effet le paradigmeFair Schedulerou paradigme FS. L’approche que l’on a utilis´ee pour d´efinir

ce nouveau paradigme est purement formelle. Pour valider cette approche th´eorique du contrˆole

de congestion, on a con¸cu, grâce au paradigme FS, un nouveau protocole de contrˆole de conges-

tion multipointà couches cumulatives et orient´e récepteur : PLM. Ce protocole surclasse RLM

et RLC. Comme le paradigme FS permet de concevoir des protocoles de contrˆole de congestion

multipoints et point `a point, on s’est pos´e la question suivante :(( Comment allouer la bande

passante entre un flux multipoint qui poss`ede un million de r´ecepteurs et un flux point `a point

avec un seul r´ecepteur?)) On a donn´e une réponse rigoureuse et originale en introduisant une

nouvelle politique d’allocation de la bande passante qui tient compte du nombre de r´ecepteurs.

De plus, cette politique s’int`egre parfaitement dans la disciplineFair Scheduler, mécanisme de

base du paradigme FS.
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3.1 Comportements pathologiques de RLM et RLC

3.1.1 Introduction

Le problème du contrˆole de congestion pour la transmission multipoint est ardu. Pour avoir

une idée précise des probl`emes liés au contrˆole de congestion multipoint, nous allons ´etudier,

dans cette partie, deux protocoles de contrˆole de congestion multipoints populaires RLM [55] et

RLC [87]. L’étude de ces protocoles ne pr´etend pas couvrir de mani`ere exhaustive les probl`emes

li és au contrˆole de congestion multipoint, mais elle va permettre d’identifier quelques probl`emes

fondamentaux qui vont orienter notre ´etude.

RLM et RLC sont deux protocoles de contrˆole de congestion multipoints `a couches cu-

mulatives et orient´es récepteur. Encoder et d´ecouper des donn´ees multimédias enn couches

cumulativesL1; � � � ; Ln signifie que chaque sous ensemblefL1; � � � ; Ligi�n a le même contenu

mais avec une qualit´e qui augmente aveci. Ce genre de codage est parfaitement adapt´e au

contenu audio et vid´eo. Une fois que l’on a une organisation en couches cumulatives des don-

nées multimédias, il est ais´e d’envoyer chaque couche dans un groupe multipoint diff´erent. Dans

la suite, on utilisera indiff´eremment la terminologiegroupe multipointetcouchepour désigner

un groupe multipoint qui transporte une seule couche. Ce type de d´ecoupage et d’´emission

du contenu multim´edia est tr`es efficace lorsqu’il est utilis´e avec un protocole de contrˆole de

congestion multipoint orient´e récepteur. Pour un tel protocole, la source a un rˆole passif. Elle

envoie simplement chaque couche dans un groupe multipoint diff´erent. Le récepteur s’abonne

ou se désabonne aux couches en se basant sur sa connaissance de la bande passante disponible

pour le flux qu’il reçoit. Cette connaissance lui est fournie par un m´ecanisme de d´ecouverte de

la bande passante disponible. C’est ce m´ecanisme qui d´etermine les propri´etés du protocole.

Un protocole de contrˆole de congestion multipoint utilisant des couches cumulatives et

orienté récepteur est actuellement la solution la mieux adapt´ee à la distribution de contenu

multimédiaà un groupe h´etérogène de r´ecepteurs. Steven McCanne et al. ont ´eté les premiers

à introduire un protocole de contrˆole de congestion multipoint `a couches cumulatives et orient´e

récepteur, RLM [55]. Le comportement de RLM est d´eterminé par une machine `a états finis

dont les transitions sont d´eclenchées par des expirations detimersou par la détection de pertes.

Pourêtre robuste `a l’augmentation du nombre de r´ecepteurs, le m´ecanisme dushared learning

a été ajouté. On détaillera aux 3.1.2.1 les différents m´ecanismes de RLM. McCanne et al. ´eva-

luèrent RLM pour des sc´enarios simples. Ils trouv`erent qu’il n’y a pas d’´equité entre les sessions

RLM. Bajaj et al. [2] explorèrent les avantages respectifs des pertes de paquets uniformes et des

pertes de paquets avec priorit´es au niveau des files d’attente du r´eseau dans le contexte de la

transmission de vid´eo en couches. Ils trouv`erent que le comportement de RLM ´etait satisfaisant

excepté dans certains cas extrˆemes de trafic ´emis en rafale. Gopalakrishnan et al. [35] ´etudièrent

le comportement de RLM pour des couches VBR (Variable Bit Rate). Ils trouvèrent une grande



3.1. COMPORTEMENTS PATHOLOGIQUES DE RLM ET RLC 37

instabilité de RLM, une faible utilisation de la bande passante ainsi qu’un manque d’´equité.

Vicisano introduisit une versionTCP-likede RLM appelée RLC [87]. Elle est bas´e sur la

génération périodique, par la source, de rafales de paquets qui sont utilis´ees pour la d´ecouverte

de la bande passante, et sur des points de synchronisation utilis´es par les r´ecepteurs pour sa-

voir quand ajouter une couche. On dit que RLC estTCP-like(par opposition `a TCP-friendly)

parce que la distribution du d´ebit des couches est exponentielle. Lorsqu’un r´ecepteur quitte une

couche suite `a de la congestion, il y a une diminution exponentielle du d´ebit à la manière de

TCP (TCP-like). Par contre, RLC ´etant indépendant du RTT, il ne peut ˆetreTCP-friendly. Vici-

sano et al. ont trouv´e que RLC pouvait ˆetre nonéquitable avec TCP pour des grandes tailles de

paquets. On n’a pas connaissance d’autres ´etudes sur RLC.

On voit que, d’apr`es lesétudes pr´ecédentes, RLM et RLC semblent se comporter raisonna-

blement bien except´e dans certains cas particuliers. On va cependant montrer que mˆeme dans

des sc´enarios simples, ces deux protocoles ont des comportements pathologiques fondamen-

taux. Les probl`emes rencontr´es sont pathologiques parce qu’ils diminuent fortement les per-

formances des protocoles ; ils sont fondamentaux parce qu’ils sont inh´erents aux protocoles et

ne peuvent pas ˆetre corrigés par un simple ajustement de param`etres. On note que la notion de

comportement pathologique est li´eeà un environnement de type Internet. En effet, dans certains

environnements simplifi´es (bande passante garantie, pas d’interaction avec d’autres protocoles,

etc.) RLM et RLC pourraient fonctionner correctement. Cependant, la finalit´e est d’avoir un

protocole qui permette le d´eploiement d’un service multipoint dans l’internet.

3.1.2 Les comportements pathologiques de RLM

RLM (Receiver-driven Layered Multicast) [55] a été introduit par Steven McCanne et al.

en 1996. RLM est un protocole de contrˆole de congestion multipoint `a couches cumulatives et

orienté récepteur pour la diss´emination de contenu vid´eoà un groupe h´etérogène de r´ecepteurs.

3.1.2.1 Rappels sur RLM

Une source RLM encode en couches cumulatives le flux vid´eo et envoie chaque couche dans

un groupe multipoint diff´erent. En fait, toute la(( machinerie)) du protocole est au niveau du

récepteur. Celui-ci s’abonne ou se d´esabonne `a des groupes multipoints en fonction de la bande

passante disponible ou de la congestion du r´eseau. Ainsi, chaque r´ecepteur peut s’adapter `a l’état

de congestion du r´eseau sur le chemin entre la source et lui. Le comportement d’un r´ecepteur

RLM est déterminé par une machine `a états finis dont les transitions sont d´eclenchées par des

expirations detimersou par la détection de pertes.

Dire qu’un récepteur fait unjoin-experimentsignifie qu’il ajoute exp´erimentalement une

couche et regarde si cette couche produit de la congestion. Si elle produit de la congestion, il
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n’y a pas assez de bande passante pour recevoir cette couche. Alors le r´ecepteur quitte cette

couche, on dit que lejoin-experimentaéchoué. Si elle ne produit pas de congestion, il y a assez

de bande passante pour recevoir cette couche et le r´ecepteur conserve son abonnement `a cette

couche, on dit que lejoin-experimenta réussi. Un r´ecepteur RLM maintient deuxtimers: un

join-timerTj et undetection-timerTd. Le join-timerdéfinit la fréquence desjoin-experiments, le

detection-timerest une estimation du temps jug´e nécessaire pour d´ecider si unjoin-experiment

a réussi. Le m´ecanisme de d´ecouverte de la bande passante est le suivant : un r´ecepteur fait un

join-experimenttous lesTj unités de temps et d´ecide que lejoin-experimenta réussi s’il n’a

pas observ´e de pertes durant un intervalle de tempsTd après le début dujoin-experiment. S’il

observe des pertes durant cet intervalle de temps, il juge que lejoin-experimenta échoué et

augmente lejoin-timer correspondant `a la couche qui n’a pas pu ˆetre ajoutée. Si le récepteur

observe des pertes en dehors d’unjoin-experiment, il va entrer dans un ´etathysteresisqui est

destiné à absorber les p´eriodes transitoires de congestion. Apr`es une p´eriodeTd dans cet ´etat,

le récepteur mesure le taux de pertes et quitte une couche si le taux de pertes est sup´erieurà un

seuil de 25%. Un r´ecepteur ne peut cependant quitter qu’une seule couche par p´eriodeTd.

Ce mécanisme de d´ecouverte de la bande passante ne fonctionne pas correctement lorsque

l’on augmente le nombre de r´ecepteurs. Pour r´esoudre ce probl`eme McCanne et al. ont introduit

le shared learning: lorsqu’un récepteur fait unjoin-experiment, il en notifie le groupe entier en

envoyant un message indiquant la couche ajout´ee expérimentalement. Tous les r´ecepteurs apr`es

avoir reçu ce message annuleront leursjoin-experimentsaux couches sup´erieures `a celle annon-

cée. L’idée est d’éviter une congestion due `a un join-experiment̀a une couche sup´erieure qui

serait mal interpr´etée par unjoin-experiment̀a une couche inf´erieure qui se d´eroule au mˆeme

moment. Tous les r´ecepteurs observant de la congestion durant unjoin-experimentannoncé vont

déduire que cejoin-experimenta échoué et vont augmenter leurTj pour la couche correspon-

dante.

3.1.2.2 Comportements pathologiques de RLM

On ne fait, dans ce paragraphe, que r´esumer nos r´esultats : tous les d´etails sur les comporte-

ments pathologiques de RLM peuvent ˆetre trouvés en annexe A.3. On a trouv´e cinq mécanismes

qui conduisent `a des comportements pathologiques :

– la valeur minimale dujoin-timerdéfinit une borne inf´erieureà la vitesse de convergence

de RLM. En effet, un r´ecepteur ne peut ajouter qu’une seule couche tous lesTj. Cepen-

dant, cette valeur minimale dujoin-timerest le résultat d’un compromis entre vitesse de

convergence et congestion due auxjoin-experiments. Il est par cons´equent très difficile

d’en trouver une valeur optimale.
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– le grand seuil de pertes (fix´e par McCanne `a 25%) peut conduire `a un taux de pertes

trèsélevé. En effet, un taux de pertes persistant de 24% ne sera pas suffisant pour qu’un

récepteur quitte une couche. D’autre part, ce grand seuil rend RLM tr`es agressif avec TCP.

On observe ce comportement agressif lorsque RLM est d´ejà abonn´e à plusieurs couches ;

dans ce cas, les flux TCP sont incapables de produire suffisamment de congestion pour

que RLM quitte des couches et lib`ere ainsi de la bande passante. Cependant, le seuil de

pertes est un compromis entre comportement r´eactif et conservateur en cas de pertes. Il

faut souligner que RLM a ´eté conçu pour la vidéo, application peu sensible aux pertes

mais très sensible aux fr´equents changements de qualit´e caract´erisés par des oscillations

des abonnements aux couches. Par cons´equent, RLM doit ˆetre conservateur en cas de

pertes.

– le mécanisme dushared learningconduità une synchronisation des r´ecepteurs. En effet,

un récepteur qui fait unjoin-experimentempêche unjoin-experimentdes autres r´ecepteurs

à une couche plus ´elevée. Par cons´equent, l’abonnement aux couches des r´ecepteurs se

fait par palier. Cependant, leshared learningest un composant principal de RLM et le

modifier reviendrait `a refondre enti`erement RLM.

– le mécanisme dejoin-experimentrend RLM très conservateur avec TCP. En effet, un

récepteur RLM ne peut ajouter une couche que s’il ne voit pas de pertes durant toute

la durée dujoin-experiment, c’est-à-dire pendant une p´eriodeTd. Or, lorsque RLM par-

tage un goulot d’´etranglement avec TCP, `a cause des pertes p´eriodiques engendr´ees par

TCPà la fin de chaque cycle, RLM ne peut jamais ajouter de couche. Le m´ecanisme de

join-experimentest un composant principal de RLM et il est tr`es difficile de modifier ce

mécanisme sans enti`erement modifier RLM.

– RLM est très conservateur en cas de pertes. En effet, un r´ecepteur ne peut quitter qu’une

couche par p´eriode deTd secondes. Le r´esultat est un tr`es fort taux de pertes transitoires en

cas de forte congestion ; par exemple, lorsqu’il faut quitter deux couches afin de s’adapter

à la bande passante disponible, il faudra au minimum2 � Td secondes pour quitter ces

deux couches.

On a donc identifi´e plusieurs comportements pathologiques de RLM dus `a des m´ecanismes

propresà RLM. On aégalement vu que ces m´ecanismes ´etaient très difficilesà modifier pour

éviter les comportements pathologiques. On peut noter cependant qu’un m´ecanisme efficace de

découverte de la bande passante pourrait r´esoudre tous les probl`emes, sauf celui de synchroni-

sation des r´ecepteurs dˆu aushared learning.
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3.1.3 Les comportements pathologiques de RLC

RLC [87] a été introduit par Lorenzo Vicisano et al. en 1998. RLC est un protocole de

contrôle de congestion multipoint `a couches cumulatives et orient´e récepteur. Cependant, `a la

diff érence de RLM, RLC a ´eté propos´e pour l’audio, la vid´eo et le transfert de fichiers.

3.1.3.1 Rappels sur RLC

Une source RLC encode en couches cumulatives les donn´ees et envoie chaque couche dans

un groupe multipoint diff´erent. Le d´ebit de chaque couche est distribu´e de mani`ere exponen-

tielle. Le mécanisme de d´ecouverte de la bande passante de RLC est bas´e sur la génération

périodique, par la source, de rafales de paquets qui sont utilis´ees pour la d´ecouverte de la bande

passante au niveau de chaque r´ecepteur. La source double son d´ebit sur une p´eriode de temps

courte et fixe. Cette p´eriode d’augmentation du d´ebit est immédiatement suivie d’une p´eriode

silencieuse, de telle sorte que, en moyenne, le d´ebit est constant. Le but de ces rafales de pa-

quets périodiques est de simuler l’ajout d’une couche pour une courte p´eriode de temps. Si la

file d’attente du goulot d’´etranglement d´eborde avec cette rafale, il n’y a pas assez de bande

passante disponible pour ajouter cette nouvelle couche ; dans le cas contraire, le r´ecepteur peut

ajouter une nouvelle couche. L’avantage mis en avant par les auteurs de RLC de ce m´ecanisme

de découverte de la bande passante bas´e sur des rafales p´eriodiques, par rapport `a un méca-

nisme de d´ecouverte de la bande passante bas´e sur desjoin-experimentscomme pour RLM est

que les rafales produisent moins de congestion dans le r´eseau que lesjoin-experiments. En effet,

comme la dur´ee d’une rafale est courte et de taille fixe, la congestion induite par cette rafale,

s’il n’y a pas assez de bande passante pour ajouter une nouvelle couche, sera courte et de taille

fixe ; à l’inverse, la congestion induite par unjoin-experimentdépend du temps que le r´ecepteur

va mettreà découvrir qu’il y a congestion et du temps qu’il va mettre `a quitter cette couche

expérimentale. On va voir, aux 3.1.3.2, que le m´ecanisme de d´ecouverte de la bande passante

basé sur des rafales p´eriodiques ne fonctionne pas.

RLC possèdeégalement un m´ecanisme de synchronisation des abonnements des r´ecepteurs

aux couches bas´e sur des points de synchronisation – un bit sp´ecial dans un paquet de donn´ees.

Il y a sur chaque couche des points de synchronisation espac´es proportionnellement `a la bande

passante de la couche. Ces points sont plac´esà la fin d’une rafale et un r´ecepteur ne peut ajouter

une couche que lorsqu’il re¸coit un point de synchronisation. Ils permettent de synchroniser les

abonnements aux couches et d’´eviter ainsi des sous utilisations de la bande passante ou des

divergences de comportement dues `a des récepteurs abonn´esà des couches diff´erentes mais qui

partagent le mˆeme goulot d’étranglement.

Le mécanisme de d´ecouverte de la bande passante au niveau d’un r´ecepteur est le suivant :

– un récepteur ajoute une couche lorsqu’il re¸coit un point de synchronisation et qu’il n’a
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pas détecté de pertes durant la rafale pr´ecédent ce point de synchronisation ;

– un récepteur quitte une couche d´es qu’il détecte une perte. Cependant, un r´ecepteur ne

peut quitter plus d’une couche pardeaf period. Unedeaf periodest une p´eriode de taille

fixe qui sertà éviter les désabonnements de couches en cascade. Elle ne peut pas ˆetre

ajustée dynamiquement durant la session.

Dés qu’un récepteur d´etecte une perte, il quitte une couche, avec la contrainte d’une couche

maximum pardeaf period; comme les couches sont distribu´ees de mani`ere exponentielle, le

récepteur va diminuer son d´ebit de mani`ere multiplicative en cas de pertes, `a la manière de TCP.

C’est de là que vient la d´enominationTCP-likede RLC. Par contre, RLC ´etant indépendant du

RTT il ne peut pas ˆetreTCP-friendly.

3.1.3.2 Comportements pathologiques de RLC

On va résumer dans ce paragraphe nos r´esultats ; les d´etails peuvent ˆetre trouvés en an-

nexe A.4. On a trouv´e trois mécanismes qui conduisent `a des comportements pathologiques de

RLC :

– le mécanisme de d´ecouverte de la bande passante, bas´e sur la génération de rafales p´e-

riodiques de paquets, ne fonctionne pas. En effet, pour fonctionner, ce m´ecanisme devrait

simuler l’ajout d’une couche pendant une p´eriode suffisamment longue pour qu’il y ait

des pertes au niveau du goulot d’´etranglement, s’il n’y avait pas assez de bande passante

pour ajouter cette nouvelle couche. Or les rafales sont p´eriodiques et de taille fixe. En pra-

tique, ces rafales ne font jamais d´eborder le goulot d’´etranglement. Par cons´equent, les

récepteurs ne d´ecouvrent pas la bonne bande passante disponible et ajoutent une couche

alors qu’il n’y a pas assez de bande passante. Cette couche va cr´eer de la congestion dans

le réseau et le r´ecepteur va quitter cette couche. Cependant, comme les rafales sont p´e-

riodiques, ce ph´enomène va se reproduire continuellement. En outre, il est tr`es difficile

d’améliorer ce mécanisme de d´ecouverte de la bande passante. En effet, le seul moyen se-

rait d’avoir un mécanisme qui permette de d´ecouvrir la durée nécessaire des rafales pour

faire déborder le goulot d’´etranglement – en supposant que la source puisse effectivement

modifier la durée des rafales –, ce qui reviendrait `a avoir un mécanisme de d´ecouverte de

la bande passante suppl´ementaire.

– la distribution des points de synchronisation dans RLC peut s´erieusement ralentir la vi-

tesse de convergence des r´ecepteurs. En effet, les points de synchronisation `a la couche

i+ 1 sont un sous ensemble des points de synchronisation `a la couchei. Par cons´equent,

périodiquement de 2 jusqu’`an (s’il y a n couches) points de synchronisation seront syn-

chronisés ; c’est-à-dire que l’abonnement `a 2 jusqu’àn couches (en fonction du nombre
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de points de synchronisation synchronis´es) sera possible au mˆeme moment. Cependant,

s’il y a i points de synchronisation synchronis´es et qu’il y a assez de bande passante pour

i� 1 couches mais pas pouri, alors la rafale de la couchei va produire des pertes. Tous

les récepteurs en aval du mˆeme goulot d’étranglement vont d´eduire qu’ils ne peuvent pas

ajouter une couche sup´erieure, quelle que soit cette couche. Ce probl`eme est difficile `a

corriger car il implique de modifier la distribution des points de synchronisation. Mˆeme en

décalant légèrement les points de synchronisation, le probl`eme persiste puisqu’un r´ecep-

teur ne peut ajouter une couche que s’il n’a pas d´etecté de congestion depuis la derni`ere

rafale précédent ce point de synchronisation.

– le comportementTCP-likede RLC est dˆu, comme on l’a vu, `a la distribution exponentielle

des couches. Cependant, comme RLC est ind´ependant du RTT, il obtient une tr`es faible

fraction de la bande passante disponible lorsqu’il partage le goulot d’´etranglement avec

des connexions TCP ayant un petit RTT. L`a encore, le probl`eme est difficile `a corriger.

Une solution serait d’avoir une estimation du RTT. Mais premi`erement, la notion de RTT

est mal définie pour la transmission multipoint ; deuxi`emement, ´etant donn´e que RLC est

orienté récepteur (la source ne re¸coit pas defeedbackdes récepteurs), il est impossible

pour la source (ou le r´ecepteur) d’avoir une estimation du RTT.

On a identifié pour RLC plusieurs comportements pathologiques. Comme pour RLM, un

mécanisme efficace de d´ecouverte de la bande passante pourrait r´esoudre tous les probl`emes –

sauf celui des points de synchronisation.

3.1.4 Conclusion

L’ étude des comportements pathologiques de RLM et RLC nous a permis de mettre en

évidence plusieurs r´esultats fondamentaux. Il ´etait couramment admis que RLM et RLC souf-

fraient de quelques faiblesses. Cependant, ces protocoles ´etaient suppos´es pouvoir, au moins

temporairement, offrir un service de contrˆole de congestion pour la transmission multipoint.

On a montré qu’en fait ces deux protocoles souffraient de probl`emes fondamentaux qui ren-

daient leur d´eploiement irréaliste. On a vu, de plus, que le probl`eme majeur commun aux deux

protocoles ´etait un mécanisme de d´ecouverte de la bande passante qui ne remplit pas sa tˆache.

Cependant, on ne peut pas corriger les comportements pathologiques des m´ecanismes de d´ecou-

verte de la bande passante par un simple ajustement de param`etres. De plus, dans le contexte

actuel de l’internet, il est difficile d’am´eliorer significativement ces m´ecanismes de d´ecouverte

de la bande passante. Plutˆot que de se cantonner `a essayer d’am´eliorer de mani`ere empirique

ces mécanismes de d´ecouverte de la bande passante, on a d´ecidé de s’interroger sur la raison

profonde de la difficult´e de créer des protocoles de contrˆole de congestion dans le contexte ac-

tuel de l’internet et, en particulier, sur la possibilit´e d’ajouter des m´ecanismes dans l’internet –



3.2. LE PARADIGMEFAIR SCHEDULER 43

sansêtre en violation avec ses concepts de base – pour faciliter la conception de protocoles de

contrôle de congestion et am´eliorer leur performance.

L’ étude du contrˆole de congestion prend ses racines dans la d´efinition même de congestion.

Comment d´efinir un protocole de contrˆole de congestion, c’est-`a-dire un protocole destin´e à

éviter la congestion, si l’on n’a pas de d´efinition précise de la notion de congestion? La d´efini-

tion couramment admise pour la congestion est le d´ebordement d’une file d’attente. Cependant,

cette définition nous semble peu satisfaisante. Comment d´efinir un protocole de contrˆole de

congestion si l’on ne sait pas quelles propri´etés il doit avoir? Parmi les propri´etés couramment

admises comme souhaitables on trouve l’´equité et l’efficacité. Cependant, comment d´efinir ces

propriétés ? Par exemple, quand un protocole est-il efficace ? Ces propri´etés sont-elles suffi-

santes? Peut-on d´efinir des règles qui permettent de concevoir des protocoles de contrˆole de

congestion efficaces? C’est `a toutes ces questions que l’on va r´epondre dans la suite de cette

thèse.

3.2 Le paradigmeFair Scheduler

3.2.1 Introduction

On définit un paradigme pour le contrˆole de congestion comme un mod`ele pour concevoir

des protocoles de contrˆole de congestion qui ont un mˆeme ensemble de propri´etés. Tous les pro-

tocoles con¸cus avec le mˆeme paradigme seront compatibles au sens des propri´etés communes

garanties par le paradigme. En fait, un paradigme est un ensemble de contraintes `a appliquer lors

de la conception du protocole de contrˆole de congestion. Cependant, cette notion de paradigme

n’a jamaisété clairement d´efinie pour le contrˆole de congestion dans l’internet. Le paradigme

actuel, mais implicitement d´efini, est le paradigmeTCP-friendlyqui impose aux protocoles de

suivre l’équation :

T =
C �MTU

RTT �
p
loss

(3.1)

où T est le débit moyen de la connexion, C est une constante, MTU est la taille des paquets

envoyés, RTT est leRound Trip Timeet loss est le taux de pertes de la connexion. Il s’agit

donc d’un paradigme qui impose `a tous les utilisateurs1 de collaborer, c’est-`a-dire d’avoir une

session avec un d´ebit conforme `a l’équation 3.1. Padhye et al. [64] ont introduit une meilleure

approximation du d´ebit de TCP pour les forts taux de pertes. Cependant, l’´equation 3.1 est une

bonne approximation de leur ´equation pour les faibles taux de pertes.

1. Le terme utilisateur doit ˆetre pris dans le sens g´enéral. Un utilisateur peut ˆetre, en fait, tout ce qui contrˆole

le système terminal : le protocole de contrˆole de congestion, l’humain qui communique et qui peut modifier le

protocole de contrˆole de congestion s’il d´ecide de ne pas collaborer, etc.
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Le paradigmeTCP-friendlya deux implications fondamentales sur la conception de nou-

veaux protocoles de contrˆole de congestion. Premi`erement, pour qu’un utilisateur puisse adap-

ter le débit de sa connexion `a l’équation 3.1, il faut qu’il connaisse le RTT et le taux de pertes

de cette connexion. Cependant, il peut ˆetre difficile d’obtenir ces informations et dans certains

cas ces informations sont mal d´efinies, par exemple pour la transmission multipoint. De plus,

l’obligation de diminuer le d´ebit de la connexion en 1p
loss

est mal adapt´ee aux applications qui

tolèrent les pertes, comme les applications audios et vid´eos. Une application multipoint orien-

tée source devra adapter le d´ebit de toute la session en fonction du r´ecepteur qui per¸coit le plus

fort taux de pertes pour se conformer `a l’équation 3.1, ce qui a pour cons´equence de fortement

pénaliser les autres membres de la session.

Deuxièmement, le paradigmeTCP-friendly fait l’hypothèse que tous les utilisateurs col-

laborent, au sens de l’´equation 3.1. Or, cette hypoth`ese ne peut plus ˆetre faite. De nouvelles

applications, qui sont d´eployées dans l’internet, ne respectent pas cette ´equation. En effet, ces

nouvelles applications – le plus souvent des applications de diffusion de contenu audio et vid´eo

– améliorent la satisfaction des utilisateurs en ne respectant pas le paradigmeTCP-friendly. Ce-

pendant, la multiplication des sessions qui ne sont pas conformes au paradigmeTCP-friendly

risque de mettre en p´eril les sessions qui, elles, le respectent.À terme, c’est la stabilit´e de l’inter-

net qui pourrait ˆetre compromise. Ce qui empˆeche, entre autres choses, un nouveaucongestion

collapsec’est que, d’une part, la majorit´e des utilisateurs est connect´eeà l’internet avec une

liaison bas d´ebit, typiquement un modem `a 56 Kbit/s ; d’autre part, le cœur de l’internet pos-

sède des liaisons tr`es haut d´ebit, de l’ordre du gigabit jusqu’au t´erabit. Il est vrai que l’´evolution

de la technologie fibre optique permet d’obtenir des d´ebits consid´erables, mais il est vrai que

plus on a de bande passante, plus on trouve d’applications gourmandes en bande passante pour

la saturer. En tout ´etat de cause, on ne croit pas `a une situation o`u l’internet offrira tellement de

bande passante qu’il n’y aura plus de probl`emes de congestion.

Le paradigmeTCP-friendlyest le résultat d’un processus enti`erement empirique. Il est ap-

paru après le protocole TCP pour permettre aux nouveaux protocoles de contrˆole de congestion

d’être compatibles avec ce dernier. On aurait pu choisir, pour la suite de cette th`ese, deux orien-

tations diam´etralement oppos´ees : soit adopter une approche consensuelle et aller dans le sens

du paradigmeTCP-friendly; soit prendre du recul par rapport `a celui-ci et chercher un nou-

veau paradigme plus efficace. C’est cette deuxi`eme orientation, beaucoup plus ambitieuse, mais

beaucoup plus risqu´ee que l’on a choisie. Dans les paragraphes suivants, on va donner une nou-

velle définition de la notion de congestion, donner les propri´etés d’un protocole de contrˆole de

congestion id´eal et définir un nouveau paradigme pour la conception de protocoles de contrˆole

de congestion presque id´eaux.
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3.2.2 D́efinition de la notion de congestion

Dire qu’un protocole de contrˆole de congestion est fait pour ´eviter la congestion peut sem-

bler trivial, c’est cependant fondamental puisque cela montre la relation qu’il existe entre le

protocole de contrˆole de congestion et le sens que l’on donne `a la notion de congestion. Cette

notion est reliéeà la notion de d´ebordement de files d’attente dans le paradigmeTCP-friendly.

Cependant, cette d´efinition n’est pas satisfaisante puisqu’elle ne prend pas en compte la satis-

faction de l’utilisateur. Il peut ˆetre object´e que le plus important est d’´eviter des pertes pour

garantir que le r´eseau soit bien utilis´e ; on répondra qu’il ne faut pas oublier qu’un r´eseau n’est

pas une fin en soi, mais qu’au contraire le but est de satisfaire les utilisateurs du r´eseau.

La notion de congestion doit donc ˆetre reliée à la notion de satisfaction des utilisateurs,

mais doit également ˆetre reliée aux performances du r´eseau. En effet, si la congestion ´etait

uniquement fonction de la satisfaction des utilisateurs, on pourrait voir des ph´enomènes de

jalousie créer de la congestion. Par exemple, il y aurait congestion si un utilisateur A apprenait

qu’un utilisateur B avait un meilleur service que lui et que A n’´etait plus satisfait avec son

propre service uniquement par jalousie. On ne veut pas que ce type de ph´enomène entre en jeux

dans la notion de congestion. Notre d´efinition de la notion de congestion est la suivante :

Définition 1 (Notion de congestion)Un réseau est dit congestionn´e selon un utilisateuri si la

satisfaction dei décroı̂t à cause d’une modification de la performance (bande passante, d´elai,

gigue, etc.) de sa connexion.

C’est cette d´efinition de la congestion que l’on va consid´erer dans toute la suite de notre

thèse. Un protocole de contrˆole de congestion devra donc chercher `a maximiser la satisfaction

des utilisateurs. On compare en annexe B.2.1 notre d´efinition de la notion de congestion et celle

donnée par Keshav [44]. On va d´efinir, dans la suite, les propri´etés d’un protocole de contrˆole

de congestion id´eal au sens de la d´efinition de congestion que l’on vient de donner.

3.2.3 Propriétés d’un protocole de contr̂ole de congestion id́eal

On a besoin d’introduire deux termes pour la suite :

– un utilisateur(( égoı̈ste)) est un utilisateur qui ne cherche qu’`a augmenter sa propre satis-

faction ;

– un utilisateur(( collaborant)) est un utilisateur qui tient compte des autres utilisateurs ;

en particulier, un utilisateur peut ˆetreégoı̈ste et collaborant si sa satisfaction d´epend des autres

utilisateurs. On va se servir dans ce paragraphe de terminologies emprunt´eesà la micro-
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économique et `a la théorie des jeux. Voici deux d´efinitions.

Définition 2 (Équilibre de Nash) Un réseau a atteint un ´equilibre de Nash si, chaque utilisa-

teur agissant ´egoı̈stement, personne ne peut plus accroˆıtre sa propre satisfaction.

Définition 3 (Optimum de Pareto) Une allocation de bande passante A dans un r´eseau est un

optimum de Pareto s’il n’existe pas une autre allocation B telle que :

– tous les utilisateurs aient, avec B, une satisfaction sup´erieure ouégaleà celle obtenue

avec A ;

– il existe au moins un utilisateur qui ait, avec B, une satisfaction strictement sup´erieureà

celle obtenue avec A.

On a identifié un ensemble de six propri´etés que doit avoir un protocole de contrˆole de

congestion id´eal. Même si les crit`eres utilisés pour les propri´etés sont pertinents par rapport `a la

définition de congestion que l’on a donn´ee, ils peuvent toujours ˆetre sujets `a discussion. De plus,

la terminologie(( protocole de contrˆole de congestion id´eal)) peutégalement ˆetre discut´ee, mais

doit être ramen´ee au contexte du paradigmeTCP-friendly. Un protocole de contrˆole de conges-

tion conçu avec ce paradigme aura des propri´etés très inférieures `a celles de notre protocole

idéal. Les six propri´etés d’un protocole de contrˆole de congestion id´eal sont les suivantes :

stabilit é : comme tous les utilisateurs agissent ´egoı̈stement, on veut qu’ils convergent vers un

équilibre de Nash. Une fois cet ´equilibre atteint, personne ne peut augmenter sa propre

satisfaction ; par cons´equent, cet ´equilibre est un ´equilibre pertinent pour le contrˆole de

congestion.́Etant donn´e que plusieurs ´equilibres de Nash peuvent conduire `a des oscilla-

tions entre ces ´equilibres, l’existence et l’unicit´e d’unéquilibre de Nash sont les condi-

tions de stabilit´e.

efficacité : lorsque l’allocation de la bande passante est un optimum de Pareto, personne ne peut

augmenter sa satisfaction sans diminuer la satisfaction de quelqu’un d’autre. Cette notion

d’optimum est donc pertinente pour l’efficacit´e d’un protocole de contrˆole de conges-

tion. De plus, la vitesse de convergence vers cet optimum est ´egalement importante. Une

convergence rapide vers une allocation de la bande passante qui est un optimum de Pareto

est la condition d’efficacit´e.

équité : il n’existe pas de consensus sur la notion d’´equité. On a choisi comme notion d’´equité

l’ équité max-min [5]. Si l’on consid`ere des utilisateurs dont l’utilit´e est une fonction li-

néaire de la bande passante re¸cue, l’allocation de la bande passante qui est max-min ´equi-

table est ´egalement un optimum de Pareto. Par cons´equent, la notion d’´equité max-min
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définit une borne sup´erieure pour l’allocation de la bande passante. Si tous les utilisa-

teurs sont avides, ils auront juste la bande passante autoris´ee par l’allocation max-min.

Par contre, si les utilisateurs collaborent, ils pourront atteindre d’autres types d’´equité

commeproportional fairness[43].

robustesse aux attaques: étant donn´e que l’on n’a aucune restriction sur les utilisateurs –

utilisateurségoı̈stes avec aucune restriction sur la fonction d’utilit´e –, on peut avoir des

utilisateurs très agressifs. Il ne faut pas que de tels utilisateurs affectent les autres, c’est-`a-

dire qu’ils ne doivent pas significativement modifier la satisfaction des autres utilisateurs.

robustesse aux facteurs d’́echelle : l’internet évolue très rapidement au niveau de la bande

passante disponible mais aussi au niveau du nombre d’utilisateurs. Un protocole de

contrôle de congestion doit fonctionner aussi bien sur des liens `a 28.8 Kbit/s que sur des

liensà 155 Mbit/s. Il doitégalement conserver toutes ses propri´etés (stabilité, efficacité,

etc.) quel que soit le nombre d’utilisateurs.

faisabilit é : cette propriété contient toutes les contraintes techniques. On s’est restreint aux

réseauxbest effortde type Internet. Mais, l’internet connecte une grande vari´eté de ma-

chines utilisant une grande vari´eté de logiciels. Un protocole de contrˆole de congestion

doit fonctionner sur cette grande vari´eté de machines et de logiciels. De plus, le protocole

de contrôle de congestion doit rester suffisamment simple afin d’ˆetre programm´e effica-

cement. Pour ˆetre accept´e comme un standard international, un protocole de contrˆole de

congestion doit ˆetre intensivement test´e, la simplicité du protocole facilitera cette phase.

Ces propriétés couvrent tous les aspects d’un protocole de contrˆole de congestion, de l’as-

pect théorique de la stabilit´e à l’aspect pratique de la faisabilit´e. Cependant, la question qui se

pose désormais est : comment concevoir un tel protocole? On va maintenant r´epondre `a cette

question au paragraphe suivant.

3.2.4 Un nouveau paradigme

On veut définir un nouveau paradigme pour la conception de protocoles de contrˆole de

congestion id´eaux etend-to-endpour les réseauxbest effort; il doit, par cons´equent, respecter

les fondements des r´eseauxbest effortet, en particulier, l’argumentend-to-end[78]. On veut

également que ce paradigme nous permette de concevoir des protocoles de contrˆole de conges-

tion proches d’un protocole de contrˆole de congestion id´eal.

On a vu que le paradigmeTCP-friendlyétait très loin de permettre de concevoir des proto-

coles de contrˆole de congestion id´eaux. Le probl`eme vient de l’équation 3.1 qui doit garantir `a

la fois équité, efficacité et stabilité. Pour obtenir ces trois propri´etés – qui ne sont pas id´eales
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dans le cas du paradigmeTCP-friendly– avec un seul m´ecanisme aux syst`emes terminaux, on

doit faire des compromis sur les trois propri´etés. Notre id´ee est de s’aider du support du r´e-

seau pour d´ecentraliser la gestion de ces propri´etés. Le support r´eseau peut aller d’un simple

mécanisme de gestion de la m´emoire tampon des files d’attente (buffer management) jusqu’aux

réseaux actifs. On a choisi de consid´erer comme support du r´eseau un m´ecanisme d’ordonnan-

cement de type GPS [65]. Cependant, l’ordonnancement GPS est bas´e sur un mod`ele fluide ; on

a donc besoin d’une approximation discr`ete de ce mod`ele. Une bonne approximation du mod`ele

fluide est la politique WF2Q [3]. Une qualité fondamentale d’un support du r´eseau bas´e sur une

politique d’ordonnancement GPS est qu’il s’agit d’un support d’utilit´e globale. En effet, il ne

s’agit pas d’un m´ecanisme sp´ecifiqueà un protocole de contrˆole de congestion, mais bien d’un

mécanisme qui am´eliore la performance globale du r´eseau (voir annexe B.3.1). Par cons´equent,

un support du r´eseau bas´e sur une politique d’ordonnancement de type GPS est compatible avec

l’argumentend-to-end[71]. Le support r´eseau que l’on va consid´erer dans la suite est bas´e sur

la notion de disciplineFair Scheduler(FS).

Définition 4 (Fair Scheduler) On définit une discipline Fair Scheduler (FS) comme ´etant une

approximation discr`ete d’un ordonnancement fluide par flux de type GPS avec une politique de

pertes de paquets `a la file la plus longue (longest queue drop buffer management).

Un paradigme est un ensemble de contraintes `a appliquer lors de la conception de nouveaux

protocoles de contrˆole de congestion. Pour des raisons didactiques, on fait une distinction entre

les contraintes en relation avec le r´eseau et les contraintes en relation avec les utilisateurs. Pour

ne pas d´erouter le lecteur habitu´e aux abr´eviations anglaises, et pour faciliter la lecture des

annexes, on conserve les abr´eviations anglaises NP (Network Part) pour la partie r´eseau et

ESP (End System Part) pour la partie utilisateur. Afin de concevoir un protocole de contrˆole de

congestion en fonction du paradigme FS, on doit consid´erer les contraintes suivantes :

– pour la partie r´eseau (NP) du paradigme, on a besoin d’un r´eseauFair Scheduler(FS),

c’est-à-dire un réseau o`u tous les routeurs utilisent une discipline FS ;

– pour la partie syst`emes terminaux (ESP) du paradigme, des utilisateurs ´egoı̈stes et qui

ne collaborent pas sont suffisants. On note que la partie ESP est une condition suffisante

mais pas n´ecessaire ; en particulier, on peut avoir collaboration entre les utilisateurs si

cela augmente leur satisfaction.

La contrainte sur les syst`emes terminaux est tr`es faible : cela laisse une grande latitude lors

de la conception de nouveaux protocoles de contrˆole de congestion. Or, on peut l´egitimement se

demander si un protocole de contrˆole de congestion con¸cu selon les contraintes du paradigme FS

aura plus de bonnes propri´etés, c’est-`a-dire les propri´etés d’un protocole de contrˆole de conges-

tion idéal, que s’ilétait conçu selon le paradigmeTCP-friendly. Pour répondre `a cette question,
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on va voir quelles propri´etés d’un protocole de contrˆole de congestion id´eal sont vérifiées avec

le paradigme FS :

stabilit é : avec les contraintes de la partie r´eseau et de la partie syst`emes terminaux, l’existence

et l’unicité d’un équilibre de Nash est garantie [79]. Par cons´equent, un protocole de

contrôle de congestion con¸cu avec le paradigme FS sera stable.

efficacité : avec les contraintes de la partie r´eseau et de la partie syst`emes terminaux, mˆeme

un algorithme d’optimisation simple convergera rapidement vers un ´equilibre de Nash.

Cependant, cet ´equilibre de Nash ne sera pas un optimum de Pareto en g´enéral, il ne le

sera que si tous les utilisateurs ont la mˆeme fonction d’utilité ou s’il y a collaboration

entre tous les utilisateurs [79]. En r´esumé, un protocole de contrˆole de congestion con¸cu

avec le paradigme FS ne sera pas id´ealement efficace dans tous les cas.

équité : la contrainte de la partie r´eseau garantit une ´equité max-min en moyenne. Par cons´e-

quent, un protocole de contrˆole de congestion con¸cu avec le paradigme FS sera ´equitable

[36].

robustesse aux attaques: la contrainte de la partie r´eseau garantie la robustesse d’un protocole

de contrôle de congestion con¸cu avec le paradigme FS [20].

robustesse aux facteurs d’́echelle : étant donn´e que la contrainte sur les syst`emes terminaux

est très faible, on a une grande flexibilit´e pour concevoir des protocoles de contrˆole de

congestion ´evolutifs.

faisabilit é : un Fair Schedulerde type HPFQ [4] a ´eté inclus dans des routeurs gigabits. Par

conséquent, l’application de la contrainte sur le r´eseau est possible techniquement. De

plus, même un algorithme simple donnera un protocole efficace. Un protocole simple

sera plus facile `a concevoir et `a tester.

Le paradigme FS ne permet pas de concevoir des protocoles de contrˆole de congestion avec

une efficacité idéale dans tous les cas. Cependant, l’efficacit´e garantie par le paradigme FS est

toujours très sup´erieureà celle garantie par le paradigmeTCP-friendly. En effet, la contrainte

sur le réseau garantie de pouvoir faire un compromis efficace entre bande passante, d´elai et perte

[65].

D’autre part,étant donn´e que l’on n’a fait aucune hypoth`ese sur le mode de transmission

utilisé, le paradigme FS s’applique aussi bien `a la conception de protocoles de contrˆole de

congestion point `a point qu’à la conception de protocoles de contrˆole de congestion multipoints.

La conception des protocoles de contrˆole de congestion multipoints est grandement facilit´ee par

le paradigme FS ; par exemple, on n’a plus besoin d’ajouter des m´ecanismes sp´ecifiques pour
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garantir l’équité du protocole, m´ecanismes qui, la plus part du temps, nuisent `a l’efficacité du

protocole. On va expliquer au paragraphe suivant comment appliquer le paradigme FS pour la

conception d’un nouveau protocole de contrˆole de congestion et en particulier par la conception

d’un protocole de contrˆole de congestion multipoint.

3.2.5 Conclusion

On vient de d´efinir un nouveau paradigme, le paradigme FS, pour la conception de proto-

coles de contrˆole de congestionend-to-end. On a montr´e que ce paradigme permettait de conce-

voir des protocoles de contrˆole de congestion presque id´eaux (au sens des propri´etés que l’on

a énoncé aux 3.2.3). Avec le paradigme FS, notre contribution majeure est que l’on a ´enoncé

avec le même formalisme math´ematique une d´efinition de la notion de congestion, les propri´e-

tés requises pour un protocole de contrˆole de congestion id´eal et un nouveau paradigme pour la

conception de protocoles de contrˆole de congestion. De plus, ce formalisme nous a permis de

prouver que le paradigme FS permettait de concevoir des protocoles de contrˆole de congestion

presque id´eaux. Ainsi, le paradigme FS est le premier paradigme introduit et prouv´e formel-

lement. En annexe B.3.2, on donne quelques remarques sur le d´eploiement de la contrainte

réseau et en annexe B.4, on compare les m´erites respectifs du paradigme FS et du paradigme

TCP-friendly.

Cependant, comment interpr´eter le paradigme FS pour concevoir un nouveau protocole de

contrôle de congestion? La contrainte du paradigme FS sur les syst`emes terminaux est d’avoir

des utilisateurs ´egoı̈stes et qui ne collaborent pas. De plus, cette condition est suffisante. Lors de

la conception d’un nouveau protocole de contrˆole de congestion avec le paradigme FS, on doit

uniquement s’occuper des besoins de l’utilisateur et non des propri´etés que l’on souhaiterait

pour le protocole. Ces derni`eres seront automatiquement garanties par le paradigme FS. En fait,

on n’a pas besoin de prendre en compte les diff´erentes propri´etés d’un protocole de contrˆole de

congestion comme l’´equité ; on doit juste trouver un m´ecanisme qui satisfasse l’utilisateur. Le

paradigme FS ne donne pas ce m´ecanisme mais simplifie consid´erablement la conception du

protocole.À la diff érence du paradigmeTCP-friendly, il permet de cr´eer un schisme entre les

propriétés requises pour un protocole de contrˆole de congestion et les besoins de l’utilisateur,

les propriétésétant garanties par le support du r´eseau. Ce schisme donne une grande latitude

lors de la conception d’un nouveau protocole de contrˆole de congestion.

Pour avoir une validation pragmatique du paradigme FS, on va concevoir un nouveau proto-

cole de contrˆole de congestion multipoint `a couches cumulatives en se basant sur l’exp´erience

acquise avec RLM et RLC (voirx 3.1). On a vu que le principal probl`eme avec RLM et RLC

venait de leur m´ecanisme de d´ecouverte de la bande passante. En effet, ces m´ecanismes sont

basés sur des signaux de congestion, c’est-`a-dire que leur seule information sur la bande pas-

sante disponible est au travers des signaux de congestion. Un signal de congestion est en g´enéral
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une perte ou un signal ECN (Early Congestion Notification) [29]. Cependant, quel que soit le

moyen pour signaler la congestion, un m´ecanisme de d´ecouverte de la bande passante bas´e sur

un signal de congestion aura toujours les mˆemes faiblesses :

– la file d’attente du goulot d’´etranglement doit d´eborder pour que le signal de congestion

soit généré ;

– le signal de congestion est re¸cu par le récepteur longtemps apr`es que la congestion a

commenc´e au goulot d’étranglement ;

– un signal de congestion ne permet pas d’avoir des informations sur la bande passante

disponible.

La technique de l’envoi de paquets par paire introduite par Keshav [44] permet d’obtenir

une notification explicite de la bande passante disponible. Il s’agit donc d’un m´ecanisme simple

qui n’a aucun des inconv´enients des signaux de congestion. D’apr`es le paradigme FS, on devrait

pouvoir concevoir facilement, `a partir de la technique de l’envoi de paquets par paire, un nou-

veau protocole de contrˆole de congestion multipoint presque id´eal. On va d´ecrire au paragraphe

suivant un nouveau protocole de contrˆole de congestion multipoint `a couches cumulatives bas´e

sur la technique de l’envoi de paquets par paire et on va montrer qu’il a des propri´etés très

proches de celles d’un protocole de contrˆole de congestion id´eal, validant ainsi le paradigme

FS.

3.3 PLM : une validation du paradigme FS

3.3.1 Introduction

La distribution de contenu multim´ediaà un large groupe d’utilisateurs h´etérogènes est un des

problèmes les plus ardus pour le contrˆole de congestion. Des protocoles comme RLM et RLC

ont été propos´es, mais ils souffrent de nombreux comportements pathologiques (voirx 3.1).

Cependant, ils ont permis de d´ebroussailler le terrain en proposant des choix strat´egiques :

– la transmission multipoint est parfaitement adapt´eeà la diffusionà un large groupe ;

– l’envoi du contenu en couches cumulatives associ´e à un protocole orient´e récepteur offre

une solution efficace pour les groupes h´etérogènes (lex 3.1.1 donne une introduction

sur les notions de couches cumulatives et de protocoles orient´es récepteur, et on pourra

également consulter l’annexe C.3.1).

Pour valider le paradigme FS, on va concevoir un nouveau protocole de contrˆole de conges-

tion pour la distribution de contenu multim´ediaà un large groupe d’utilisateurs. Ce protocole
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sera un protocole de contrˆole de congestion multipoint `a couches cumulatives et orient´e récep-

teur. Contrairement `a RLM et RLC, on ne va pas utiliser un m´ecanisme de d´ecouverte de la

bande passante bas´e sur des signaux de congestion, mais un m´ecanisme de d´ecouverte de la

bande passante bas´e sur des notifications explicites de la bande passante disponible qui utilisent

la technique de l’envoi de paquets par paire. Cette technique est rendue possible grˆaceà la

contrainte réseau du paradigme FS.

3.3.2 La technique de l’envoi de paquets par paire

La technique de l’envoi de paquets par paire – dans la suite on parlera plus simplement de la

technique PP par r´eférence `a Paquet par Paire – a ´eté introduite par Keshav [44] pour permettre

à une source de d´ecouvrir la bande passante disponible. Deux paquets envoy´es par paire – on

parlera plus simplement d’un PP – sont deux paquets envoy´es aussi rapidement que possible.

On dit, de mani`ere imagée, que les deux paquets sont envoy´es dos `a dos (back-to-back). Lorsque

l’on envoie un PP dans un r´eseauFair Scheduler, les paquets du PP seront espac´es au récepteur

en fonction de la bande passante disponible sur le chemin entre la source et le r´ecepteur. En

envoyant fréquemment des PP, on peut suivre l’´evolution de la bande passante.

Keshav utilisa la technique PP dans une version orient´ee source : la source envoie deux

paquets par paire, le r´ecepteur acquitte les deux paquets et la source mesure l’espacement des

acquittements. Cependant, s’il y a un goulot d’´etranglement sur le chemin entre le r´ecepteur et

la source – goulot d’´etranglement pour les acquittements –, les acquittements seront espac´es

en fonction de la bande passante disponible sur le chemin entre le r´ecepteur et la source et,

par cons´equent, la source mesurera la bande passante disponible sur le mauvais chemin, c’est-

à-dire celui des acquittements et non des paquets de donn´ees. D’autre part, Keshav utilisa la

technique PP pour un ajustement de la bande passante avec une granularit´e fine. Il eut donc

besoin d’estimateurs complexes pour filtrer le bruit inh´erentà la technique PP. Ce bruit – des

erreurs dans les estimations – peut avoir de nombreuses sources : un goulot d’´etranglement

sur le chemin des acquittements, la politique d’ordonnancement qui est n´ecessairement une

approximation d’un ordonnancement de type GPS, le partage de charge (load balancing), etc.

On étudie plus en d´etail l’impact du bruit sur la technique PP en annexe C.3.2.

On va utiliser la technique PP d’une mani`ere différente, moins sensible au bruit. Premi`ere-

ment, on va consid´erer une version orient´ee récepteur de la technique PP qui supprime tous les

problèmes dus au goulot d’´etranglement sur le chemin des acquittements et r´eduit, par cons´e-

quent, consid´erablement le bruit inh´erentà la technique PP [67]. Deuxi`emement, on va utiliser

cette technique pour un ajustement de la bande passante avec une large granularit´e. En effet,

on va l’utiliser pour choisir `a quelles couches s’abonner ou se d´esabonner.́Etant donn´e que les

couches ont une granularit´e en bande passante large, de petites erreurs dans l’estimation de la

bande passante ne conduiront pas `a un changement de couche et, par cons´equent, n’auront pas
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FIG. 3.1 –Illustration de la technique PP dans un exemple simple.

d’impact sur notre protocole utilisant la technique PP.

Mais la caract´eristique la plus remarquable de la technique PP orient´ee récepteur – cette

caractéristique existe toujours, mais `a moindre titre, pour une version orient´ee source – est

qu’un récepteur va d´etecter la congestion avant que la file d’attente du goulot d’´etranglement ne

se remplisse et bien avant que la file ne d´eborde ; c’est `a dire, bien avant qu’il n’y ait des pertes.

Les PP sont des notifications explicites de la bande passante disponible ; par cons´equent, un PP

signal de congestion sera un PP qui indiquera une bande passante disponible inf´erieure au d´ebit

actuel de la source pour le r´ecepteur qui re¸coit ce PP. Si l’on suppose qu’un seul PP est suffisant

pour avoir une estimation de la bande passante disponible (filtre trivial), alors le premier PP

qui quittera la file d’attente du goulot d’´etranglement apr`es que la congestion a commenc´e sera

un signal de congestion. Le d´elai entre le d´ebut de la congestion et le moment o`u le récepteur

est informé de cette congestion correspond approximativement au d´elai de transmission d’un

paquet entre le goulot d’´etranglement et le r´ecepteur ! Pour montrer les performances de la

technique PP, on va donner un exemple illustr´e à la figure 3.1. Ce dessin repr´esente l’entr´ee et

la sortie de la file d’attente – file FS – du goulot d’´etranglement. En entr´ee de la file, il y a trois

flux : F1,F2 etF3. Le fluxF2 représente le flux utilisant la technique PP pour la d´ecouverte de la

bande passante. Avant que le fluxF3 n’ait des paquets `a l’entrée de la file FS, les PP sont espac´es

en fonction la bande passante disponibleB

2 . Un cycle duFair Scheduler(Fair Scheduler round)

après que le premier paquet deF3 est entré dans la file – soit le temps de servir trois paquets –,

un PP quitte la file, espac´e de la nouvelle bande passante disponibleB
3 . De plus, le PP signal

de congestion ´etait déjà dans la file avant que le premier paquet du fluxF3 n’y entre ; ce PP est

entré dans la file alors que la bande passante disponible ´etait B2 , mais est sorti de la file, espac´e

de la bande passante disponible au moment de son service (au niveau duFair Scheduler) soit
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B

3
. D’autre part, le PP a quitt´e la file alors qu’il n’y avait qu’un seul paquet du fluxF3 dans la

file, c’est-à-dire bien avant que la file ne d´eborde.

En résumé, la technique PP permet de d´ecouvrir la bande passante et de r´eagirà la conges-

tion avant que la file ne d´eborde, c’est-`a-dire sans aucune perte induite.

3.3.3 Le protocole PLM

Le protocolePacket Pair Layered Multicastou PLM est un protocole de contrˆole de conges-

tion multipoint à couches cumulatives et orient´e récepteur bas´e sur la technique de l’envoi de

paquets par paire ; on fait donc l’hypoth`ese que l’on a un r´eseau qui autorise la transmission

multipoint et on suppose que les donn´eesà envoyer peuvent ˆetre découpées en couches cumula-

tives. PLM est un protocole con¸cu d’après le paradigme FS ; on fait donc l’hypoth`ese que l’on

a un réseauFair Scheduler.

La source PLM est simple : elle envoie chaque couche dans un groupe multipoint diff´erent

et elle envoie les paquets de chaque couche par paire. En fait, la source n’envoie que des PP.

Chaque PP re¸cu par un récepteur fournit une estimation de la bande passante disponible sur le

chemin entre la source et ce r´ecepteur. On obtient l’estimation de la bande passante en divisant

le temps d’interarriv´e des paquets de la paire par la taille d’un paquet. Le protocole au niveau

du récepteur est le suivant :

– chaque fois qu’un r´ecepteur re¸coit un PP, c’est-`a-dire les deux paquets de la mˆeme paire, il

regarde si la bande passante disponible estim´ee par ce PP est plus petite que la bande pas-

sante demand´ee par le r´ecepteur en fonction du nombre de couches auxquelles le r´ecep-

teur est abonn´e. Si c’est le cas, le r´ecepteur va imm´ediatement se d´esabonner du nombre

de couches n´ecessaire pour que la bande passante qu’il demande soit inf´erieureà la bande

passante disponible estim´ee par le PP.

– le récepteur n’ajoute des couches qu’en fonction de l’estimation minimum re¸cue durant

une période de dur´eeC (Check value) si toutes les estimations fournies par les PP sont

supérieures `a la bande passante demand´ee. Le récepteur ajoutera autant de couches qu’il

faudra pour que la bande passante qu’il demande soit la plus haute possible sans d´epasser

la valeur donn´ee par l’estimation minimum re¸cue durant la p´eriode de dur´eeC.

En résumé, un récepteur se d´esabonne `a des couches en se basant sur un seul PP, mais

s’abonne `a des couches en se basant sur la valeur minimum de tous les PP re¸cus durant une

période de dur´eeC. De plus, un r´ecepteur peut s’abonner ou se d´esabonner `a plusieurs couches

à la fois en fonction de la bande passante disponible ; tous les d´etails sur le protocole PLM

sont donn´es en annexe C.3.3. On note que ce param`etreC est le seul param`etre de PLM. Le

plus marquant avec ce protocole est son extrˆeme simplicité qui semble corroborer la validit´e du



3.3. PLM : UNE VALIDATION DU PARADIGME FS 55

paradigme FS. Cependant, pour valider le paradigme, il faut encore v´erifier que PLM ait des

propriétés proches de celles d’un protocole de contrˆole de congestion id´eal.

3.3.4 Évaluation du protocole PLM

On aévalué le comportement de PLM dans un grand nombre de configurations. Tous les

détails sont donn´es en annexes C.4 et C.5. On trace ici les grandes lignes de notre ´evaluation de

PLM.

On a commenc´e parévaluer PLM dans des sc´enarios simples, qui ne sont pas destin´es à

être réalistes mais `a permettre de comprendre le comportement de PLM dans des cas simples.

On a commenc´e par consid´erer une seule session PLM sur une topologie h´etérogène en bande

passante et en d´elai. Dans ce sc´enario, tous les r´ecepteurs de cette session PLM convergent apr`es

une période de dur´eeC (Check value) vers la bande passante optimale sans aucune perte induite.

Cette convergence est ind´ependante de la granularit´e des couches, du nombre de couches et des

autres récepteurs dans la mˆeme session quel que soit le nombre de r´ecepteurs. De plus, les

récepteurs restent `a cette bande passante optimale durant toute la simulation sans aucune perte

induite.

On voit donc que dans des sc´enarios statiques, c’est-`a-dire sans variation de la bande pas-

sante disponible, PLM se comporte id´ealement. Dans une autre s´erie de simulations, on a consi-

déré trois sessions PLM partageant le goulot d’´etranglement avec trois flux CBR (Constant Bit

Rate). On utilise ces flux pour simuler une p´eriode de forte congestion. On constate que : les

sessions PLM partagent ´equitablement la bande passante ; les r´ecepteurs PLM convergent vers

la bande passante disponible optimale ; les r´ecepteurs PLM s’adaptent imm´ediatement `a la pé-

riode de congestion cr´eée par les flux CBR et reprennent la bande passante disponible, apr`es une

période de dur´eeC, lorsque les flux CBR s’arrˆetent. Mais le plus remarquable dans ce sc´enario,

c’est qu’aucun r´ecepteur PLM n’observe de pertes durant toute la simulation mˆeme pendant la

période de forte congestion. Dans la s´erie suivante de simulations, on a ´etudié le comportement

d’une session PLM partageant le goulot d’´etranglement avec deux flux TCP. On observe exac-

tement les mˆemes résultats que pr´ecédemment : la session PLM s’adapte tr`es rapidement aux

variations de bande passante disponible sans aucune perte induite.

On voit donc que pour ces sc´enarios simples PLM se comporte id´ealement, il s’adapte tr`es

vite aux variations de la bande passante disponible sans aucune perte induite. On a ´etudié dans

une autre s´erie de simulations le comportement de PLM lorsque l’on augmente le nombre de

sessions PLM partageant le mˆeme goulot d’étranglement. On observe un bon comportement de

PLM, mais avec, dans certains cas, un faible taux de pertes induites. On note, cependant, que

ce scénario avec uniquement un grand nombre de sessions PLM est pathologique : il n’y a que

des flux avec une adaptation `a la bande passante `a large granularit´e – protocole `a couches. Or,

PLM n’a pasété conçu pour fonctionner dans un tel environnement, mais dans un r´eseaubest
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effortavec d’autres flux ayant une adaptation `a la bande passante `a fine granularit´e comme TCP.

Dans la s´erie suivante de simulations, on a consid´eré le même sc´enario mais en m´elangeant aux

sessions PLM des flux TCP. Dans ce cas, PLM retrouve son comportement id´eal sans aucune

perte induite.

Pour finir les s´eries de simulations pour des sc´enarios simples, on a ´evalué le comportement

de PLM lorsqu’il partage le goulot d’´etranglement avec des flux constitu´es de paquets de taille

diff érentes des tailles de paquets PLM. Dans certains cas, cela peut affecter la performance de

PLM ; cependant, une grande taille de paquets pour les flux PLM et le multiplexage des flux

permettent de r´eduire consid´erablement, et mˆeme de supprimer, les probl`emes liés aux tailles

de paquets.

En résumé de ces sc´enarios simples, PLM a un comportement id´eal : il converge tr`es ra-

pidement vers la bande passante disponible, il suit les variations de celle-ci sans aucune perte

induite, même lorsqu’il y a de s´evères périodes de congestion. Cependant, le trafic exog`ene dans

un réseau r´eel est loin d’être aussi simplifi´e que dans les sc´enarios pr´ecédents. Ce trafic est en

fait autosimilaire et multifractal [27]. On va donc, dans la suite, tester le comportement d’une

session PLM dans un tel environnement. Tous les d´etails du sc´enario qui permet d’obtenir un

trafic autosimilaire et multifractal sont donn´es dans l’annexe C.5.1. Le comportement de PLM

dans un environnement r´ealiste aussi complexe est excellent : la session suit les ´evolutions de

la bande passante disponible sans aucune perte induite durant les 4500 secondes de simulation.

Étant donn´e que PLM est un protocole `a couches cumulatives, son seul moyen de s’adapter `a

la bande passante disponible est de s’abonner ou de se d´esabonner `a des couches. Or, comme

le trafic exogène varie `a de nombreuses ´echelles de temps, la session PLM va devoir s’adapter

à ces variations pour exploiter la bande passante disponible. Cela va se traduire par des os-

cillations dans les abonnements aux couches. Cependant, comme on vient de l’expliquer, ces

oscillations ne sont pas le r´esultat d’une instabilit´e de PLM, mais bien le r´esultat de sa grande

efficacité. L’oscillation des abonnements aux couches peut avoir deux cons´equences n´efastes :

– dans le cas ou PLM est utilis´e pour la transmission de contenu audio ou vid´eo, les os-

cillations se traduisent par de fr´equents changements de qualit´e ce qui peut ˆetre irritant

pour un utilisateur. Cependant, le but d’un protocole de contrˆole de congestion est d’of-

frir la plus grande satisfaction possible aux utilisateurs ; par exemple, un haut d´ebit pour

les applications multim´edias. On affirme donc que c’est le rˆole de l’application de lisser

ces changements de qualit´e [58] et non le rˆole du protocole de contrˆole de congestion

de diminuer son efficacit´e. Cependant, si cela est n´ecessaire, on pourra tr`es facilement

diminuer le nombre d’oscillations en augmentant le param`etreC (check value) sans pour

autant diminuer radicalement l’efficacit´e de la transmission. Par exemple, pour une de

nos simulations, on a obtenu, sur 4500 secondes, un d´ebit moyen de 733 Kbit/s et 2090

changements de couches pourC = 1 seconde et un d´ebit moyen de 561 Kbit/s et 417
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changements de couches pourC = 5 secondes.

– les changements de couches g´enèrent du trafic au niveau du protocole de routage. Ce

trafic de contrˆole peut avoir un coˆut non négligeable. Cependant, si l’on reprend l’exemple

précédent, pour un d´ebit de 733 Kbit/s, on a environ un message de contrˆole toutes les

deux secondes, ce qui est modeste. De plus, une simple augmentation du param`etreC

permet de faire chuter le nombre de messages de contrˆoleà un toutes les dix secondes, ce

qui est négligeable.

L’oscillation des abonnements aux couches est le r´esultat de la grande efficacit´e de PLM. Mais,

si cela est n´ecessaire, elle peut facilement ˆetre réduite.

En résumé, on a test´e PLM dans une grande vari´eté de configurations et on a trouv´e que

PLM était capable de suivre les ´evolutions de la bande passante disponible sans aucune perte

induite, même dans un environnement autosimilaire et multifractal.

3.3.5 Conclusion

On a appliqu´e le paradigme FS pour la conception d’un nouveau protocole de contrˆole de

congestion multipoint `a couches cumulatives et orient´e récepteur : PLM, bas´e sur la technique

de l’envoi de paquets par paire. La conception de ce protocole devait permettre de valider le

paradigme FS. Et, en effet, PLM a bien ´eté une validation du paradigme FS. On rappelle que

l’id ée directrice du paradigme FS est qu’il suffit de trouver un m´ecanisme qui satisfasse les

utilisateurs, le paradigme FS garantit alors toutes les propri´etés d’un protocole de contrˆole de

congestion presque id´eal. On a effectivement trouv´e un mécanisme qui satisfasse les utilisa-

teurs, la technique de l’envoi de paquets par paire, et on a con¸cu un protocole de contrˆole de

congestion autour de cette technique sans se pr´eoccuper des propri´etés spécifiquesà un pro-

tocole de contrˆole de congestion. On va maintenant v´erifier si PLM a bien les propri´etés d’un

protocole de contrˆole de congestion presque id´eal comme le garantit le paradigme FS. PLM a

les propriétés suivantes :

stabilit é : les récepteurs PLM convergent rapidement (apr`es une p´eriode deC secondes) et les

oscillations des abonnements aux couches ne sont pas dues `a une instabilit´e du protocole

maisà une grande efficacit´e de ce dernier.

efficacité : les récepteurs PLM d´ecouvrent tr`es rapidement la bande passante disponible et

sont capables de suivre les ´evolutions de la bande passante disponible de tr`es près. PLM

surpasse RLM et RLC.

équité : une session PLM est ´equitable avec les autres sessions PLM et avec les flux TCP.
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robustesse aux attaques: PLM est robuste aux sessions qui utilisent des autres protocoles de

contrôle de congestion.

robustesse aux facteurs d’́echelle : PLM est robuste aux facteurs d’´echelle grâce au principe

des couches cumulatives avec une gestion orient´ee récepteur.

faisabilit é : PLM est un protocole simple qui peut facilement ˆetreévalué. De plus, PLM a ´eté

introduit dans la distribution du simulateur ns [62] ; il peut donc facilement ˆetreétudié.

En conclusion, PLM v´erifie bien les propri´etés définies dans lex 3.2.3, il valide donc le para-

digme FS.

3.4 Une nouvelle politique d’allocation de la bande passante

3.4.1 Introduction

Lorsque cohabitent des flux multipoints et point `a point se pose la question de l’allocation

de la bande passante entre ces flux. En effet, comment allouer la bande passante d’un lien entre

un flux pointà point ne servant qu’un seul r´ecepteur et un flux multipoint servant un million de

récepteurs? Cette question, loin d’ˆetre triviale, peut avoir de nombreuses r´eponses selon le but

que l’on recherche et suivant que l’on adopte le point de vue du r´eseau ou le point de vue des

utilisateurs.

Si l’on se place du point de vue du r´eseau, ou plus pr´ecisément du point de vue du four-

nisseur d’acc`es, l’utilisation de la transmission multipoint permet d’´economiser de la bande

passante et de d´eployer de nouveaux services comme la diffusion `a un grand nombre d’utilisa-

teurs de contenu audio et vid´eo. Cependant, `a cause de son coˆut élevé, la transmission multipoint

n’est rentable, pour un fournisseur d’acc`es, que si l’on consid`ere de grands groupes. Pour de

petits groupes, la transmission point `a point sera plus rentable [21]. Dans ce contexte, lorsque

l’on parle de la rentabilit´e de la transmission multipoint, c’est toujours par rapport `a la transmis-

sion pointà point ; la transmission multipoint est rentable si l’´economie r´ealisée avec le gain de

bande passante – par rapport `a la bande passante utilis´ee pour le mˆeme service en point `a point –

compense le coˆut du déploiement de la technologie n´ecessaire pour avoir un service multipoint.

Dans cette notion de rentabilit´e, on ne tient pas compte du b´enéfice apport´e par l’ajout d’un

nouveau service qui ne serait pas possible avec une transmission point `a point. Par exemple,

un fournisseur d’acc`es qui offre un service de diffusion audio et vid´eo attirera de nouveaux

utilisateurs ; cependant, ce type de b´enéfice est difficileà évaluer et n’est pas le propos de cette

thèse.

Si l’on se place du point de vue des utilisateurs, le mode de transmission – multipoint ou

point à point – importe peu. Un utilisateur veut simplement augmenter sa satisfaction. Tous les
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bénéfices de la transmission multipoint sont transparents pour l’utilisateur, sauf dans le cas o`u

la transmission multipoint offre un service qui serait impossible `a fournir avec la transmission

point à point. Le fait que la transmission multipoint permette d’´economiser les ressources du

réseau peut conduire `a diminuer le prix du service, ce qui aura un impact sur la satisfaction

des utilisateurs. Cependant, il s’agit de consid´erationséconomiques et commerciales qui sont

également hors du propos de cette th`ese.

On vient de voir ce que la transmission multipoint pouvait apporter `a un fournisseur d’ac-

cès età un utilisateur. On n’a cependant pas expliqu´e comment allouer la bande passante entre

flux multipoints et flux point `a point.Étant donn´e que la transmission multipoint peut ˆetre ren-

table pour un fournisseur d’acc`es mais que ce mode de transmission est transparent pour un

utilisateur, il faut inciter les utilisateurs `a se servir de la transmission multipoint. L’incitation

peut-être purement financi`ere : un service utilisant la transmission multipoint sera moins cher

qu’un service utilisant la transmission point `a point. Cependant, il nous est apparu int´eressant de

mettre de cˆoté cet aspect purement commercial pour se concentrer sur une incitation `a utiliser

la transmission multipoint bas´ee sur l’allocation de la bande passante entre flux multipoints et

flux point à point. Notre principale motivation est de redonner aux flux multipoints une partie

de la bande passante qu’ils ´economisent ; bien que cela nous semble raisonnable, cette motiva-

tion peutêtre indéfiniment débattue. On va montrer qu’en redonnant aux flux multipoints une

partie de la bande passante qu’ils ´economisent, on peut largement augmenter la satisfaction des

utilisateurs de la transmission multipoint sans pour autant diminuer de mani`ere significative la

satisfaction des utilisateurs de la transmission point `a point. C’est, `a notre avis, un argument

convaincant en faveur d’une politique d’allocation de la bande passante qui prenne en compte

le nombre de r´ecepteurs.

Le paradigme FS permet de concevoir des protocoles de contrˆole de congestion multipoints

et point à point. Par cons´equent, la question de l’allocation de la bande passante entre flux

multipoints et flux point `a point est pertinente dans le contexte du paradigme FS. D’autre part, la

contrainte principale de ce paradigme est d’avoir un r´eseauFair Scheduler; or unFair Scheduler

est un mécanisme d’ordonnancement pond´eré, c’est-à-dire un mécanisme o`u l’on peut gérer

l’allocation de la bande passante entre les flux en fonction de poids donn´esà chaque flux. Le

paradigme FS permet donc d’appliquer facilement de nouvelles politiques d’allocation de la

bande passante.

On va, dans la suite, ´etudier trois politiques qui allouent localement sur chaque lien la bande

passante entre les flux multipoints et les flux point `a point. Après avoir introduit dans le para-

graphe suivant les trois politiques d’allocation de la bande passante et les crit`eres utilisés pour

les comparer, on va, dans lex 3.4.3, donner les principaux r´esultats sur l’´evaluation des trois

politiques.
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3.4.2 D́efinition des politiques d’allocation de la bande passante

On va consid´erer trois politiques pour allouer la bande passante de chaque lienl aux flux

passant par ce lien. L’allocation de la bande passante va se faire en fonction du nombre de

récepteurs en aval du lienl. On définit le nombre de r´ecepteurs pour un flux en aval d’un lien

l commeétant le nombre de r´ecepteurs qu’il y a apr`es ce lien, dans le sens source/r´ecepteurs,

pour le flux consid´eré. On va consid´erer les trois politiques d’allocation de la bande passante

suivantes (les d´efinitions math´ematiques sont donn´ees en annexe D.2.2) :

indépendant des ŕecepteurs (RI) : on alloue de mani`ereégale la bande passante du lienl entre

flux multipoints et flux point `a point traversant ce lienl, indépendamment du nombre

de récepteurs en aval de ce lien. Cette allocation ne repr´esente aucun changement avec

l’allocation actuelle. Cette politique va donc nous servir de r´eférence.

dépendant linéairement du nombre de ŕecepteurs (LinRD) : on alloue la bande passante du

lien l entre les flux avec une fonction qui d´epend linéairement du nombre de r´ecepteurs

pour chaque flux en aval de ce lien. Cette allocation correspond `a la bande passante qui

serait donn´ee aux flux point `a point nécessaires pour servir les mˆemes utilisateurs – c’est-

à-dire une connexion point `a point différente entre la source et chaque r´ecepteur –, s’il

n’y avait pas de service multipoint, .

dépendant de manìere logarithmique du nombre de ŕecepteurs (LogRD) : on alloue la

bande passante du lienl entre les flux avec une fonction qui d´epend de mani`ere loga-

rithmique du nombre de r´ecepteurs pour chaque flux en aval de ce lien. Cette allocation

correspond au gain global d’un flux multipoint qui est logarithmique avec le nombre de

récepteurs [61, 68]. En annexe D.3.1, on d´efinit la notion de gain multipoint et en an-

nexe D.3.2 on discute l’impact global d’une politique d’allocation locale de la bande

passante.

On a conserv´e les notations anglaises pour ne pas d´erouter le lecteur habitu´e à ces notations

et pour faciliter la lecture des annexes. On utilise RI pourReceiver Independent, LinRD pour

Linear Receiver Dependentet LogRD pourLogarithmic Receiver Dependent.

Ces trois politiques sont des repr´esentants de classes de politiques d’allocation de la bande

passante. On ne pr´etend pas qu’elles sont les meilleures repr´esentants des classes ni que les

classes sont optimales, on dit simplement que ces trois repr´esentants permettent de couvrir un

large spectre de politiques d’allocation de la bande passante et surtout de comprendre comment

introduire le nombre de r´ecepteurs dans l’allocation de la bande passante.

Pourévaluer et comparer ces trois politiques d’allocation de la bande passante, on a besoin

de critères de comparaison. On cherche `a augmenter la satisfaction des utilisateurs sans pour

autant diminuer significativement l’´equité. On définit le critère de satisfaction d’un utilisateur
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commeétant la bande passante qu’il obtient. Mˆeme s’il existe d’autres crit`eres pour ´evaluer la

satisfaction des utilisateurs comme le d´elai ou la gigue, la bande passante est un crit`ere pertinent

pour un grand nombre d’applications. On d´efinit le critère d’équité entre des utilisateurs comme

l’ écart type de la bande passante vue par ces mˆemes utilisateurs.́Etant donn´e qu’il s’agit d’une

notion globale qui peut cacher quelques utilisateurs ayant une tr`es faible satisfaction, on va

considérer, en plus de notre crit`ere d’équité, le cas du pire utilisateur, c’est-`a-dire le récepteur

qui voit la bande passante la plus faible. L’annexe D.2.3 pr´esente une discussion d´etaillée de ces

critères de comparaison.

3.4.3 Évaluation des politiques

On a dans un premier temps ´evalué les trois politiques avec deux mod`eles analytiques

simples. Le premier mod`ele est une topologie en ´etoile : on consid`ere une session multipoint

partageant un mˆeme goulot d’étranglement avec plusieurs sessions point `a point. Le deuxi`eme

modèle est une topologie en chaˆıne : on consid`ere une session multipoint partageant plusieurs

liens avec des sessions point `a point (une session point `a point par lien). La description pr´ecise

des sc´enarios se trouve en annexes D.3.3.1 et D.3.3.2. Notre choix des mod`eles analytiques

considérés aété guidé par le fait qu’un r´eseau complexe est une composition de topologies en

étoile et en chaˆıne. La grande concordance entre les r´esultats obtenus avec les mod`eles ana-

lytiques et les r´esultats obtenus avec les simulations sur une large topologie montre que nos

modèles analytiques, bien que simples, permettent d’avoir une bonne appr´ehension de la r´ea-

lit é.

L’analyse des r´esultats obtenus avec nos mod`eles analytiques nous a permis d’arriver aux

conclusions suivantes (une discussion d´etaillée se trouve en annexes D.3.3.1 et D.3.3.2) : les

deux politiquesLinRD etLogRD offrent une plus grande satisfaction aux utilisateurs que la

politiqueRI mais offre une moins bonne ´equité ; de plus, la politiqueLinRD est celle qui

donne la plus grande satisfaction mais la plus mauvaise ´equité ; la politiqueLogRD, quantà

elle, donne une satisfaction moindre que la politiqueLinRD mais une meilleure ´equité. On en

a conclu que la politiqueLogRD était le meilleur compromis entre satisfaction et ´equité.

Pour approfondir les r´esultats obtenus avec nos mod`eles analytiques, on a fait des simu-

lations sur une large topologie hi´erarchiqueRT (Random Topology), qui représente les trois

niveaux d’interconnexion que l’on peut trouver dans un r´eseau : les WAN (Wide Area Network),

les MAN (Metropolitan Area Network) et les LAN (Local Area Network). RTinterconnecte 180

LAN. Ce type de topologies hi´erarchiques est consid´eré comme un bon mod`ele de l’internet

[9, 23, 90]. On a cherch´e dans ces simulations `a étudier l’introduction d’un service multipoint

dans un environnement point `a point. On a commenc´e par dimensionner l’environnement point

à point qui consiste en des paires source/r´ecepteur positionn´ees aléatoirement sur les LAN de la

topologieRT. On a trouvé que 2000 sessions point `a point permettaient d’avoir un environne-
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ment pointà point qui soit peu sensible `a l’emplacement al´eatoire des paires source/r´ecepteur

(voir annexe D.4.1).

On a réalisé deux s´eries de simulations : la premi`ere consid`ere une seule session multi-

point, dont on augmente la taille (de 1 `a 6000 récepteurs), introduite dans l’environnement

point à point ; la deuxi`eme consid`ere plusieurs sessions multipoints de taille fixe, dont on aug-

mente le nombre, introduites dans l’environnement point `a point. On parlera de satisfaction

globale lorsque l’on consid´erera la moyenne de la satisfaction de tous les utilisateurs ; on par-

lera d’équité globale lorsque l’on calculera l’´ecart type de la satisfaction des utilisateurs sur

tous les utilisateurs. De mˆeme, on parlera de satisfaction multipoint (resp. point `a point) lorsque

l’on considérera la moyenne de la satisfaction sur uniquement les utilisateurs multipoints (resp.

point à point) ; on parlera d’´equité multipoint (resp. point `a point) lorsque l’on calculera l’´ecart

type de la satisfaction des utilisateurs multipoints (resp. point `a point).

On commence par r´esumer la premi`ere série de simulations. Les politiquesLinRD et

LogRD offrent une plus grande satisfaction globale que la politiqueRI, mais offrent une moins

bonneéquité globale. Par contre, lorsque l’on fait une distinction entre utilisateurs multipoints

et utilisateurs point `a point, on trouve que la politiqueLinRD est celle qui offre le plus de satis-

faction pour les utilisateurs multipoints, mais c’est la seule qui diminue fortement la satisfaction

des utilisateurs point `a point pour de grandes tailles de groupes. La politiqueLogRD, quantà

elle, augmente la satisfaction des utilisateurs multipoints, mais ne diminue pas la satisfaction

des utilisateurs point `a point – par rapport `a la politique de r´eférenceRI –, même pour les

grandes tailles de groupes. L’´equité des trois politiques est la mˆeme pour les utilisateurs point

à point, puisque les politiques ne font de distinction qu’en fonction du nombre de r´ecepteurs.

L’ équité des politiquesRI et LogRD est proche pour les utilisateurs multipoints, alors que

l’ équité de la politiqueLinRD est plus mauvaise. Si l’on regarde la cas du pire r´ecepteur, on

constate que la politiqueLinRD diminue très fortement la bande passante pour ce r´ecepteur

lorsque l’on augmente la taille du groupe multipoint, alors que la bande passante vue par le pire

récepteur avec la politiqueLogRD est très proche de celle vue avec la politiqueRI, même pour

une grande taille de groupe. En r´esumé, la politiqueLogRD est la seule `a augmenter la satis-

faction des utilisateurs multipoints sans pour autant diminuer significativement la satisfaction

des utilisateurs point `a point et en gardant une ´equité proche de celle de la politiqueRI.

La deuxième série de simulations va confirmer ces r´esultats. On a fait des simulations avec

soit des tailles de groupes de 20 r´ecepteurs, soit des tailles de groupes de 100 r´ecepteurs. Dans

les deux cas on arrive aux mˆemes conclusions. La satisfaction et l’´equité globale sont proches

pour les trois politiques. Par contre, les deux politiquesLinRD etLogRD donnent une satis-

faction plusélevée pour les utilisateurs multipoints. La politiqueLinRD diminue la satisfaction

des utilisateurs point `a point par rapport `a la politiqueRI alors que la politiqueLogRD conduit

à une satisfaction proche de celle obtenue avec la politiqueRI. De plus, la bande passante vue
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par le pire récepteur est tr`es proche pour les politiquesRI etLogRD, alors qu’elle est beaucoup

plus basse pour la politiqueLinRD que pour la politiqueRI. Pour cette s´erie de simulations,

la politiqueLogRD est la seule `a augmenter la satisfaction des utilisateurs multipoints sans

diminuer significativement la satisfaction des utilisateurs point `a point.

En résumé, la politiqueLogRD est le meilleur compromis entre satisfaction et ´equité. De

plus, on a montr´e que cette politique permettait d’augmenter largement la satisfaction des uti-

lisateurs multipoints sans pour autant diminuer significativement la satisfaction des utilisateurs

point à point et tout en gardant une ´equité proche de celle de la politiqueRI.

En annexe D.5, on discute plusieurs aspects li´es au d´eploiement pratique de la politique

LogRD comme l’estimation du nombre de r´ecepteurs en aval d’un lien, l’introduction de la

politiqueLogRD dans un r´eseauFair Scheduleret le déploiement progressif de la politique

LogRD.

3.4.4 Conclusion

On a introduit et ´evalué trois politiques d’allocation de la bande passante. On a utilis´e pour

l’ évaluation des mod`eles analytiques simples mais pertinents et des simulations sur une large

topologie hiérarchique. On en a conclu que la politiqueLogRD offrait le meilleur compromis

entre satisfaction et ´equité. Cette politique permet d’am´eliorer consid´erablement la satisfaction

des utilisateurs multipoints sans pour autant diminuer de mani`ere significative la satisfaction des

utilisateurs point `a point. Par cons´equent, elle permet d’inciter les utilisateurs `a se servir de la

transmission multipoint et cela, sans un effet de bord n´efaste pour les utilisateurs point `a point.

De plus, cette politique a permis d’apporter une r´eponse ´elégante `a la question :(( Comment

allouer la bande passante d’un lien entre un flux point `a point ne servant qu’un seul r´ecepteur et

un flux multipoint servant un million de r´ecepteurs?)) Une allocation de la bande passante qui

prend en compte de mani`ere logarithmique le nombre de r´ecepteurs est une allocation qui offre

une solution raisonnable au probl`eme de l’allocation de la bande passante entre flux multipoints

et flux pointà point.
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Chapitre 4

Conclusion

4.1 Résuḿe des contributions

Une des clefs de l’am´elioration de la qualit´e de service pour les r´eseauxbest effortest le

contrôle de congestion. On a explor´e, dans cette th`ese, une voie de recherche peu exploit´ee :

comment am´eliorer les propri´etés des protocoles de contrˆole de congestion – point `a point

et multipoints – dans les r´eseauxbest efforten s’affranchissant du paradigmeTCP-friendly?

Notre étude des protocoles RLM et RLC nous a permis d’identifier quelques comportements

pathologiques fondamentaux de ces protocoles qui rendent leur d´eploiement difficile. Ces com-

portements pathologiques sont difficiles `a corriger dans le contexte actuel de l’internet, c’est-

à-dire en respectant le paradigmeTCP-friendly. Ceci nous a conduit `a réfléchir au probl`eme

du contrôle de congestion dans le contexte plus g´enéral des r´eseauxbest effort. On a, avec le

même formalisme math´ematique, red´efini la notion de congestion, d´efini les propriétés requises

pour un protocole de contrˆole de congestion id´eal et défini un paradigme, le paradigme FS,

pour la conception des protocoles de contrˆole de congestion presque id´eaux. Le paradigme FS

est le premier paradigme pour la conception de protocoles de contrˆole de congestion d´efini et

prouvé formellement. Pour valider de mani`ere pragmatique le paradigme FS, on a con¸cu, grâce

à ce dernier, un nouveau protocole de contrˆole de congestion multipoint `a couches cumula-

tives et orient´e récepteur : PLM. Ce protocole est capable de suivre les ´evolutions de la bande

passante disponible sans aucune perte induite, mˆeme dans un environnement autosimilaire et

multifractal. PLM surpasse RLM et RLC et valide le paradigme FS. On a finalement d´efini une

nouvelle politique d’allocation de la bande passante entre flux point `a point et flux multipoints

qui s’intègre parfaitement dans la contrainte de r´eseau du paradigme FS. Cette politique permet

d’améliorer consid´erablement la satisfaction des utilisateurs multipoints sans nuire aux utilisa-

teurs pointà point. Cette politique appel´eeLogRD donne une solution performante et ´elégante

au problème de l’allocation de la bande passante entre flux point `a point et flux multipoints.
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4.2 Discussion sur les contributions

Depuis plusieurs ann´ees, on annonce le d´eploiement de solutions multipoints dans l’inter-

net. Cependant, `a part quelques exceptions, force est de constater que la transmission multipoint

n’est pas accessible au grand public. Le multipoint dans l’internet est bas´e sur IP multipoint qui

n’a pasété conçu avec l’idée d’être exploité commercialement [21]. De nombreuses fonction-

nalités manquent `a IP multipoint : la gestion de groupes multipoints, la s´ecurité multipoint,

l’allocation d’adresses multipoints, la facturation de services multipoints, etc. Bien que d’ac-

tives recherches soient men´ees dans tous ces domaines, la communaut´e des réseaux se divise

entre ceux qui pensent que tˆot ou tard le multipoint sera d´eployé dans l’internet et ceux qui

pensent que le multipoint n’est plus qu’un sujet acad´emique sans aucun avenir.Étant donn´e

qu’une grande partie de cette th`ese est sur la transmission multipoint, doit-on consid´erer notre

travail comme inutile si la transmission multipoint ne devient pas une fonctionnalit´e offerte au

grand public?

D’autre part, pour appliquer le paradigme FS il faut avoir un r´eseau FS, c’est-`a-dire un

réseau o`u tous les routeurs impl´ementent une politique d’ordonnancement de type FS. Or, il

s’agit d’une hypoth`ese forte puisque, actuellement, soit les routeurs ne poss`edent pas un m´e-

canisme de type FS, soit les routeurs poss`edent effectivement un m´ecanisme de type FS mais

qui n’est pas activ´e. Doit-on consid´erer le paradigme FS comme un paradigme irr´ealiste et par

conséquent sans int´erêt?

Notre réponse `a ces deux questions est(( non ! )) Trop souvent, les pressions ´economiques

et politiques poussent la communaut´e scientifique `a considérer que les recherches qui ne sont

pas applicables `a court terme ne sont pas dignes d’int´erêt. Cette habitude est dangereuse car il

est très difficile, en travaillant `a court terme, d’apporter des id´ees originales. Or c’est justement

le rôle des chercheurs d’apporter des id´ees originales qui permettent de trouver de nouvelles

orientations pour demain.

La transmission multipoint a pos´e et pose toujours de grands d´efisà la communaut´e scien-

tifique. Cependant, les r´esultats de recherche sur la transmission multipoint ont souvent un

champ d’application beaucoup plus large que la transmission multipoint elle mˆeme. L’exemple

le plus flagrant est celui des r´eseauxoverlay(overlay network). Cette technique permet, entre

autres choses, la diffusion de contenus multim´edias sur l’internet. Or si l’on regarde qui sont

les pionniers des r´eseauxoverlay, on retrouve des sp´ecialistes de la transmission multipoint

(par exemple Steven McCanne avecFast Forward Networks[25] ou Jörg Nonnenmacher avec

Castify Networks[10]). La technique des r´eseauxoverlay, actuellement appliqu´ee dans l’inter-

net, n’aurait sans doute pas ´eté possible sans la compr´ehension du probl`eme de la diffusion de

contenus multim´edias avec la transmission multipoint.

Le paradigme FS, bien que bas´e sur une contrainte r´eseau qui n’est pas r´ealisable pour le



4.2. DISCUSSION SUR LES CONTRIBUTIONS 67

moment, a permis de montrer qu’il ´etait possible de consid´erablement simplifier et am´eliorer la

conception des protocoles de contrˆole de congestion. Ce r´esultat fondamental montre qu’il peut

être très profitable de prendre du recul par rapport au paradigmeTCP-friendlyet va, on l’esp`ere,

encourager les recherches dans cette voie.

En conclusion, bien que cette th`ese ne pr´esente pas de solutions que l’on puisse directement

appliquer au contexte actuel de l’internet, elle donne un aper¸cu des solutions qui feront, on

l’espère, le succ`es des r´eseauxbest effortde demain.
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Appendix A

Pathological Behaviors for RLM and RLC

Abstract

RLM [55] and RLC [87] are two well known receiver-driven cumulative layered multi-

cast congestion control protocols. They both represent an indisputable advance in the area

of congestion control for multimedia applications. However, there are very few studies that

evaluate these protocols, and most of the time, these studies conclude that RLM and RLC

perform reasonably well over a broad range of conditions.

In this paper, we evaluate both RLM and RLC and show that they exhibit fundamental

pathological behaviors. We explain in which context these pathological behaviors happen,

why they are harmful, and why they are inherent to the protocols themselves and cannot

be easily corrected. Our aim is to shed some light on the fundamental problems with these

protocols.

Keywords: RLM, RLC, Pathological behaviors, Congestion Control, Multimedia, Multi-

cast, Cumulative layers.

A.1 Introduction

Multimedia applications will probably become some of the most popular applications in the

Internet. One fundamental problem when introducing a new application in the Internet is to

find an efficient way (for both the application and the network) to do congestion control. Cu-

mulative layered multicast congestion control protocols are presented as the best solution for

the dissemination of multimedia content to a heterogeneous set of receivers (see for instance

[55, 87, 85, 50]). Therefore, these applications are the subject of active research.

Steven McCanne et al. introduced the first receiver-driven cumulative layered multicast

congestion control protocol called RLM [55]. The behavior of RLM is determined by a state

machine where transitions among the states are triggered by the expiration of timers (the join-

timer and the detection-timer) or the detection of losses. The maintenance of the timers and the

69
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loss estimator are fundamental parts of the RLM protocol. In order to scale with the number

of receivers, RLM needs an additional mechanism calledshared learning. McCanne evaluated

RLM for simple scenarios and only considered inter-RLM interaction. He found that RLM can

result in high inter-RLM unfairness. Bajaj et al. [2] explored the relative merits of uniform

versus priority dropping for the transmission of layered video. They found that RLM performs

reasonably well over a broad range of conditions, but performs poorly in extreme conditions

like bursty traffic. Gopalakrishnan et al. [35] studied the behavior of RLM for VBR traffic and

show that RLM exhibits high instability for VBR traffic, has very poor fairness properties in

most of the cases, and achieves a low link utilization with VBR traffic.

A TCP-friendly version of RLM, called RLC, was introduced by Vicisano et al. [87]. RLC is

based on the generation of periodic bursts that are used for bandwidth inference and on synchro-

nization points (SP) that indicate when a receiver can join a layer. The TCP-friendly behavior

is mainly due to the exponential distribution of the layers that results in an exponential decrease

of the bandwidth consumed (like TCP) in case of losses. While the exponential distribution of

the layers is not a requirement for the TCP-like behavior if the protocol drops the layers in an

exponential way, it considerably simplifies the protocol. We are not aware of any study con-

sidering another layer distribution. Vicisano found that RLC can be unfair with TCP for large

packet sizes.

According to these previous studies, RLM and RLC seem to perform reasonably well in a

broad range of cases. However, in this paper, we evaluate both RLM and RLC with very simple

scenarios and show that they exhibit pathological behaviors. We explain in which context these

pathological behaviors happen, why they are harmful, and why they are inherent to the protocols

themselves and cannot be easily corrected. Our aim is to shed some light on the fundamental

problems with RLM or RLC.

The paper is organized as follows. In section A.2 we present the scenarios considered for

the simulations. We discuss the results of the simulation for RLM in section A.3, and for RLC

in section A.4. We conclude the paper in section A.5.

A.2 Simulation Topologies

Fig. A.1 shows the three topologies used to evaluate the behavior of RLM and RLC. A source

and a receiver, when not specified, refer to a RLM (or RLC) source and receiver, respectively.

The first topology,Top1 , consists of one source and four receivers. We evaluate the speed,

the accuracy, and the stability of the convergence in the context of a large heterogeneity of link

bandwidths and link delays. The second topology,Top2 , consists of one source andm receivers.

For all the simulations, the links(N1; RM ) have a bandwidth uniformly chosen in[500; 1000]

Kbit/s and a delay uniformly chosen in[5; 150] ms. We evaluate the scalability with respect
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Figure A.1: Simulation Topologies.

to session size. The last topology,Top3 , consists ofM multicast sources (with one receiver),

andk unicast sources. For all the simulations, the links(SM ; N1), (SU ; N1), (N2; RM), and

(N2; RU) have a bandwidth of 10 Mbit/s and a delay of 5 ms. We evaluate the scalability of

the multicast protocol with an increasing number of multicast sessions and with an increasing

number of unicast sessions. Also, we evaluate the fairness of the multicast protocol towards the

unicast sessions.

We evaluate RLM and RLC using the ns [62] simulator. We use the following default

parameters for our simulations: The multicast routing protocol is DVMRP (in particular graft

and prune messages are simulated). We chose the packet size for all the flows (RLM, RLC,

CBR, and TCP) to be 500 bytes.

RLM and RLC are designed for FIFO scheduling. However, we made all the simulations for

both FIFO and FQ scheduling; in a given simulation, all the queues are either Fair Queuing (FQ)

queues with a shared buffer or FIFO queues. The main reason for considering FQ scheduling is

to evaluate how FQ impacts the behavior of RLM and RLC1.

1Another reason is the following: In [50] we introduce a new cumulative layered multicast congestion control
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A.3 Pathological behaviors of RLM

We use the ns implementation of RLM with the parameters as chosen by McCanne in [55]. For

all the simulations, the buffer size (or shared buffer size for FQ) is 20 packets. We run all the

simulations for RLM for a duration of 1000 seconds.

In several places, in this section, we consider thin layers (typically 10 Kbit/s or 20 Kbit/s

layers granularity). We do not argue that thin layers are reasonable, practically applicable, etc.

(Linda Wu et al. [88] study an architecture exploiting thin layers/streams). In fact, we use thin

layers as a diagnosis tool; thin layers clearly exhibit pathological behaviors that still hold with

coarse layers. However, directly using coarse layers does not allow to easily find if there is a

pathological behavior and what is the reason of this pathological behavior.
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Figure A.2: Speed, accuracy, and stability of RLM convergence for a single session,Top1 .

The first simulation evaluates the speed, the accuracy, and the stability of RLM convergence

onTop1 . We consider 10 Kbit/s layer granularity. We only present the results for FIFO schedul-

ing (FQ scheduling gives the same result as, in this experiment, we have only one source). We

see in Fig. A.2(a) the very slow convergence time of RLM. ReceiverR1 needs more than 400

seconds to converge to the optimal rate. Moreover, the mean loss rate for this simulation is

protocol called PLM. This protocol requires a Fair Queuing network (i.e. a network where every queue is a FQ

queue). In order to compare PLM with RLM and RLC, we must consider the same scenarios (the scenarios in

this paper are a subset of the scenarios in [50]) and in particular, the same scheduling discipline. Moreover, as FQ

improves the performance of RLM and RLC, it is fair to consider FQ for the comparison between these protocols

and PLM. We find that PLM outperforms in all the cases RLM and RLC.
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3.2%. The 10 Kbit/s layers granularity is a tough test for RLM, and shows a pathological be-

havior of RLM in extreme cases. The slow convergence time is explained by the value of the

minimum join-timer of RLM that is fixed to 5 seconds. The smaller the layer granularity, the

slower the convergence. The significant loss rate is explained by the loss threshold of RLM

set to 25%. With such small layers, we never enter in a congestion period where a receiver

experiences a loss of more than 25% of the packets. Each receiver sees a persistent loss rate for

the whole simulation that results in a mean loss rate of 3.2%. As a receiver can only do a join

experiment if he does not see losses during a given period of time, there is very low number of

join experiments in this simulation. We made another simulation with exponential layer sizes

starting at 32 Kbit/s (the layer bandwidth distribution isf32,64,128,256,512,1024g Kbit/s) and

give the results in Fig. A.2(b). In this case RLM performs significantly better than in the previ-

ous case. The convergence time is reasonably fast. We clearly see the join experiments that are,

in this case, the main reason for a mean loss rate of 0.81%.
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Figure A.3: Scaling of a RLM session with respect to the number of receivers,Top2 .

The second experiment evaluates the scaling of a single RLM session with respect to the

number of receivers on topologyTop2 . We consider 50 Kbit/s layer granularity. For this simu-

lation, we consider the link(SM ; N1) with a bandwidth of 280 Kbit/s and a delay of 20 ms. We

start 20 RLM receivers at timet = 5 s then we add one receiver every five seconds fromt = 205

s to t = 225 s, and att = 400 s we add 5 more RLM receivers. The aim of this experiment is

to evaluate the impact of the number of receivers on the convergence time and on the stability,

and to evaluate the impact of late joins. We only present the results for FIFO scheduling (FQ

scheduling gives the same result as, in this experiment, we have only one source). The most in-

teresting event in Fig. A.3 is thereceiver synchronization. Due to the shared learning, receivers

cannot join upper layers while there are some receivers subscribed only to lower layers. Indeed,

the shared learning precludes a receiver to do a join experiment if there is a pending join exper-

iment for a lower layer. Late joins can slow down the convergence time for RLM receivers. We
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did the same experiment with exponential layers and observed a similar behavior.
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Figure A.4: Mean throughput of RLM and CBR flows sharing the same bottleneck, FIFO

scheduling,Top3 .
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Figure A.5: RLM and CBR flows sharing the same bottleneck, FIFO scheduling,Top3 .

The third experiment considers a mix of RLM and CBR flows onTop3 . We consider a layer

granularity of 20 Kbit/s. We comment this experiment for both FIFO and FQ scheduling. For

FIFO scheduling, we considerM = 3 RLM sessions andk = 1 CBR flow. The bandwidth of

link (N1; N2) is 200 �M = 600 Kbit/s and the delay is 20 ms. We start each of the three RLM

receivers at timest = 50; 100; 150 s and the CBR source at timet = 300 s; we stop the CBR

source att = 400 s. The CBR source rate is 300 Kbit/s, half the bottleneck bandwidth. The

aim of this scenario is to study in the first part (before starting the CBR source) the behavior

of RLM with an increasing number of RLM sessions, and in the second part (after starting the
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CBR source) the behavior of RLM in case of severe congestion. When the CBR source stops

we observe how fast RLM grabs the available bandwidth.

Fig. A.4 shows the mean throughput of the three RLM sessions and Fig. A.5(a) shows the

layer subscription for the three RLM receivers. There is a slow convergence due to the small

layer granularity. We see also a high unfairness among the sessions during the whole simulation.

Moreover, the high period of congestion (when the CBR source sends packets) results in a large

number a losses for the RLM sessions (see Fig. A.5(b)). When the CBR source starts and

creates congestion, the RLM sessions start dropping layers. However, the process of dropping

layers with RLM is very conservative (sluggish) and induces significant transitory losses (see

Fig. A.5(b)). Indeed, a receiver can only drop one layer per detection-timer period. The mean

loss rate is 2.3% in this experiment. We note the same effect as in experiment one: The small

layers result in losses that never exceed the loss threshold (see Fig. A.5(b)), therefore never

result in a layer drop, and result in a very low number of join experiments (see Fig. A.5(a)). We

did the same simulation with exponential layers. As expected, the large layer granularity results

in a higher reactivity for RLM. When the CBR source starts, RLM reacts fast to the congestion

by dropping one layer (dropping one layer is enough in this case to avoid congestion). The

resulting mean loss rate is reduced to 1.4%. However, RLM results in a very high unfairness

in case of exponential layers as well. The first session gets roughly 500 Kbit/s, the second gets

roughly 100 Kbit/s, and the third session must drop all the layers.
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Figure A.6: Mean throughput averaged over 5s intervals, FQ scheduling,Top3 .

For FQ scheduling, we considerM = 3 RLM sessions andk = 3 CBR flows. The band-

width of link (N1; N2) is 200 �M = 600 Kbit/s and the delay is 20 ms. We start each of the

three RLM receivers respectively at timet = 50; 100; 150 s. We start the CBR sources at time

t = 300 s and stop the CBR sources att = 400 s. The rate of each CBR source is 500 Kbit/s.

We choose as many CBR sources as RLM sessions to simulate severe congestion. Indeed, with

FQ, the only way to create congestion is to significantly increase the number of sessions. In this

case, the three CBR sources grab half of the bottleneck bandwidth.
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Fig. A.6 shows the mean throughput for the three RLM sessions. The most noticeable point,

compared to the FIFO scheduling case, is the good fairness among the RLM sessions. However,

even with FQ scheduling, the fairness is not ideal (see Fig. A.6 betweent = 400 s andt = 800

s). The mean loss rate for this simulation is 4.6%. As FQ enforces fairness among all the flows,

the RLM flows cannot grab more bandwidth than their fair share. While, with FIFO scheduling

a RLM flow can grab more bandwidth than its fair share from the CBR flow. Therefore, the

RLM receivers experience more losses with FQ than with FIFO. We do not notice any other

significant difference compared to the FIFO scheduling case. We did the same simulation with

exponential layers and observed a good fairness among the RLM flows (according to the layer

granularity). RLM reacts fast to the congestion and the resulting mean loss rate is lower than

1%.
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Figure A.7: Mean throughput of RLM and TCP flows sharing the same bottleneck, FIFO

scheduling,Top3 .

The fourth experiment considers a mix of one RLM session and TCP flows onTop3 . We

considerM = 1 RLM session andk = 2 TCP flows and a layer granularity of 20 Kbit/s. The

bandwidth of link(N1; N2) is 100 � (M + k) = 300 Kbit/s and the delay is 20 ms. We do all

the simulations for FIFO and FQ scheduling. In a first set of simulations, we start RLM first

at t = 0 s, then TCP1 att = 300 s, and TCP2 att = 600 s. In a second set of simulations,

we start TCP1 first att = 0 s, then RLM att = 300 s, and TCP2 att = 600 s. For FQ

scheduling, the simulations do not bring any new results compared to the previous experiment.

In summary, with FQ scheduling, RLM shares fairly the bandwidth with TCP (according to the

layer granularity), and experience a transitory period of congestion when a new TCP flow starts.

This period of congestion results in a significant loss rate (from to 2% to 8%according to the

simulation scenario) with 20 Kbit/s layer granularity, and in a low loss rate (around 0.5% for all
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the scenario) with exponential layers.

In the following we consider FIFO scheduling. Fig. A.7 shows the mean throughput aver-

aged over 5 seconds intervals of the RLM and TCP flows for FIFO scheduling. When RLM

starts first it grabs all the available bandwidth. TCP can only achieve a very small throughput

(see Fig. A.7(a)) due to the hysterisis state and to the large RLM loss threshold of 25%. Indeed,

when a RLM receiver is in the steady state, if he experiences congestion he enters the hysteresis

state for a detection-timer period (in order to filter out transitory periods of congestion). At

the end of the hysteresis state, the receiver measures the loss rate that must exceed the loss

threshold to drop a layer. However, TCP is not able to create a large enough congestion and

therefore fails to grab bandwidth from RLM. When RLM starts after TCP1, RLM is not able to

grab bandwidth from TCP. This is due to the join experiment process of RLM. When a RLM

receiver does a join experiment and experiences losses during this join experiment, he infers

that it cannot join this layer. Moreover, in order to do a join experiment, a receiver must not

see any loss during a given period of time. The key point is: whereas a RLM receiver in steady

state needs a 25% loss rate to drop a layer, a RLM receiver needs only one loss to infer than

he cannot join a layer or to preclude a join experiment (the reader can refer to [55] for all the

details about the RLM protocol).

In conclusion, we found several pathological behaviors of RLM: i) The minimum join timer

gives a large lower bound to the speed of convergence; ii) The high loss threshold can result

in a high mean loss rate. Moreover, it results in a very aggressive behavior when competing

with TCP. iii) The shared learning results in receiver synchronization; iv) The join experiment

process results in a very conservative behavior when competing with TCP flows; v) The conser-

vative drop process (one layer dropped per detection-timer) results in extended transient periods

of losses in case of congestion.

Each of these pathological behaviors is very hard to correct as the parameters involved are

the result of complex tradeoff. The minimum join timer is a tradeoff between the speed of

convergence of the frequency of the join experiments. The loss threshold is a tradeoff between

a conservative and a reactive behavior in case of loss. One solution is for both, the join timer and

the loss threshold, to dynamically adjust these parameters according to the network conditions.

However, that requires complex network inference mechanisms: an additional (large time scale)

bandwidth inference mechanism to infer if a receiver needs to add several or only few layers

to reach the equilibrium; an additional congestion inference mechanism to determine if the

congestion is heavy (one needs to drop several layers to reach the equilibrium) or light (one

needs to drop only one layer to reach the equilibrium). These questions need further research.

The shared learning and the join experiment process are foundations of the RLM protocols

and cannot be changed without redesigning the whole protocol. Finally, the conservative drop

process is necessary for RLM to avoid over-reaction to losses and is, therefore, very hard to
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tune.

A.4 Pathological behaviors of RLC

We use the ns implementation of RLC with the parameters as chosen by Vicisano in [87]. We

identify behaviors in the ns version of RLC that are not conform with the description of RLC in

[87]. We do not correct these behaviors as we do not know if they are intended by the authors

or if they are the result of a bug. We always take into account these behaviors in our simulations

and discuss them when they impact the results. The mainpeculiarbehavior is that RLC drops

the current layer when it experiences losses during a burst, whereas, according to [87], RLC

should stay at the current layer and just infer that it cannot join an upper layer.

RLC can be considered a TCP-friendly version of RLM with the improvement of the syn-

chronization points (data packets with a special flag) and a new bandwidth inference mechanism

based on periodic bursts. In fact, we show that both the synchronization points and the periodic

bursts lead to pathological behaviors, and that the RLC behavior is very sensitive to the queue

size.
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Figure A.8: Layer subscriptions for a single session, 4 receivers,Top1 .

For all the simulations with RLC, we just indicate the rateB0 of the base layerL0. The rate

of layerLi is Bi = 2i � B0. If not specified, the default buffer size (or shared buffer size for

FQ) is 20 packets. The first simulation evaluates the speed, the accuracy, and the stability of

RLC convergence forTop1 . The rate of the base layer is 32 Kbit/s. We only present the results

for FIFO scheduling (FQ scheduling gives the same result as, in this experiment, we have only

one source). The queue size is 15 packets. Fig. A.8 shows the layer subscription for the RLC

receivers. The solid line is forR1, the dashed line is forR3, the dotted line is forR2, and

the dashed-dotted line is forR4. This simple experiment shows one of the most fundamental
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problem with RLC. For instance, whenR1 subscribes to layer 4, he receives 256 Kbit/s. As

his bottleneck bandwidth is 256 Kbit/s, he experiences no loss. The source sends periodically

a burst that doubles, over a short period of time, the sending rate to allow the receiver to infer

if he can join a higher layer. However, the burst does not make the queue overflow, andR1

infers that he can join layer 5. After a short period of time,R1 will experience a large number

of losses and will drop the layer. For receiverR1, we observe a cascade drop from layer 5 to

layer 3. However, this cascade drop is due to the peculiar behavior pointed out at the beginning

of the section. Indeed, just after dropping layer 5, the queue will remain full (as the bottleneck

bandwidth is equal to the layer 4 rate), the source will generate a burst that makes the queue

overflow as the queue is already full before the burst. The receiver will experience losses during

the burst and due to the peculiar behavior will drop the layer 4. We can explain the behavior

of the other receivers in the same way. The periodic erroneous bandwidth inference leads to a

mean loss rate up to 13%.

This experiment shows a fundamental pathological behavior of RLC. RLC’s bandwidth in-

ference is based on the generation of periodic bursts that aim to reduce the transitory period of

congestion due to join experiments (see [87] for more details). To succeed, the burst must make

the queue overflow when there is not enough bandwidth to accommodate a new layer. However,

queue overflow happens in our simulationsonly for a very judicious choice of the queue sizes,

which is impossible to do in a real network. As the bandwidth inference does not succeed,

the receivers periodically join a layer when there is not enough bandwidth available to add this

layer. That leads to periodic congestion and periodic losses.

To avoid cascade drop, RLC uses a deaf period of fixed length after dropping a layer during

which it does not drop layers. However, this deaf period reflects the delay between the time

the receiver sends a leave request and the time the receiver sees the effect of the leave request

on the bottleneck router. This value varies highly over time and for different receivers. As the

join experiments are sender-based in RLC, there is no way for a receiver to infer the appropriate

duration for the deaf period without adding a complex protocol. This is a significant weakness

of RLC as a correct static choice of the deaf period can be very difficult. If RLC must drop

several layers to react to a severe period of congestion, the deaf period will significantly slow

down the drop process. However, we note that with exponentially distributed layers, dropping

one layer is most of the time sufficient to react to congestion.

The second experiment evaluates the scaling of a single RLC session with respect to the

number of receivers on topologyTop2 . For this simulation we consider the link(SM ; N1) with

a bandwidth of 250 Kbit/s and a delay of 20 ms. The queue size is 10 packets. We start 20

RLC receivers at timet = 5 s then we add one receiver every five seconds fromt = 30 s to

t = 50 s, and att = 80 s we add 5 RLC receivers. The rate of the base layer is 8 Kbit/s. The

aim of this experiment is to evaluate the impact of the number of receivers on the convergence
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Figure A.9: Scaling of a RLC session with respect to the number of receivers,Top2 .

time and on the stability, and to evaluate the impact of late joins. We only present the results

for FIFO scheduling (FQ scheduling gives the same result as, in this experiment, we have only

one source). A receiver can only increase his number of layers at synchronization points (SP)

if no losses are experienced during the burst preceding that SP. The distance between two SPs

doubles at each layer, and the SPs at layerLi are a subset of the SPs at layerLi�1 (see [87] for

more details). Fig. A.9 shows the mean throughput for all the receivers. We first note that the

small throughput oscillations around the mean throughput are due to the succession of periodic

burst and silent period that slightly increases or decreases the mean throughput averaged over

5 seconds intervals. The annotationsSPi indicate the occurrence of some relevant SPs. In this

simulation, the bandwidth inference using bursts never succeeds, i.e. the bursts never make the

queue overflow, and the receivers join an additional layer that the network cannot support. We

observe a new pathological behavior of RLC. Betweent = 30 s andt = 50 s late joiners start.

Around t = 60 s, at the synchronization pointSP5 , some late joiners join layer 52 and the

others join layer 4. But, as the synchronization pointSP1 is synchronized withSP5 , the first

receivers (that join att = 5 s) join layer 6 that cannot be supported. This results in a period of

congestion that is misinterpreted by the late joiners who drop a layer. The late joiners can only

subscribe to the highest layer supported atSP6 , which is not synchronized with an upper layer

SP. We observe the same pathological behavior with the late joiners that start att = 80 s. This

pathological behavior significantly slows down the convergence speed. We note that, even if the

burst succeeds in inferring the available bandwidth, the same problem persists. Indeed, if the

burst (to join layer 6) makes the queue overflow, the first receivers will infer that they cannot

join layer 6 and they will stay at the current layer atSP1 . However, the late joiners cannot join

an upper layer atSP5 as they will see losses, shared among all the layers, due to the burst on

2In this simulation layer 4 corresponds to a 64 Kbit/s, layer 5 corresponds to 128 Kbit/s, and layer 6 corresponds

to 256 Kbit/s.
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layer 5.

With the parameters choice in [87], the SPs are exponentially spaced. At layeri, the distance

between the SPs is2i � 8 � s

B0

, wheres is the packet size andB0 is the throughput of the base

layer. ForB0 = 16 Kbit/s ands = 256 bytes, the distance between the SPs at layeri is roughly

2i seconds. For instance, a receiver can only join layer 6 every 64 seconds. The exponentially

spaced SPs can significantly slow down the convergence of the receivers to the highest layers.

We did a third experiment that considers the same scenarios than the third experiment for

RLM. We do not give plots for this experiment as it does not exhibit pathological behaviors. For

this experiment, RLC performs reasonably well. The RLC sessions share fairly the bandwidth

among each other and adapt reasonably fast to the transitory period of congestion produced by

the CBR source(s). The mean loss rate for all the scenarios range from 0.6% to 2.9%.
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Figure A.10: Mean throughput of RLC and TCP flows sharing the same bottleneck,Top3 .

The fourth experiment onTop3 considers a mix of RLC and TCP flows. We considerM = 1

RLC session andk = 2 TCP flows. The bandwidth of link(N1; N2) is 200 � (M + k) = 300

Kbit/s and the delay varies from 20 ms to 400 ms. The rate of the base layer is 16 Kbit/s. We

start RLC att = 0 s, TCP1 att = 50 s, and TCP2 att = 100 s. We did all the simulations

for both FIFO and FQ scheduling. For FQ scheduling, we do not see any pathological behavior

and do not present the plots. In this case, RLC shares fairly (according to the layer granularity)

the bandwidth with the TCP flows. For these scenarios, the mean loss rate range from 0.7% to

1.6%.

Now we comment the simulations for the fourth experiment with FIFO scheduling.

Fig. A.10(a) shows the mean throughput averaged over 5 seconds intervals for the RLC and

TCP flows when the delay of the link(N1; N2) is 20 ms. When TCP1 starts, RLC drops to

layer 1 and then oscillates between layer 1 and layer 2. When TCP2 starts, we do not notice any



82 APPENDIX A. PATHOLOGICAL BEHAVIORS FOR RLM AND RLC

particular behavior for RLC. This experiment shows that RLC can be very conservative com-

pared to TCP. Fig. A.10(b) shows the same experiment than previously except that the delay of

the link (N1; N2) is 200 ms. We see that when TCP1 starts, RLC shares fairly the bandwidth

with TCP1. When TCP2 starts, RLC gets a lower bandwidth than the two TCP flows. In a last

experiment (we do not give the plot), we increase the delay of the link(N1; N2) to 400 ms. For

this experiment, RLC fairly shares the bandwidth with TCP1 and TCP2. The explanation of

this behavior is simple. The TCP cycle (i.e. the time between two losses) is shorter with a small

RTT than with a large RTT. As a consequence, the smaller the RTT is, the larger the number

of losses RLC experiences in a given time interval. As the RLC throughput is function of the

number of losses, the higher the number of losses, the lower the RLC throughput.

In conclusion, we observed several pathological behaviors of RLC: i) The bandwidth infer-

ence mechanism based on burst leads to a high number of losses and does not succeed to make

the queue overflow. ii) The synchronization points, as distributed in RLC, can significantly re-

duce the speed of convergence of late joiners. iii) The claimed TCP-friendly behavior of RLC

results in a very conservative behavior of RLC compared to TCP.

Moreover, we cannot easily correct any of these pathological behaviors. For the periodic

bursts to succeed, we must know how long the burst should persist in order to make the queue

overflow. That requires a mechanism close to a bandwidth inference mechanism that renders to

periodic burst useless. Moreover, the static choice of the burst length is a very difficult tradeoff

between the probability to make the queue overflow and the amount of periodic congestion (and

losses) generated. The pathological behaviors ii) and iii) raise new questions: Does RLC still

achieve its claimed TCP-like behavior with non exponentially distributed layers? What is the

influence of the placement of the SPs on the RLC behavior? These questions are for future

research.

A.5 Conclusion

In this paper, we have evaluated RLM and RLC on simple scenarios. We show that both pro-

tocols exhibit pathological behaviors. We discuss which part of the protocol leads to a given

pathological behavior and explain that most of the time these pathological behaviors are difficult

to correct. We note that most of the problems come from the bandwidth inference mechanism

used that is responsible for transient periods of congestion, instability, and periodic losses.

In [50] we present a new cumulative layered multicast congestion control protocol, called

PLM, based on the generation of packet pairs (PP) to infer the available bandwidth. Bandwidth

inference using PPs does not have any of the weaknesses of the bandwidth inference mecha-

nisms of RLM and RLC, and PLM outperforms in all the cases RLM and RLC. However, PLM

requires a Fair Queuing network. With a FIFO network, traditional solutions like RLM and
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RLC are still necessary, but require improvements of the bandwidth inference mechanism. We

hope that this paper contributes to identify the fundamental problems of these protocols, and

will stimulate research to improve these protocols.
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Appendix B

Beyond TCP-Friendliness: A New

Paradigm for End-to-End Congestion
Control

Abstract

The dominant paradigm for congestion control in the Internet today is based on the

notion of TCP-friendliness. To be TCP-friendly, a source must behave in such a way to

achieve a bandwidth that is similar to the bandwidth obtained by a TCP flow that would ob-

serve the same Round Trip Time (RTT) and the same loss rate. However, with the success

of the Internet comes the deployment of an increasing number of applications that do not

use TCP as a transport protocol. These applications can often improve their own perfor-

mance by not being “TCP-friendly” which severely penalize TCP flows. Also, designing

these new applications to be “TCP-friendly” is often a difficult task. For these reasons, we

propose a new paradigm for end-to-end congestion control (the FS paradigm) that relies on

aFair Schedulernetwork and assumes only selfish and non-collaborative end users.

We rigorously define the properties of an ideal congestion control protocol and show

that the FS paradigm allows to devise end-to-end congestion control protocols that meet

almost all the properties of an ideal congestioncontrol protocol. Moreover, the FS paradigm

does not aversely impact the TCP flows. We show that the incremental deployment of the

FS paradigm is feasible per ISP and leads to immediate benefits for the TCP flows.

Our main contribution is the formal statement of the congestion control problem as a

whole that allows to rigorously prove the validity of the FS paradigm. Moreover, we explain

how to apply the FS paradigm for the design of new congestion control protocols, and we

introduce as a pragmatic validation of the FS paradigm a new multicast congestion control

protocol called PLM.

Keywords: Congestion Control, Scheduling, Paradigm, Multicast, Unicast.
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B.1 Introduction

Congestion Control has been a central research topic since the early days of computer networks.

Nagle first identified the problems of congestion in the Internet[56]. The fundamental turning

point in Internet congestion control took place in the eighties. Nagle proposed a strategy based

on the round robin scheduling [57], whereas Jacobson proposed a strategy based on Slow Start

(SS) and Congestion Avoidance (CA) [39]. Each of these solutions has its drawbacks. Na-

gle’s solution has a high computational complexity and requires modifications to the routers.

Jacobson’s solution requires the collaboration of all the end users. The low performance of the

routers and the small size of the Internet community at that time led to the adoption of Jacob-

son’s proposal. SS and CA mechanisms were put into TCP. Ten years later, the Internet still

uses Jacobson’s mechanisms in a somewhat improved form [81].

We define the notion ofParadigm for Congestion Controlas a model used to devise con-

gestion control protocols that have the same set of properties. Practically, when one devises a

congestion control protocol with a paradigm, one has the guarantee that this protocol will have a

same set of properties as all the other congestion control protocols devised with this paradigm.

However, the price to pay is that the paradigm imposes some constraints that need to be re-

spected. The benefits of the paradigm come from the set of properties it guarantees. This notion

of paradigm is not obvious in the Internet. A TCP-friendly paradigm was implicitly defined.

However this paradigm was introduced after TCP, when new applications that can not use TCP

had already appeared.

As TCP relies heavily on the collaboration of all the end users – collaboration is in the sense

of the common mechanism used to achieve congestion control – the TCP-friendly paradigm

was introduced (see [63], [30]) to devise congestion control protocols compatible to TCP. A

TCP-friendly flow has to adapt its throughputT according to the equation:

T =
C �MTU

RTT �
p
loss

(B.1)

where,C is a constant,MTU is the size of the packets used for the connection,RTT is the

round trip time, andloss is the loss rate experienced by the connection. To compute the through-

putT , one needs to measure the loss rate and theRTT . The TCP-friendly equation models the

TCP long-term behavior for low loss rate. Padhye et al. [64] introduced an TCP-friendly equa-

tion that is good approximation of the TCP long-term behavior even for high loss rate.

The throughputT for a TCP-friendly flow heavily decreases with the increase of loss rate

loss. However, this behavior does not fit to many applications’ requirements. For instance,

audio and video applications are loss-tolerant and the degree of loss tolerance can be managed

with FEC [7]. While these multimedia applications can tolerate a significant loss rate without

a significant decrease in the quality perceived by the end users, they cannot tolerate frequent
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variations of the throughput. The multicast flows suffer from TCP-friendliness since a source-

based congestion control scheme for multicast flows has to adapt its sending rate to the worst

receiver (in the sense of the throughput computed according to equation B.1), to follow the TCP-

friendly paradigm. A receiver-based multicast congestion control scheme can be TCP-friendly

but at the expense of a large granularity in the choice of the layer bandwidth [55] [87].

The TCP-friendly paradigm relies on the collaboration of all the users, which can no longer

be assumed given the current size of the Internet [30]. This paradigm requires thatall the

applications adopt the same congestion control behavior based on Eq. (B.1), and it does not

extend to the new applications being deployed across the Internet. Applications start to use

non-TCP-friendly congestion control schemes (here congestion control may be a misleading

expression, since the flows are often constant bit rate), as they observe better performance for

audio and video applications than with TCP-friendly schemes. However, the benefit due to

non-TCP-friendly schemes is transitory and an increasing use of non-TCP-friendly schemes

may lead to a congestion collapse in the Internet [56]. Indeed, at the present time, most of the

users access the Internet at 56 Kbit/s or less. However, with the deployment of xDSL most

of the users will have, in a few years, an Internet access at more than 1 Mbit/s. It is easy to

imagine the disastrous effect of hundred of thousands unresponsive flows at 1 Mbit/s crossing

the Internet.

It is commonly agreed that router support can help congestion control. However there are

several fears about router support. The end-to-end argument [78] is one of the major theoretical

foundations of the Internet, and adding functionality inside the routers must not violate this

principle. The end-to-end argument states that a service should only be implemented in the

network if the network can provide the full service, or if this service is useful for all the clients.

As TCP is the main congestion control protocol used in the Internet, router support must, at

least, not penalize TCP flows [71]. Moreover it is not clear which kind of router support is

desirable: router support can range from simple buffer management to active networking. One

of the major reasons the research community distrusts network support is the lack of a clear

statement about the use of network support for congestion control.

One simple way to use network support for congestion control is to change the scheduling

discipline inside the routers. PGPS-like scheduling [65] is well known for its flow isolation

property. This property sounds suitable for congestion control. However, the research commu-

nity does neither agree on the utility of this scheduling discipline for congestion control, even

if its flow isolation property is appreciated, nor on the way to use this scheduling discipline.

We strongly believe that the lack of consensus is due to a fuzzy understanding about which

properties a congestion control protocol should have and how a PGPS network, i.e. a network

where each node implements a PGPS-like scheduler, can enforce these properties. The aim of

this paper is to shed some light onto these questions.
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A user acts selfishly if he only tries to maximize its own satisfaction without taking into

account the other users (Shenker gives a good discussion of the selfishness hypothesis [79]). The

TCP-friendly paradigm is based on cooperative and selfish users. We base our new paradigm

called Fair Scheduler (FS) paradigm on non-cooperative and selfish users. We formally define

the properties of an ideal congestion control protocol (see section B.2.2) and show that almost

all these properties are verified with the FS paradigm when we assume a network support that

simply consist in having a Fair Scheduler policy in the routers (see section B.2.3 for a definition

of Fair Scheduler policy).

Our study shows that simply changing the scheduling policy allows to use the FS paradigm

for congestion control, which outperforms the TCP-friendly paradigm. Indeed, the FS paradigm

provides a basis for devising congestion control protocols tailored to the application needs. We

do not want to replace or modify TCP. Instead, we propose an alternative to the TCP-friendly

paradigm to devisenewefficient congestion control protocols compatible with TCP. Important

to us is that the FS paradigm does not violate the end-to-end argument, due to the network

support. The weak network support that consists in changing the scheduling is of broad utility

– we show that the Fair Scheduler policy significantly improves the performance of the TCP

connections – and consequently does not violate the end-to-end argument [71]. While one

part of our results is implicitly addressed in previous work (in particular [44] and [79]), we

are making the step from animplicit definition of the problems to anexplicit statement of the

problem introducing a formalism that constitutes an indisputable contribution. Moreover, we

show how to apply the FS paradigm for the design of a new congestion control protocol, and we

introduce the protocol PLM as a pragmatic validation of the FS paradigm. We expect this study

will stimulate the interest in the FS paradigm, which improves the behavior of the TCP flows

and allows to devise end-to-end congestion control protocols that meet almost all the properties

of an ideal congestion control protocol.

In section B.2 we define the FS paradigm for end-to-end congestion control. In section B.3,

we study the practical aspects of the deployment of the FS paradigm in the Internet. Section B.4

compares the FS paradigm and the TCP-friendly paradigm. Section B.5 addresses the related

work, while section B.6 summarizes our findings and concludes the paper.

B.2 The FS Paradigm

We formally define the FS paradigm in three steps. First, we define the notion of congestion.

This definition is a slight modification of Keshav’s definition[44]. Second, we formulate six

properties that an ideal congestion control protocol must meet. These properties are abstractly

defined, i.e. independent of any mechanism (for instance we talk about fairness but not about

scheduling and buffer management, which are two mechanisms that influence fairness). Third,
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we define the FS paradigm for congestion control. We show that almost all the properties of

an ideal congestion control protocol are met by a congestion control protocol based on the FS

paradigm.

We note that all the aspects of congestion control – from the definition of congestion to the

definition of a paradigm to devise new congestion control protocols – are addressed with the

same formalism. This formalism allows us to do a consistent study of the congestion control

problem.

B.2.1 Definition of Congestion

The first point to clarify when we talk about congestion control is the definition of congestion.

Congestion is a notion related to both user’s satisfaction and network load. If we only take

into account the user’s satisfaction, we can imagine a scenario, where the user’s satisfaction

decreases due to jealousy, for instance, and not due to any modifications in the quality of the

service a user receives. For instance, user A learns that user B has a better service and is no

more satisfied with his own service. This can not be considered as congestion. If we only take

into account the network load, congestion is only related to network performance, which can be

a definition of congestion (for instance it is the definition in TCP), but we claim that we must

take into account the user’s satisfaction. We always have to keep in mind that a network exists

to satisfy users. Our definition of congestion is:

Definition 1 A network is said to be congested from the perspective of user i, if the satisfaction

of i decreases due to a modification of the performance (bandwidth, delay, jitter, etc.) of his

network connection.

A similar definition was first introduced by Keshav [44]. Keshav’s initial definition is : “A

network is said to be congested from the perspective of useri if the satisfaction ofi decreases

due to anincreasein network load”. Our only one point of disagreement with Keshav is about

the influence of network load. He says that only anincreasein network load that results in a

loss of satisfaction is a signal of congestion, whereas we claim that amodification(increase or

decrease) in network load with a decrease of satisfaction is a signal of congestion. We give an

example to illustrate our point of view.

Let the scheduling be WFQ [65], let the link capacity be 1 for all the links, and let the

receiver’s satisfaction depend linearly on the bandwidth seen (see Fig. B.1). The flowF1 (sender

S1 and receiverR1) has a weight of 1, the flowF2 (senderS2 and receiverR2) has a weight of

2, the flowF3 (senderS3 and receiverR3) has a weight of 1. In a first time the three sources

have data to send, the satisfaction ofR1 is 1
3, the satisfaction ofR2 is 2

3 and satisfaction ofR3

is 2
3 . ThenS2 stops sending data, the satisfaction ofR1 becomes12 and the satisfaction ofR3
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Figure B.1: Example for the definition of congestion.

becomes1
2
. So whenS2 stops to send data, the network load decreases, but the satisfaction of

R3 decreases too. We consider this case as a congestion forR3 in our definition, while Keshav’s

definition does not consider this case as congestion.

In the next section we will address the properties of an ideal congestion control protocol. We

want such a congestion control protocol to avoid congestion! This is not trivial, in fact we want

the congestion control protocol to avoid congestion in the sense of the congestion previously

defined. This link is fundamental as it contributes to the consistency of our study.

B.2.2 Properties of an Ideal Congestion Control Protocol

We use through this section terminology from game theory and microeconomics; we define

informally the terms used. The interested reader can refer to [79] for formal definitions. A

network reaches aNash equilibriumif, when every user acts selfishly, nobody can increase its

own satisfaction. The bandwidth allocation A in a network isPareto optimalif it does not exist

another bandwidth allocation B such that all the users have a satisfaction with B higher or equal

than the satisfaction with A, and at least one user has a satisfaction with B strictly higher than

the satisfaction with A.

We discuss in the following a set of six abstract properties that an ideal congestion control

protocol must meet. Whereas at the first sight these properties seem similar to the ones given

by Keshav [44], they are fundamentally different. Indeed, most of our properties are expressed

in mathematical terms that allow to rigorously prove that a congestion control protocol verifies

these properties. Here, the only one assumption we make is the selfish behavior of the users. So

these properties remain very general. The six properties of an ideal congestion control protocol

are:

Stability Given each user is acting selfishly, we want the scheme to converge to a Nash equi-

librium, where nobody can increase its own satisfaction. So this equilibrium makes sense
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from the point of view of congestion control stability. Since the existence of more than

one Nash equilibrium can lead to oscillations among these equilibria, the existence and

the uniqueness of a Nash equilibrium are the conditions of stability.

Efficiency When the bandwidth allocation is Pareto optimal, nobody can have a higher satisfac-

tion with another distribution of the network resources without decreasing the satisfaction

of another user. This notion makes sense to guarantee the efficiency of a congestion con-

trol protocol. The convergence time of the scheme is another important parameter for

efficiency. The faster the convergence, the more efficient the congestion control protocol.

A fast convergence towards a Pareto optimal distribution of the network resources is the

condition of efficiency.

Fairness It is perhaps the most delicate part of congestion control. Many criteria for fairness

exist, but there is no criterion agreed on by the whole networking community. We choose

to use max-min fairness as this is a reasonable notion of fairness. If we consider for all the

users a utility function that is linearly dependent on the bandwidth seen, the max-min fair

allocation is Pareto optimal. If a user does not have a utility function that depends linearly

on the bandwidth seen he will not be able to achieve its fair share, in the sense of max-min

fairness. Therefore max-min fairness defines/imposes an upper bound on the distribution

of the bandwidth: If every user wants as much bandwidth as he can have, nobody will

have more than its max-min share. But, if some users are willing to collaborate they can

achieve another kind of fairness and in particular proportional fairness[43].

Robustnessagainst misbehaving users. We suppose that all the users act selfishly, and as there

is no restriction on the utility functions, the behavior of the users can be very aggressive.

Such a user must not decrease the satisfaction of the other users. Moreover, he should not

significantly modify the convergence speed of the scheme (see the efficiency property).

Globally, the scheme must be robust against malicious, misbehaving, and greedy users.

Scalability The Internet evolves rapidly with respect to bandwidth, size, and the number of

users. Inter-LAN, trans-MAN, and trans-WAN connections coexist. A congestion con-

trol protocol must scale on many axes: from an inter-LAN connections to a trans-WAN

connections, from a 28.8 Kbit/s modem to a 2.4 Gbit/s line. Moreover, a congestion

control protocol must scale with the number of receivers.

Feasibility This property contains all the technical requirements. We restrict ourself to the In-

ternet architecture. The Internet connects a wide range of hardware and software systems,

thus a congestion control protocol must cope with this heterogeneity. On the other hand,

a congestion control protocol has to be simple enough to be efficiently implemented. To
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be accepted as an international standard, a protocol needs to be extensively studied, the

simplicity of the protocol will favor this process.

We believe that these properties are necessary and sufficient properties of an ideal con-

gestion control protocol. Indeed these properties cover all the aspects of a congestion control

protocol, from the theoretical notion of efficiency to the practical aspect of feasibility. However,

it is not clear how we can devise a congestion control protocol that meets all these properties. In

the next section, we establish the FS paradigm that allows to devise congestion control protocols

that assure almost all of congestion control properties.

B.2.3 Definition and Validity of the FS Paradigm

A paradigm for congestion control is a model used to devise new congestion control proto-

cols. A paradigm makes assumptions and under these assumptions we can devise compatible

congestion control protocols; compatible means that the protocols have a same set of proper-

ties. Therefore, to define a new paradigm, we must clearly express theassumptionsmade and

the propertiesguaranteed by the paradigm. To be viable in the Internet, the paradigm must

be compliant with the end-to-end argument [78]. Mainly, the congestion control protocols de-

vised with the paradigm have to be end-to-end and should not have to rely on specific network

support. These issues are addressed in this section.

We first define the notion of Fair Scheduler policy.

Definition 2 (Fair Scheduler policy) A Fair Scheduler policy is a per-packet approximation

of a fluid GPS scheduling policy [65] with longest queue drop buffer management.

We note that there are many approximations of the GPS scheduling policy (see [65], [20], and

[4] for some examples). The better the approximation, the better the properties guaranteed by

the FS paradigm. The WF2Q scheduling policy [3] is a good approximation of the GPS fluid

model that perfectly suits our paradigm.

For sake of simplicity, we make a distinction between the assumption that involves the

network support, which we call that the Network Part of the paradigm (NP), and the assumptions

that involve the end systems, which we call that the End System Part of the paradigm (ESP).

The assumptions required for our new paradigm are:

� For the NP of the paradigm we assume aFair Schedulernetwork, i.e. a network where

every router implements a Fair Scheduler policy;

� For the ESP, the end users are assumed to be selfish and non-collaborative. This is a

sufficient but not a necessary condition. In particular, collaboration among the users is

possible if that increases their satisfaction.
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We call this paradigm the Fair Scheduler (FS) paradigm1. With the TCP-friendly paradigm,

the equation B.1 guarantees efficiency, stability, and fairness, however not in the sense as these

three properties were defined for an ideal congestion control protocol in section B.2.2. Since

TCP guarantees efficiency, stability, and fairnessby only onemechanism at the end system,

compromises between the three properties are unavoidable. The idea of the FS paradigm is to

rely on the support of the network to guarantee the properties required for an ideal congestion

control protocol, and to let the protocol at the end system only address the application needs.

We note that the FS paradigm, unlike the TCP-friendly paradigm, does not make any assump-

tions on the mechanism used at the end systems. The FS paradigm assumes full freedom when

devising a congestion control protocol. This characteristic of the paradigm is very appealing but

may lead to a high diversity of the congestion control mechanisms used. Therefore, one may

ask the question about the set of properties enforced by the FS paradigm. If the FS paradigm

enforces fewer properties than the TCP-friendly paradigm, the FS paradigm does not make any

sense. We show, in the following, that our simple FS paradigm enforces almost all the prop-

erties of an ideal congestion control protocol and consequently outperforms the TCP-friendly

paradigm.

Stability Under the NP and ESP hypothesis, the existence and uniqueness of a Nash equilib-

rium is assured (see [79]). The congestion control protocols devised with the FS paradigm

therefore meet the condition of stability.

Efficiency Under the NP and ESP hypothesis, even a simple optimization algorithm (like a hill

climbing algorithm) converges fast to the Nash equilibrium. However, the Nash equi-

librium is not Pareto optimal in the general case. If all the users have the same utility

function, the Nash equilibrium is Pareto optimal. One can point out that ideal efficiency

can be achieved with full collaboration of the users (see [79]). However, it is contrary

to the ESP assumptions. The congestion control scheme devised with our new paradigm

does not have necessarily ideal efficiency.

Fairness Every Fair Scheduler policy achieves max-min fairness. Moreover, as a Fair Sched-

uler policy is implemented in every network node, every flow achieves its max-min fair-

ness rate on the long term average (see [36]). Our NP assumption enforces fairness.

RobustnessUsing a Fair Scheduler enforces that the network is protected against malicious,

misbehaving, and greedy users (see [20]). While a user by opening multiple connections

can increase its share of the bottleneck, we do not expect this multiple connections effect

1Like the TCP-friendly paradigm, we compose the name of our new paradigm using the name of the funda-

mental mechanism involved in the paradigm, namely the Fair Scheduler policy.
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to be a significant weakness of the robustness property, as the number of connections that

a single user can open is limited in practice.

Scalability According to the ESP assumption, selfish and non-collaborative end users is a suf-

ficient condition. Unlike the TCP-friendly paradigm, the designer has a great flexibility

to devise scalable end-to-end congestion control protocols with the FS paradigm.

Feasibility A Fair Scheduler policy (HPFQ [4]) can be implemented today in Gigabit routers

(see [45]). So the practical application of the NP assumption is no longer an issue (see

section B.3.2 for a discussion on the practical deployment of Fair Schedulers policy in the

Internet). Moreover, even a simple algorithm will lead to an efficient congestion control

protocol. The protocol will be easier to devise and easier to evaluate.

We see that the FS paradigm does not allow to devise an ideal efficient congestion control

protocol, because the Nash equilibrium can not be guaranteed to be Pareto optimal. The simple

case that consists in considering the user satisfaction of everyone using the same linear function

of the bandwidth seen leads to ideal efficiency, as every user has the same utility function.

However, in the general case ideal efficiency is not achieved. According to the NP assumption,

every network node implements a Fair Scheduler policy, so we can manage the tradeoff among

the three main performance parameters: bandwidth, delay, and loss (see [65]). This tradeoff can

not be made with the TCP-friendly paradigm, therefore our paradigm leads to a significantly

higher efficiency, in the sense of the satisfaction of end users, than the TCP-friendly paradigm.

We have given the assumptions made and the properties enforced by the FS paradigm. The

NP contains only the Fair Scheduler assumption. As this mechanism is of broad utility – we

will show in section B.3.1 that a Fair Scheduler has a positive impact on TCP flows – it does

not violate the end-to-end argument [71]. The issues related to the practical introduction of the

paradigm are studied in section B.3.

The FS paradigm, like the TCP-friendly paradigm, applies for both unicast and multicast

since the paradigm does not make any assumption on the transmission mode. Moreover, the FS

paradigm enforces properties of great benefits for multicast flows (see section B.3.3).

In conclusion, we have defined a simple paradigm for end-to-end congestion control, called

FS paradigm, that relies on a Fair Scheduler network and only makes the assumption that the

end users are selfish and non-collaborative. We note that the FS paradigm is less restrictive

than the TCP-friendly paradigm, as it does not make any assumptions on the mechanism used

by the end users. Whereas the benefits of the FS paradigm with respect to flow isolation are

commonly agreed on by the research community, its benefits for congestion control have been

less clear since the congestion control properties are often not clearly defined. We showed that

the FS paradigm allows to devise end-to-end congestion control protocols that meet almost all

the properties of an ideal congestion control protocol. The remarkable point is that simply
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using Fair Schedulers allows to devise end-to-end congestion control protocols tailored to the

application needs, due to the great flexibility when devising the congestion control protocol

and due to the tradeoff possible among the performance parameters, while being nearly ideal

congestion control protocols.

In section B.3.3 we address how to devise a new congestion control protocol according to

the FS paradigm.

B.3 Practical Aspects of the FS Paradigm

In the previous sections we defined the FS paradigm. Now we investigate the practical issues

that come with the introduction of such a paradigm in the Internet.

B.3.1 Behavior of TCP with the FS Paradigm

In this section, we evaluate the impact of the NP assumption of the FS paradigm on the today’s

Internet. A central question if we want to deploy the FS paradigm in the today’s Internet is:

As the NP assumption requires modifications in the network nodes, how will the use of a Fair

Scheduler affect the behavior and performance of TCP flows? Suter showed the benefits of a

fair scheduler for TCP flows [83]. While his results are very promising, they are based on sim-

ulations for a very simple topology. We decided to explore the influence of the NP hypothesis

on TCP with simulations on a large topology.

The generation of realistic network topologies is a subject of active research [23]. It is

commonly agreed that hierarchical topologies better represent a real Internetwork than do flat

topologies. We usetiers ([23]) to create hierarchical topologies consisting of three levels:

WAN, MAN, and LAN that aim to model the structure of the Internet topology [23] and call

this Random TopologyRT.

We give a brief description of the topology used for all the simulations. The random topol-

ogy RT is generated withtiers v1.1 using the command line parameterstiers 1 20 9

5 2 1 3 1 1 1 1 . A WAN consists of 5 nodes and 6 links and connects 20 MANs, each

consisting of 2 nodes and 2 links. To each MAN, 9 LANs are connected. Therefore, the core

topology consists of5 + 40 + 20 � 9 = 225 nodes. The capacity of WAN links is 155Mbit/s, the

capacity of MAN links is 55Mbit/s, and the capacity of LAN links is 10Mbit/s. The WAN link

delay is uniformly chosen in [100,150] ms, the MAN link delay is uniformly chosen in [20,40]

ms, and the LAN link delay is 10 ms. Each LAN is represented as a single leaf node in the tiers

topology. All the hosts connected to the same LAN are connected to the same leaf node and

send their data on the same 10 Mbit/s link.

The Network Simulator ns [62] is commonly agreed to be the best simulator for the study
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of Internet protocols. We use ns with the topology generated by tiers. We choose, for each

simulation, either a small queue length (50 packets) or a large queue length (500 packets) for

both FIFO and FQ scheduling, i.e. the FQ shared buffer is 50 or 500 packets large. The buffer

management used with FIFO scheduling is drop tail and the buffer management used with FQ

scheduling is longest queue drop with tail drop. The TCP flows are simulated using the ns

implementation of TCP Reno, with a packet size of 1000 bytes and a receiver window of 5000

packets, large enough not to bias the simulations. The TCP sources have always a packet to

send.

Our simulation scenarios are the following. We add fromk = 50 to k = 1600 TCP flows

randomly distributed on the topology RT, i.e. the source and the receiver of a flow are randomly

distributed among the LANs. We do, for each configuration of the TCP flows, an experiment

with FIFO scheduling and an experiment with FQ scheduling, for both with a queue size of 50

and 500 packets. These experiments show the impact of the NP assumption on unicast flows.

All the simulations are repeated five times and the average is taken over the five repetitions. All

the plots are with 95% confidence intervals. We choose a simulated time of 50 seconds, large

enough to obtain significant results. All the TCP flows start randomly within the first simulated

second. We compute the mean throughput�Fi over the whole simulation for each TCP flowsi,

i = 1; :::; k.

We consider three measures to evaluate the results:

� the mean throughput�B = 1
k

Pi=k
i=1

�Fi. �B shows the efficiency of the scheduling discipline

in the sense of the satisfaction of the users if we consider a utility function that is linearly

dependent of the bandwidth seen for each receiver.

� the minimum throughputmini=1;:::;k Fi shows the worst case performance for any re-

ceiver. We say that an allocation is max-min fair if the smallest assigned bandwidth seen

by a user is as large as possible and, subject to that constraint, the second-smallest as-

signed bandwidth is as large as possible, etc. (see [36]). So the minimum throughput

shows which scheduling discipline leads to the bandwidth allocation closest to the max-

min fair allocation.

� the standard deviation� =
q

1
k�1

Pi=k
i=1( �Fi � �B)2 gives an indication about the uniformity

of the bandwidth distribution among the users.

The Fig. B.2 shows the mean throughput for all the receivers as the number of TCP flows

increases, and table B.1 gives the loss rate for a 50 second and a 200 second long simulation

with 1000 TCP flows in function of the scheduling policy and of the queue size. We first note,

in Fig. B.2, that a larger queue size leads to a higher mean throughput. Indeed, as the buffer

size increases the amount of time the bottleneck link is fully utilized increases too. Therefore,
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Figure B.2: FIFO versus FQ, mean throughput�B for an increasing the number of unicast flows

k = 50; :::; 1600 and for two size of queue length.

the mean throughput will increase. On the other hand, when we increase the buffer size, the

amount of time required for a source to notice the congestion will increase(i.e. buffer overflow),

resulting in an increase of the loss rate as shown in table B.1.

buffer Duration of the simulation

size 50 seconds 200 seconds

FIFO FQ FIFO FQ

50 packets 1% 0.82% 0.35% 0.33%

500 packets 2.3% 1.8% 0.57% 0.52%

Table B.1: Loss rate for a 50 second and 200 second long simulation with 1000 TCP flows as a

function of the queue size and the scheduling policy.

In all cases, we choose static scenarios, i.e. scenarios where all the TCP flows start at the

beginning of the simulation and where there is no arriving nor departing flows. Our aim, with

this kind of scenarios, is to avoid noise due to dynamic scenarios. At the beginning of a sim-

ulation, all the TCP sources must discover the available bandwidth. Therefore, there is a high

probability that the bottleneck queues overflow during a slow start phase. However, the additive

increase multiplicative decrease mechanism of TCP leads to an equilibrium. When a TCP flow

reaches the equilibrium, the bottleneck queue overflows during a congestion avoidance phase.

Therefore, the TCP source sees only one loss per TCP cycle. When the system comes close

to the equilibrium, the TCP sources see bottleneck queues overflow during congestion avoid-

ance phases. The mean loss rate decreases, as a bottleneck queue overflow, during a congestion

avoidance phase, leads to only one loss whereas a bottleneck overflow, during a slow start phase,

leads to a large number of losses.
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Figure B.3: FIFO versus FQ, increasing the number of unicast flowsk = 50; :::; 1600 and for

two size of queue length.

We see in table B.1 that for a longer simulation time (200 seconds versus 50 seconds) the

difference in the loss rate between a queue size of 50 packets and of 500 packets becomes

smaller. Indeed, the longer the simulated time is, the closer to the equilibrium the system is.

For a system close to the equilibrium most of the bottleneck queues overflow during congestion

avoidance phases, and the source detects the overflow with only one loss, independently of the

queue size. The closer to the equilibrium the system is, the more independent to the queue size

the loss rate is. The loss rate is a good indicator of the stability of the system.

In Fig. B.2, we see that the FQ scheduling leads to a higher mean throughput than FIFO

scheduling. For instance, for 1000 TCP flows (k = 1000) the mean throughput�B obtained with

FQ scheduling is 9% higher than with FIFO scheduling for both small and large queue sizes.

We see in table B.1 that the loss rate is lower with FQ scheduling than with FIFO scheduling.

Since the loss rate is a good indicator of the stability of the system, FQ scheduling improves

the stability of the system and, therefore, improves the speed of convergence of the TCP flows

toward equilibrium. As TCP is the most efficient at the equilibrium, FQ scheduling leads to a

higher throughput than FIFO scheduling. We note, on Fig. B.2, that for a small number of TCP

flows, the mean throughput obtained with FIFO scheduling is higher than with FQ schedul-

ing. However, as the confidence intervals largely overlap (the mean value of one measure in

contained in the confidence interval of the other one), this result is not statistically significant.

FQ scheduling increases the stability of the system, improves the speed of convergence

toward the equilibrium and the mean throughput of the TCP flows. Figures B.3 shows that FQ

scheduling significantly improves fairness among the TCP flows. Indeed, Fig. B.3(a) shows
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that FQ scheduling always leads to a lower standard deviation than FIFO scheduling, and the

minimum throughput (see Fig. B.3(b)) is higher with FQ scheduling than with FIFO scheduling.

Therefore, FQ scheduling leads to a fairness closer to max-min fairness than FIFO scheduling.

In conclusion, whereas the NP assumption requires changes in the network, which is a

hard task, our simulations show that already the increase in TCP performances justifies the NP

assumption.

B.3.2 Remarks on the Deployment of the New Paradigm

One practical question concerning the FS paradigm is its deployment in the Internet. First one

can note that the issues concerning the deployment of the paradigm are only related to the de-

ployment of theFair Schedulercapability in the routers. The deployment of the end-to-end

protocols is not an issue due to the NP assumption, since the paradigm enforces no constraint

at the end system. For a new application, one can easily develop an end-to-end congestion con-

trol protocol for this application and distribute this protocol with the application. On the other

hand, for existing applications, we can develop end-to-end congestion control protocols and so

incrementally upgrade these applications without negative impact on the other applications. In-

deed, the ones who use the new protocol will see a significant enhancement in the performance

whereas the others, who do not upgrade yet, do not see a significant modification in their per-

formance. So the FS paradigm allows for an easy deployment of the end-to-end protocols. This

is not the case with the TCP-friendly paradigm, since it heavily relies on the collaboration of

all the end users. If one wants, in the case of a collaborative paradigm, to add a new congestion

control protocol, it has to implement the same mechanism than the previous congestion control

protocols. If one wants to change this mechanism, one has to change it in every end user, which

is practically infeasible.

Second, the deployment of the NP requires that every router implements a Fair Scheduler.

If we deploy an end-to-end protocol without the NP assumption, we can cause congestion col-

lapse. Deploying the NP in the Internet seems unrealistic. However we have to take into account

the administrative reality of the Internet. The Internet is an interconnection of ISPs. Each ISP

has the full control of its network and offers specific services on its network, independent of the

rest of the Internet. For instance, some ISPs start providing the multicast functionality inside

their network whereas Internet, as a whole, is still not multicast capable2. ISPs are operating

in a competitive environment that forces them to innovate and improve their service offered to

keep the customers. In the past, ISPs have continuously upgraded the capacity of their links

and installed, for instance, caches to improve their service. If an ISP has installed caches, his

2We can note similarities in the deployment of the multicast functionality per ISP and the deployment of the

FS paradigm per ISP as both require that all the routers support the respective capability.
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client will find with a probabilityP (asP ranges between 0.5 and 0.7 according to [76]) the

Web documents they access in the ISP’s cache. Upgrading all the routers within an ISP with a

Fair Schedulerwill give a number of immediate benefits. Customers surfing on the Web will

have a higher TCP performance (around 10% higher, see section B.3.1) and therefore shorter

download times (with a probabilityP ) whenever a document is in the cache or on a server di-

rectly connected to the same ISP. If the ISP is also multicast capable, its clients can also use

new end-to-end protocols that significantly improve the performance of the multicast connec-

tion, like PLM [50]. The deployment of the FS paradigm will be very easy for a new ISP who

has no existing “legacy infrastructures”.

In conclusion, the deployment of the new paradigm can be incremental. For an ISP, up-

grading all its routers with Fair Schedulers is a substantial investment, but we believe that this

investment will improve the quality of the service, which can be a significant commercial argu-

ment. So the ISPs have a financial interest in the deployment of this paradigm.

B.3.3 PLM: A Pragmatic Validation of the FS Paradigm

In this section we explain how to apply the FS paradigm for the design of a new congestion

control protocol through an example: PLM. We just give an overview of the PLM protocol, for

details the reader is referred to [50]. The ESP part of the FS paradigm says that the assumption

of selfish and non-collaborative end users is a sufficient but not a necessary condition. There-

fore, when devising a new congestion control protocol with the FS paradigm, we just address

the application needs, and we do not have to take care about the properties required for a con-

gestion control protocol. These properties will automatically be enforced by the paradigm. For

instance, we do not have to care explicitly about fairness, we just have to find a mechanism

the satisfies the users. This fact considerably simplifies the design of new congestion control

protocols.

Unlike the TCP-friendly paradigm, the FS paradigm allows to make a separation between

the properties required by the designer for a congestion control protocol and the requirement of

the users. We note that the properties required by the designer and the requirements of the users

may overlap.

We introduced a new paradigm that, in theory, considerably simply the design of new con-

gestion control protocols. To validate our claim, we apply the FS paradigm for the design of a

new cumulative layered multicast congestion control protocol. We showed in [49] that the two

most popular cumulative layered multicast congestion control protocols RLM [55] and RLC

[87] suffer from pathological behaviors. Our conclusion was that the design of a cumulative

layered multicast congestion control protocol with the TCP-friendly paradigm is very complex.

In fact, most of the problems in RLM and RLC come from the bandwidth inference mechanism

that must guarantee properties like efficiency, stability, and fairness. The bandwidth inference
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mechanism is based on congestion signal, such as loss or an ECN [29]. However, congestion

signals have many weaknesses: the bottleneck queue must overflow; the congestion signal, for

instance a gap in the sequence number of the packets, is received far after congestion has started;

the congestion signal does not give information on the available bandwidth.

The Packet Pair (PP) bandwidth inference mechanism [44], introduced by Keshav, allows

to obtain an explicit available bandwidth notification. Indeed, Keshav showed that when one

sends a PP, i.e. two packets sent as fast as possible (back-to-back) into a network where every

router is a Fair Queuing router, the packets of the PP will be spaced out at the receiver by

the available bandwidth on the path between the source and the receiver. The PP bandwidth

inference mechanism is simple and does not have the drawbacks of the bandwidth inference

mechanisms based on congestion signals.

We decided to devise an new cumulative layered multicast congestion control protocol,

called PLM, based on the PP mechanism. We do not use any complex filtering mechanism.

At the receiver, we simply collect the PP estimates of the available bandwidth and add or drop

layers according to these estimates (for more details see [50]). We do not add any mechanism

to improve stability or fairness.

Our evaluation of the PLM protocol showed that PLM is a nearly ideal congestion control

protocol. PLM is stable, the receivers converge fast to the available bandwidth and do not

suffer from pathological oscillations. PLM is efficient, PLM converges fast to the available

bandwidth and tracks this available bandwidth with no loss induced, even in a self similar

and multifractal environment. PLM is fair with the other PLM sessions and with TCP. PLM is

robust against misbehaving sources. PLM is scalable due to the cumulative layered architecture.

PLM is feasible, it is a very simple protocol that is easy to evaluate. Moreover, PLM was

introduced in the ns [62] distribution and can easily be evaluated. PLM outperforms all the

previous cumulative layered multicast congestion control protocols like RLM and RLC.

In summary, the FS paradigm makes it very easy to devise PLM, a nearly ideal congestion

control protocol. PLM is clearly a pragmatic validation of the FS paradigm.

B.4 The FS Paradigm versus the TCP-friendly Paradigm

TCP, which has been for many years the main congestion control protocol, has indisputably

contributed to the stability and the efficiency of the Internet. However, every new congestion

control protocol deployed in the Internet must be TCP-friendly.

Both the TCP-friendly and the FS paradigm allow to devise end-to-end congestion control

protocols compatible with TCP. A paradigm is only a formal way to define how to devise con-

gestion control protocols. To compare two paradigms we must look at the properties of the

protocols devised with these paradigms. We compare the congestion control protocols accord-
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ing to the properties of an ideal congestion control protocol. The results are summarized in

table B.2 where a+ shows which paradigm outperforms the other one for a given property.

Properties FS paradigm TCP-friendly paradigm

Stability + �
Efficiency + �
Fairness + �

Robustness + �
Scalability + +

Feasibility � +

Table B.2: The FS paradigm versus the TCP-friendly paradigm.

The TCP-friendly paradigm does not lead to ideal stability neither efficiency, due to the lack

of an assumption on the scheduling discipline (with selfish users only a Fair Scheduling can

lead to ideal stability and in some case to ideal efficiency [79]). The FS paradigm does not

lead to ideal efficiency in the general case either. However, the FS paradigm allows a tradeoff

among the performance parameters bandwidth, delay, and loss which is impossible with the

TCP friendly paradigm. The TCP-friendly paradigm does not lead to ideal fairness, the fairness

of this paradigm is biased by theRTT . The weakest point of the TCP-friendly paradigm is its

lack of robustness: As this paradigm relies on the collaboration of the end users, it is easy to

grab the bandwidth from the TCP-friendly flows. Both the TCP-friendly paradigm and the FS

paradigm are scalable.

The weakest point of the FS paradigm is feasibility. The TCP-friendly paradigm is the most

feasible paradigm because it does not require any modification in the current Internet. The FS

paradigm requires modification of the scheduling inside routers. We showed in section B.3.2

that this deployment is feasible per ISP and that ISPs have a financial interest in this deploy-

ment. We believe that the FS paradigm is an appealing solution. In particular, the FS paradigm

shows that with a reasonable network support, we can considerably simplify the design of new

congestion control protocols, whereas the design of new congestion control protocols with the

TCP-friendly paradigm is one of the most complex problem in networking.

B.5 Related Work

There is surprisingly little literature on congestion control paradigms. Most of the studies are

about how to devise TCP-friendly end-to-end congestion control schemes. See [33] and [30]

for unicast congestion control, and see [55], and [73] for multicast congestion control.
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Keshav [44] presents a comprehensive study of congestion control. While we agree with

him in many points, our approach to the problem is fundamentally different. Keshav’s aim

was to study the problems of congestion control and to present as a solution a new unicast

congestion control scheme. Our aim is to define a model (a new paradigm) to devise end-to-end

congestion control schemes. To achieve this goal, we define a set of properties for congestion

control schemes. The definitions are abstract (they do not take into account any mechanism)

and use a mathematical foundation. This formalism allows us to prove the feasibility of the FS

paradigm (see section B.2.3) and to define a general background for the study of end-to-end

congestion control.

Shenker applies game theory to study congestion control [79] and is complementary to ours.

He shows that one can achieve, with the selfish and non-collaborative behavior of the users, a

congestion control that has a set of desired good properties. The only requirement is to have

switching with afair share allocation function. Shenker shows the benefits of the fair share

policy for congestion control. However, he does not clearly identify the properties of an ideal

congestion control protocol and does not define the paradigm for devising congestion control

protocols. We formally define the problem of congestion control and propose a paradigm for

congestion control. Shenker presents mathematical results that validate our work.

Lefelhoczet al.discuss a new paradigm for best effort congestion control [46] and provide

a good discussion of the question: “Why do we need a new paradigm?” The solution proposed

is a set of four mechanisms required for congestion control: scheduling, buffer management,

feedback, and end adjustment. These mechanisms meet the FS paradigm: the scheduling and

the buffer management are part of our NP; the feedback and the end adjustment are part of

the end-to-end protocol. Our study shows why these mechanisms are sufficient. Moreover, we

show that selfish and non-collaborative end users can achieve nearly ideal congestion control.

In their study, Lefelhoczet al.explain why theybelievethe four mechanisms are necessary and

sufficient, we develop the formalism needed toshowwhy they are necessary and sufficient. Our

results can be seen as a generalization of their study.

Another way to devise a new paradigm is the Diffserv or Intserv paradigm. There is active

research on these topics, but to the best of our knowledge, there is no similar study to ours with

these paradigms. Moreover the Diffserv and Intserv paradigms lead to much more complex

mechanisms than the FS paradigm, for instance these paradigms are not viable without pricing

(see [13]). We believe that, even in a network with quality of service, a best effort class will

always be popular and useful. The FS paradigm is a paradigm for best effort networks and, in

particular, it applies to a best effort class.
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B.6 Conclusion

We defined a new paradigm, called FS paradigm, for end-to-end congestion control protocols.

This paradigm relies on a Fair Scheduler network and makes the assumption that the end users

are selfish and non-collaborative. Whereas the FS paradigm is commonly agreed to have inter-

esting properties, the research community has no clear understanding of what these properties

precisely are. This lack of formalism leads to a mistrust toward this paradigm, which explains

why end-to-end congestion control protocols have not been studied with the FS paradigm.

We start the paper with a definition of the notion of congestion and formally define a set of

six properties for an ideal congestion control protocol. These properties are based on notions

of game theory and microeconomics, thus allowing the use of the formally proven results pre-

viously established using these theories. The rigorous definition of the properties is important

since this definition is highly reusable (we only make the assumption of selfishness for the defi-

nitions) and this definition allows to rigorously prove the validity of the FS paradigm. Then, we

define the FS paradigm. We show that this new paradigm allows to devise congestion control

protocols that have almost all the properties of an ideal congestion control protocol. The main

strength of the FS paradigm isthe separation between the properties required by the designer of

the protocol and the requirements of the end system. There is no restriction on the end system

when devising a new congestion control protocol, and the FS paradigm guarantees almost all

the properties of an ideal congestion control protocol. To the best of our knowledge we are the

first that define the properties of an ideal congestion control protocol, define a paradigm for the

design of end-to-end congestion control protocols with such a formalism, and show the validity

of this paradigm, in the sense of the properties of an ideal congestion control protocol.

The second part of our study is about the practical aspects related with the introduction of

the FS paradigm in the Internet. Our simulations on a large topology show the great benefits

of the Fair Scheduler policy for TCP flows. The Fair Scheduler policy improves the stability of

a system of TCP flows and increases the mean throughput of the TCP flows by roughly 10%

compared to the FIFO scheduling policy. As indicated, the incremental deployment by a single

ISP will yield immediate benefits to the ISP’s clients. In conclusion, the FS paradigm, applied

in the today’s Internet, leads immediately to great benefits for the TCP flows and opens a new

way in devising very efficient unicast and multicast end-to-end congestion control protocols.

The FS paradigm offers an appealing alternative to the TCP-friendly paradigm. Finally, we

showed how to apply the FS paradigm to the design of a new congestion control protocol. We

devised, according to the FS paradigm, a new cumulative layered multicast congestion control

protocol based on the packet pair mechanism. This protocol, called PLM [50], outperforms

all the previous cumulative layered multicast congestion control protocols, and it verifies the

properties of an ideal congestion control protocol, as predicted by the FS paradigm, whereas
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we do not address any of these properties in the design of the protocol. PLM is a pragmatic

validation of the FS paradigm.
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Appendix C

PLM: Fast Convergence for Cumulative

Layered Multicast Transmission Schemes

Abstract

A major challenge in the Internet is to deliver live audio/video content with a good

quality and to transfer files to a large number of heterogeneous receivers. Multicast and

cumulative layered transmission are two mechanisms of interest to accomplish this task

efficiently. However, protocols using these mechanisms suffer from slow convergence time,

lack of inter-protocol fairness or TCP-fairness, and loss induced by the join experiments.

In this paper we define and investigate the properties of a new multicast congestion

control protocol (called PLM) for audio/video and file transfer applications based on a

cumulative layered multicast transmission. A fundamental contribution of this paper is

the introduction and evaluation of anewandefficienttechnique based on packet pair to

infer which layers to join. We evaluated PLM for a large variety of scenarios and show

that it converges fast to the optimal link utilization, induces no loss to track the available

bandwidth, has inter-protocol fairness and TCP-fairness, and scales with the number of

receivers and the number of sessions. Moreover, all these properties hold in self similar and

multifractal environment.

Keywords: Congestion Control, Multicast, Capacity inference, Cumulative layers, Packet

Pair, FS-paradigm.

C.1 Introduction

Multimedia applications (audio and video) take a growing place in the Internet. If multiple users

want to receive the same audio/video data at the same time, multicast distribution is the most

efficient way of transmission. To accommodate heterogeneity, one can use a layered source

coding where each layer is sent to a different multicast address and the receivers subscribe to

107
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as many layers as their bottleneck bandwidth permits. The multimedia applications can easily

be transmitted using cumulative layers: each higher layer contains a refinement of the signal

transmitted in the lower layers. File transfer to a large number of receivers will probably be-

come an important application for software updates or electronic newspaper posting. Multicast

distribution with a cumulative layer coding based on FEC (see [86]) is an efficient solution to

this problem.

A receiver-driven cumulative layered multicast congestion control protocol (RLM) was first

introduced by Steven McCanne [55] for video transmission over the Internet. RLM has several

benefits: First, the cumulative layered transmission uses a natural striping of the multimedia

streams and achieves a very efficient use of the bandwidth as the different layers do not con-

tain redundant information but refinements. Second, the receiver-driven approach allows each

receiver to obtain as much bandwidth as the path between the source and this receiver allows.

However, RLM has also some fundamental weaknesses. RLM is not fair (neither inter-RLM

fair nor TCP-fair), RLM converges slowly to the optimal rate and tracks this optimal rate slowly

(after a long equilibrium period, RLM can take several minutes to do a join experiment and so

to discover bandwidth that became recently available ), finally RLM induces losses.

A TCP-friendly version of a cumulative layered receiver-driven congestion control protocol

was introduced by Vicisano [87]. Whereas this protocol solves some fairness issues it does not

solve issues related to the convergence time (the subscription to the higher layers is longer than

the subscription to the lower layers), and does not solve the issues related to the losses induced.

We want a congestion control protocol for multimedia and file transfer applications that

guarantees fast convergence, high throughput and does not induce losses. We introduce in

[48] a paradigmto devise end-to-end congestion control protocols only by taking into account

the requirements of the application (congestion control protocols tailor-made to the application

needs). Our paradigm is based on the assumption of a Fair Scheduler network i.e. a network

where every router implements a PGPS-like [65] scheduling with longest queue drop buffer

management. We show that this assumption is practically feasible. Moreover this paradigm

only assumes selfish and non-collaborative end users, and guarantees under these assumptions

nearly ideal congestion control protocols.

To practically validate the theoretical claims of our paradigm, we devise a new multicast

congestion control protocol for multimedia (audio and video) and file transfer applications. We

devise a receiver-driven cumulative layered multicast congestion control protocol that converges

fast to the optimal rate and tracks this optimal rate without inducing any loss. The cornerstone

of our congestion control protocol is the use of packet pair (PP) to discover the available band-

width (see [44]). We call the protocolpacket Pair receiver-driven cumulative Layered Multicast

(PLM).

In section C.2 we introduce the FS-paradigm. Section C.3 presents the PLM protocol. We
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evaluate PLM in simple environments to understand its major features in section C.4 and in

a realistic environment in section C.5. Section C.6 explores the practical validation of the

theoretical claims of the FS-paradigm, section C.7 presents the related work, and we conclude

the paper with section C.8.

C.2 The FS Paradigm and Its Application

A paradigm for congestion control is a model used to devise new congestion control protocols.

A paradigm makes assumptions and under these assumptions we can devise compatible con-

gestion control protocols; compatible means that the protocols have the same set of properties.

Therefore, to define a new paradigm, we must clearly express theassumptionsmade and the

propertiesenforced by the paradigm.

In the context of a formal study of the congestion control problem as a whole, we defined the

Fair Scheduler (FS) paradigm (see [48]). We define a Fair Scheduler to be a Packet Generalized

Processor Sharing scheduler with longest queue drop buffer management(see [65], [82], [20],

and [4] for some examples). For clarity, we make a distinction between the assumption that

involves the network support – we call this theNetwork Partof the paradigm (NP) – and the

assumptions that involve the end systems – we call this theEnd System Partof the paradigm

(ESP).

The assumptions required for the FS paradigm are:

� For the NP of the paradigm we assume aFair Schedulernetwork, i.e. a network where

every router implements a Fair Scheduler.

� For the ESP, the end users are assumed to be selfish and non-collaborative.

The strength of this paradigm is that under these assumptions we can devise nearly ideal end-

to-end congestion control protocols (in particular fair with TCP), i.e. different protocols that

have the following set of properties: stability, efficiency, fairness, robustness, scalability, and

feasibility. The main constraint of the FS-paradigm is the deployment of FS routers. However,

we explained in [48] how and why this deployment is feasible per ISP. The only assumption

that the paradigm makes on the end-user is its selfish and non-collaborative behavior (we do not

require these properties, we just do not need anything else to achieve the properties of an ideal

congestion control protocol).

We consider for the PLM congestion control protocol multimedia (audio and video) and file

transfer applications. The requirements of multimedia applications are very specific. We must

identify how to increase the satisfaction of a user of a multimedia application: (i) A user wants

to receive the highest quality (high throughput, low number of losses) and (ii) wants to avoid

frequent modifications in the quality perceived. The requirement of a file transfer application is
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a small transfer time (high throughput, low loss rate). In the next section we define mechanisms

that allow to meet these requirements. We devise the PLM protocol with the FS-paradigm. We

assume a Fair Scheduler network and all the mechanisms at the end-system try to maximize

the satisfaction of the users (selfish behavior). What is remarkable with this paradigm is that

whereas the end-users are selfish, we achieve the properties of an ideal end-to-end congestion

control protocol.

To understand why the FS-paradigm is of great benefit to devise congestion control protocols

we take a simple example (examples specific to PLM are presented in section C.6). First we

have to identify the requirements of a user (i.e. how to increase his satisfaction). For our purpose

we suppose that the user wants to converge fast to an optimal rate and to be stable at this optimal

rate. The FS-paradigm guarantees that even asimplecongestion control algorithm will converge

and be stable at this optimal rate. This is the cornerstone of the practical application of the FS-

paradigm. We do not have to devise complicated congestion control protocols to converge to

the optimal rate and to stay at this optimal rate. Of course, the FS-paradigm does not give this

simple algorithm, but if one finds a simple algorithm that converges to the optimal rate, this

algorithm leads to a congestion control protocol that will converge fast and will be stable.

PLM is a demonstration of the practical application of the FS-paradigm. We have a simple

mechanism, Packet Pair, and do not introduce any complicated mechanism to improve the con-

vergence nor the stability. We discuss in section C.6 some implications of the FS-paradigm on

the design of PLM.

C.3 Packet Pair Receiver-Driven Layered Multicast (PLM)

Our protocol PLM is based on a cumulative layered scheme and on the use of packet pair to

infer the bandwidth available at the bottleneck to decide which are the appropriate layers to

join. PLM assumes that the routers are multicast capable but does not make any assumption on

the multicast routing protocol used. PLM is receiver driven, so all the burden of the congestion

control mechanism is at the receivers side. The only assumption we make on the sender is the

ability to send data via cumulative layers and to emit for each layer packets in pairs (two packets

are sent back-to-back). We devise PLM with the FS-paradigm, in particular we assume a Fair

Scheduler network. In the next two sections we define the two basic mechanisms of PLM: The

receiver-driven cumulative layered multicast principle and the packet pair mechanism.
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Figure C.1: Example of two layers following two different multicast trees.

C.3.1 Introduction to the Receiver-Driven Cumulative Layered Multicast

Principle

Coding and striping multimedia data onto a set ofn cumulative layersL1; � � � ; Ln simply means

that each subsetfL1; � � � ; Ligi�n has the same content but with an increase in the quality asi

increases. This kind of coding is well suited for audio or video applications. For instance, a

video codec can encode the signal in a base layer and several enhancement layers. In this case,

each subsetfL1; � � � ; Lig has the same content and the higher number of layers we have, the

higher quality video signal we obtain. For audio and video applications, the cumulative layered

organization is highly dependent of the codec used. Vicisano in [86] studies two cumulative

layered organizations of data, based on FEC, for file transfer. In this case the increase in the

quality perceived is related to the transfer time.

Once we have a cumulative layer organization it is easy for a source to send each layer on a

different multicast group. In the following, we use indifferently the terminologymulticast group

andlayer for a multicast group that carries a single layer. To reap full benefits of the cumulative

layered multicast approach for congestion control, a receiver-driven congestion control protocol

is needed. When congestion control is receiver-driven, it is up to the receivers to add and drop

layers (i.e. to join and leave multicast group) according to the congestion seen. The source

has only a passive role, consisting in sending data in multiple layers. Such a receiver-driven

approach is highly scalable and does not need any kind of feedback, consequently solves the

feedback implosion problem.

One fundamental requirement with cumulative layered congestion control is that all the

layers must follow the same multicast routing tree. In Fig. C.1 we have one multicast source and

two receivers. The source sends data on two layers, each layer following a different multicast

tree. Imagine congestion at the bottleneckB1, receiverR1 will infer that it should reduce its

number of layers. As we use cumulative layers we can only drop the highest layer:L2. However

this layer drop will not reduce congestion at bottleneckB1. When the layers do not follow the
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same multicast routing tree, the receivers can not react properly to congestion.

One of the weakness of the cumulative layered congestion control protocols is the layer

granularity. In fact this granularity is not a weakness for audio and video applications. Indeed, it

makes no sense to adjust a rate with a granularity of, for instance, 10 Kbyte/s, if this adjustment

does not improve the satisfaction of the users. Moreover a user may not perceive fine-grain

quality adjustments. We strongly believe that a standardization effort should be made on the

characteristics of the perceived quality compared to the bandwidth used. These characteristics

are codec dependent. Imagine, for the purpose of illustration, the following classification for

audio broadcast: quality 1: 10 Kbit/s (GSM quality); quality 2: 32 Kbit/s (LW radio quality);

quality 3: 64 Kbit/s (quality 2 stereo); quality 4: 128 Kbit/s (FM radio quality); quality 5:

256 Kbit/s (quality 4 stereo). It is clear, in this example, that there is no benefit in creating an

intermediate layer as this layer will not create a significant modification in the perceived quality.

If a user does not have the minimum bandwidth required, he can not connect to the session. Who

can have satisfaction in listening a sonata of J.S. Bach with a lower quality than GSM quality?

Therefore, we do not believe that the layer granularity is a weakness for congestion control for

audio and video applications.

For file transfer applications, the layer granularity leads to a higher transfer time (depen-

dent on the layer distribution) than rate/window based solutions in case of small homogeneous

groups. However, a sender rate/window based multicast congestion control protocol must adapt

to the slowest receiver. In case of high heterogeneity of bandwidth, the layered scheme is clearly

the most efficient. It is not the purpose of this paper to study how much bandwidth should be

given to each layer.

All the previous multicast layered congestion control schemes are based on CBR layers.

The protocols like RLM heavily rely on the accurate knowledge of the throughput of each

layer to infer the available bandwidth. If a layer is added whereas this layer uses less than

its regular throughput, the join experiment becomes meaningless. In the case of PLM, as the

bandwidth inference is not based on join experiments but on PP estimate, even if a layer uses

less than its regular throughput, the bandwidth inference is still accurate. Therefore, PLM can

accommodate VBR layers if we can define an upper bound of the bandwidth reaches by each

layer. PLM will simply assume that each layer is CBR with a bandwidth defined by the upper

bound of the VBR layers. However, this solution can be very inefficient in case of VBR layers

with a large standard deviation and a small mean throughput. One solution is to have a protocol

that dynamically adapt its layers to the VBR layers. Managing dynamic layers is very complex

and is an area for future research. In fact, we do not see any strong argument in favor of VBR

encoding compared to CBR encoding. Even if CBR encoding can result in a slight decrease in

quality, the ease of exploitation of CBR layers is a strong argument in favor of CBR codec. The

study of a codec to get the appropriate layer distribution is beyond the scope of this paper.
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In the following, we simply assume that we have a given set of CBR layers, without making

any assumptions on the layer granularity.

C.3.2 Receiver-Driven Packet Pair Bandwidth Inference

The packet pair (PP) mechanism was first introduced by Keshav [44] to allow asourceto infer

the available bandwidth. We define areceiver-drivenversion of packet pair. Let thebottleneck

bandwidthbe the bandwidth of the slowest link on the path between the source and a receiver.

Let the available bandwidthbe the maximum bandwidth a flow can obtain. We assume a

network where every router implements a Fair Scheduler. If a source sends two packets back

to back (i.e. a packet pair), the receiver can infer the available bandwidth for that flow from the

spacing of the packet pair and the packet size. By periodically sending packet pairs, the receiver

can track the available bandwidth. The main feature of the PP bandwidth inference mechanism,

unlike TCP, is that itdoes not require losses. Indeed, the bandwidth inference mechanism is

based on measuring the spacing of the PPs and not on measuring loss.

For the packet pair bandwidth inference mechanism to succeed, the Fair Scheduler must be

a fine approximation of the fluid Generalized Processor Sharing (GPS). Bennet and Zhang show

that the Packet Generalized Processor Sharing (PGPS) is not a fine enough approximation of

the GPS system for the packet pair mechanism to succeed. However, they propose a new packet

approximation algorithm called WF2Q that perfectly suits the packet pair bandwidth inference

mechanism (see [3] for a discussion on the impact of the packet approximation of GPS system

and for the details of the WF2Q algorithm). In the following, we assume an algorithm for the

Fair Scheduler that is a fine approximation (in the sense of the packet pair mechanism) of the

GPS system like the WF2Q algorithm.

The great interest of a receiver-based version of packet pair is twofold. First, we have

considerably less noise in the measurement (see [67]). In the sender-based version, the packet

pair generates two acknowledgments at the receiver and it is the spacing of these Acks that is

evaluated at the sender to derive the available bandwidth. However, if we have bottleneck on

the back-channel, the Acks will be spaced by the back-channel bottleneck and not by the data

channel bottleneck. Second, the receiver can detect congestion before the bottleneck queue

starts to build and far before the bottleneck queue overflows. A signal of congestion is a packet

pair estimate1 of the available bandwidth lower than the current source throughput. In the

simplest case where an estimate is given by a PP measurement, the first PP that leaves the

queue after congestion occurs is a signal of this congestion. The delay between the congestion

event at the bottleneck and the receiver action (to this congestion) is the delay for the PP to go

1The appropriate estimator must be defined in the congestion control protocol. We define the (simple) estimator

for PLM in section C.3.3.
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from the bottleneck to the receiver (roughly the propagation delay from the bottleneck to the

receiver). The PP bandwidth inference mechanism does not need losses to discover the available

bandwidth and its receiver-driven version allows a receiver to react to congestion before the

bottleneck queue overflows. We say that the receiver driven PP bandwidth inference mechanism

does not induce losseswhen discovering the available bandwidth. An original consequence

(unlike all the congestion control protocols that consider losses as signals of congestion) is

that PLM can work without modification and no loss of performance on a lossy medium like a

wireless link.

It is commonly argued that PP is very sensitive to network conditions. We identify two ma-

jor components that can adversely impact PP. First, the physical network characteristics (load

balancing, MAC layer, etc.). Second, the traffic pattern (PP estimate in a self similar and multi-

fractal environment).

The physical network characteristics can indeed adversely impact PP. However, they can

aversely impact all the congestion control protocols. For instance, load balancing on a packet

basis clearly renders the PP bandwidth inference mechanisms meaningless but the TCP band-

width inference mechanisms as well. How can you estimate the RTT if one can not assume that

all the packets take the same path (or at least if one can not identify which packet takes which

path). Most of the physical network noise can be filtered with appropriate estimators (see [44]).

We leave this question as a future research.

The traffic patterndoes not adversely impactPP measurements. A PP leaving the bottleneck

queue will be spaced by the available bandwidth for the relevant flow. As real traffic in the Inter-

net is self similar and multifractal [27], the PP estimate of the available bandwidth will highly

fluctuate. The oscillations can be misinterpreted as instability of the PP estimation method. In

fact, as the background traffic is highly variable, it is natural that the available bandwidth at the

bottleneck is highly variable. The oscillations in the available bandwidth estimation are not due

to instability but to the high efficiency of the PP method. It is the task of the congestion control

protocol to filter the PP estimates in order to react with a reasonable latency (i.e. the congestion

control protocol must not overreact to PP estimates).

C.3.3 PLM Protocol

We assume the source sends via cumulative layers and emits the packets as packet pairs on each

of the layers, i.e.all the packets on all the layers are sent in pairs(we thus maximize the number

of estimates). Moreover, we assume that the set of layers of a same session is considered as a

singleflow at the level of a Fair Scheduler. Now we describe the basic mechanisms of PLM

that takes place at the receiver side. When a receiver just joined a session, it needs to know the

bandwidth used by each layer. How to obtain this information is not the purpose of this paper.

However, a simple way that avoids (source) implosion is to consider a multicast announcement
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session where all the sources send informations about their streams (for instance the name of the

movie, the summary, etc.) and in particular the layer distribution used. A receiver who wants to

join a session, first joins the session announcement and then joins the session. In the following,

we assume that the receivers who want to join the session know the bandwidth distribution of

the layers.

Let PPt be the bandwidth inferred with the packet pair received at timet, and letBn be the

current bandwidth obtained withn cumulative layers:Bn =
Pn

i=1 Li where layeri carries data

at a bandwidthLi. Let B̂e be the estimate of the available bandwidth.

At the beginning of the session, the receiver just joins the base layer and waits for its first

packet pair. If after a predefined timeout the receiver does not receive any packet we infer that

the receiver does not have enough bandwidth available to receive the base layer, and therefore

can not join the session. At the reception of the first packet pair, at timet, the receiver sets the

check-timerTc := t + C, where C is the check value (we find in our simulations that a check

valueC of 1 second is a very good compromise between stability and fast convergence). We use

the terminology check (for bothTc andC) because whenTc expires after a period ofC seconds

the receiver checks whether he must add or drop layers. When the receiver sees a packet pair a

time ti:

� if PPti < Bn then /*drop layers*/

– Tc := ti + C

– until Bn < PPti do (1)

� drop layern

� n := n� 1

� elseif PPti � Bn and Tc < ti /*have received PPs during at least

C units of time*/

then /*add layers*/

– B̂e := minTc�C<t�ti PPt /*take the minimum bandwidth

estimate*/

– Tc := ti + C

– if B̂e � Bn then while Bn+1 < B̂e do (2)

� add layern+ 1

� n := n+ 1

In summary, we drop a layer each time we have a samplePPt value lower than the current

layer subscriptionBn, but we add layers according to the minimumPPt value received during
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a periodC (if all the samples arePPt � Bn during this period). The algorithm is conservative

by using strict inequalities (<) in (1) and (2). We can consider a less conservative version of

the same algorithm by using (�) in (1) and (2). For all the simulations we take the conservative

version with strict inequalities.

In case of high congestion (with a FS network, high congestion can only happen when a

large number of new flows appear in a period of less than C seconds) packet pairs could never

reach the receiver (one pathological case is when the second packet in a PP is always lost). So

we need a mechanism to reduce congestion enough to receive a packet pair. If after a predefined

timeout period we do not receive any packet, we drop a layer; if the layer dropped is the lowest,

we exit the session. We identify losses using the packets sequence number, and use a one

bit field that marks the first packet of a PP burst (the other packets of the burst must have the

following sequence numbers). So each packet contains a layer id, a sequence number, and a one

bit field. If we receive some packets, however no PP, we evaluate the loss rate with a short term

estimator and drop a layer if this estimator exceeds a predefined threshold (we fix empirically

the threshold to 10% of loss). After dropping a layer we wait for a period called a blind period

(we fix empirically the blind period to 500 ms) before re-estimating the loss rate. This blind

period helps to not over react to loss. We call that the aim of PLM is to allow a PP to reach the

receiver in order to obtain an accurate estimate of the available bandwidth rather than dropping

layer on loss.

Unlike RLM (see [49]) that produces losses with join experiments and unlike Vicisano’s

TCP-friendly protocol RLC (see [49]) that produces losses at join attempts (periodic bursts),

PLM has the fundamental property that it does not induce any loss to discover the available

bandwidth.

When a receiver joins a layer, all the other receivers downstream of the same bottleneck

must join the same layer otherwise there is link underutilization (other benefits of the join syn-

chronization are demonstrated in [77]). When a receiver drops a layer due to congestion, all the

other receivers downstream of the same bottleneck must drop the layer otherwise the congestion

persists. PLM achieves both, join and drop synchronization. Drop synchronization is obvious

as the signal of drop (without high congestion) is a PP: Every receiver downstream of the same

bottleneck will receive the same PP at the same time (roughly the same time according to the

distance between the receivers and the bottleneck) and therefore will decide to drop layers at

the same time. The join synchronization is less obvious at first sight. If the receivers do not

start at the same time (the more probable situation) their timerTc will not be synchronized and

therefore they will join layers at different times. This is not a drawback as late joiners can not

be synchronized before reaching the optimal rate. However, at the first drop inferred (due to

PPt < Bn) all the check-timers will be resynchronized and so all the following joins. This

re-synchronization avoids the problems due to clock drift as well.
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One problem for PLM can be the slow IGMP response in case of drop. IGMP can take

several seconds before ”pruning” a group. This is a problem related to IGMP (and not to

PLM). Rizzo in [74] introduces predictive techniques for fast IGMP leave. Moreover the leave

synchronization of PLM tends to attenuate the drawback of the large leave delay in IGMP.

We have defined a multicast congestion control protocol that achieves and tracks the avail-

able bandwidth without loss induced to discover the available bandwidth. Moreover, a signifi-

cant contribution of PLM is the introduction of a simple and efficient technique (based on PP) to

infer which layer to join. As PLM is devised in the context of the FS-paradigm, all the properties

of an ideal congestion control protocol – stability, efficiency, fairness, robustness, scalability,

and feasibility – are theoretically guaranteed by the FS paradigm. We check via simulations if

all these appealing properties really hold.

C.4 Initial Simulations

The initial set of simulations does not aim to evaluate PLM on realistic Internet scenarios but

rather provides insights on how PLM behaves for specific and relevant configurations.

C.4.1 Evaluation Criteria

Three PLM parameters influence the behavior of PLM.

� The granularity of the layers: As PLM infers the bandwidth available and tracks the

appropriate layers with a PP estimate, the less bandwidth per layer there is, the less stable

the layer subscription will be. Moreover, an inaccurate estimate leads to a modification

of the layer subscription, small layers emphasize this behavior.

� The check valueC: A largerC leads to a higher stability as we can add layers only once

eachC interval, but leads to a lower speed of convergence.

� The burst size: In section C.3.3 we only consider PP, packet bursts ofsize two. However,

PLM is not limited to a burst of size two. Increasing the burst size increases the accuracy

of the estimate, but increases the probability of loss due to the bursty nature of each layers.

The behavior of PLM can be influenced by other flows (PLM sessions, TCP flows, etc.). To

evaluate the behavior of PLM under these various internal and external parameters we consider

three evaluation criteria. The first criterion is the bandwidth seen by each receiver. We want the

mean bandwidth achieved by each receiver to be close to the available bandwidth. Moreover, we

want the receivers to converge fast to the optimal rate and to be stable at this optimal rate. Our

second criterion is therefore the number of layers subscribed. However, a bandwidth close to
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Figure C.2: Simulation Topologies.

the optimal rate and a stable layer subscription are not sufficient. Therefore, our third evaluation

criterion is the loss rate.

C.4.2 Initial Simulation Topologies

Fig. C.2 shows the four topologies simulated to evaluate the PLM behavior. The first topology

Top1 consists of one PLM source and four PLM receivers. We evaluate the speed and the

accuracy of the convergence in the context of a large heterogeneity of link bandwidths and link

delays. The second topologyTop2 consists of one PLM source andm PLM receivers. We
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evaluate the scalability of PLM with respect to session size. The third topologyTop3 consists

in M PLM sources and one PLM receiver per source. We evaluate the scalability of PLM

with respect to the number of sessions and the inter-PLM session fairness. The last topology

Top4 consists ofM PLM sessions (with one receiver), andk unicast sessions. We evaluate the

scalability of PLM with an increasing number of unicast sessions, and the fairness of PLM with

respect to the unicast sessions.

We have implemented the PLM protocol in the ns [62] simulator. We use the following

default parameters for our simulations. If we do not explicitly specify a parameter, the default

parameters are used. The routing protocol is DVMRP (in particular graft and prune messages

are simulated). All the queues are Fair Queuing (FQ) queues and each flow (PLM session

or unicast flow) has a queue size of 20 packets. We chose the packet size of all the flows

(PLM and TCP) to be 500 bytes. Each layer of a PLM source is simulated with a CBR source

sending packets using PP. To avoid synchronization of the CBR sources we add randomness

in the generation time of the PP. The check value isC = 1 second. For the experiment that

simulates TCP flows, we use the ns implementation of TCP Reno. To exclude the influence of

the max-window, we choose a max-window of 4000 packets.

C.4.3 Initial PLM Simulations Results

C.4.3.1 Basic Scenarios

We start our simulations evaluating the speed and the accuracy of the PLM convergence on

topologyTop1 . We choose 10 Kbit/s per layer. This very fine grain choice of bandwidth

increment is a tough test for PLM as pointed out in section C.4.1. Fig.C.3 shows the results

of this simulation. All receivers join the session att = 5 s. Beforet = 7 s (a check value

plus the time to graft the appropriate groups) all the receivers converge to the optimal layer (i.e.

the highest number of layers possible to use the available bandwidth). Moreover, the receivers

stay at the optimal layer during the whole simulation and without loss induced (there is no

loss during the whole simulation). In conclusion of this first experiment, PLM converges to

the optimal link utilization in the order of a check valueC and stays at this rate with no loss

induced.

Our second simulation on topologyTop2 considers the scaling of PLM with respect to the

number of receivers. We chose 50 Kbit/s bandwidth per layer. For this simulation we consider

the link(SM ; N1)with a bandwidth of 280 Kbit/s and a delay of 20 ms. The links(N1; RM) have

a bandwidth uniformly chosen in[500; 1000] Kbit/s and a delay uniformly chosen in[5; 150] ms.

The first set of experiments considersm receivers,m = 1; :::; 100 all started att = 5 s. For this

set of experiments, all the receivers converge to the optimal layer at the same time and stay at

this layer without loss induced, whatever the number of receivers is. We do not give the plot
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Figure C.3: Speed, accuracy, and stability of PLM convergence for a single session,Top1 .

of these experiments as Fig.C.4 shows the same behavior. In Fig.C.4 we show the results of an

experiment where we start 20 PLM receivers at timet = 5 s then we add one receiver every five

seconds fromt = 30 s to t = 50 s, and att = 80 s we add 5 PLM receivers. The aim of this

last experiment is to evaluate the impact of the number of receivers on the convergence time

and on the stability, and to evaluate the impact of late joins. When a receiver joins the session

he starts at layer one and after a check valueC he joins the optimal layer five (the vertical lines

in Fig.C.4). We see in Fig.C.4 that neither the number of receivers nor the late joins have an

influence on the convergence time and on the stability. This is not trivial for a receiver-driven

protocol. Indeed, RLM for instance uses shared learning that leads to join synchronization

(see [49]). Therefore, for RLM late joins have an influence on the convergence time of the

other receivers. Once again, for all the experiments on topologyTop2 we do not observe any

packet loss, and once the optimal layer is reached, the receivers stay at this layer for the whole

simulation. We can easily explain these results as the layers subscribed only depend on the

PP received; the receivers joining the session do not have an impact on the PP received by the

others receivers. Multiple receivers joining the session at the same time, late joins, multiple late

joins do not have any influence on the PLM session. In conclusion PLM perfectly scales with

the number of receivers.

As we see in the previous experiments the number of receivers does not have any influence

on the dynamics of a PLM session. Therefore, for all the other experiments we always consider

PLM sessions with only one receiver.

Up to now we see a perfectly stable behavior of PLM, however to really evaluate the stability

of PLM we must consider dynamic scenarios. The simulations on topologyTop4 consider

dynamic scenarios. The links(SM ; N1), (SU ; N1), (N2; RM ), and(N2; RU) have a bandwidth

of 10 Mbit/s and a delay of 5 ms. We consider a layer granularity of 20 Kbit/s.

The first experiment on topologyTop4 considers a mix of PLM and CBR flows. We consider
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Figure C.4: Scaling of a PLM session with respect to the number of receivers,Top2 .

M = 3 PLM sessions andk = 3 CBR flows for the experiment plotted in Fig. C.5. The

bandwidth of link(N1; N2) is 200 �M = 600 Kbit/s and the delay is 20 ms. We start each of

the three PLM receivers respectively at timet = 10; 20; 30 s. We start the three CBR sources at

time t = 40 s and stop the CBR sources att = 60 s. The aim of this scenario is to study in the

first part (before starting the CBR sources) the behavior of PLM with an increasing number of

PLM sessions, and in the second part (after starting the CBR sources) the behavior of PLM in

case of severe congestion. When the CBR sources stop we observe the speed of PLM to grab

the available bandwidth. We choose as many CBR sources as PLM sessions to simulate severe

congestion. Indeed, with FQ, the only way to create congestion is to significantly increase the

number of sessions. We have a bottleneck link at 600 Kbit/s, but the first PLM receiver can

only get 340 Kbit/s (see Fig. C.5(a)). This is only due to the limited number of layers, in our

simulation we have 17 layers, so17 � 20 = 340 Kbit/s if the receivers subscribe all the layers.

When a new PLM session starts, the PLM sessions share equally the bottleneck at roughly (due

to the layer granularity)600=M Kbit/s whereM is the number of PLM sessions. When the

CBR sources start, the PLM sessions share the bottleneck at roughly600=(M +k) Kbit/s where

k is the number of CBR flows. We note that the CBR flows have a slightly higher share than the

PLM flows. This is simply due to the layer granularity. The theoretical share is600=6 = 100

Kbit/s, however as we have chosen the conservative algorithm for PLM (see section C.3.3),

PLM infers an available bandwidth of 80 Kbit/s and therefore joins 4 layers. All the three

PLM sessions have the same behavior. The CBR flows grab has much available bandwidth

they can, in this case 120 Kbit/s each. When the CBR sources stop, the PLM sessions increase

their subscriptions to layers until reaching the highest link utilization (according to the layer

granularity). PLM is very reactive and takes all the bandwidth available. In Fig. C.5(b) we see

that changes in layer subscription to adapt exactly to the available bandwidth are within the time

of one check valueC (hereC = 1 second). Moreover during the whole simulation (and even
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Figure C.5: PLM and CBR flows sharing the same bottleneck,Top4 .

during the period of severe congestion) the PLM sessions experience no loss. PLM does not

need large buffer sizes to absorb transient period of congestion (from the time the congestion

starts to the time the reaction of PLM has an effect on the buffer). Indeed, the congestion

is detected by a PP already when the congestion starts (we do not need a buffer to fill or to

overflow to detect congestion) and the period of transient congestion (until the prune sent by

the PLM receiver reaches the bottleneck) lasts less than a RTT. We repeated this experiment

with different number of PLM sessions (M = k = 1; 5; 10) and different burst sizes (from 2 to

4 packets in a burst) and did not see any significant modification in the behavior of PLM. We

observed some losses for the PLM sessions for a burst of 4 packets. However, these losses are

infrequent and appear principally when a new session starts.

The second experiment on topologyTop4 considers a mix of a PLM sessions and TCP

flows. We considerM = 1 PLM session andk = 2 TCP flows for the experiment plotted in

Fig. C.6. The bandwidth of link(N1; N2) is 100� (M +k) = 300 Kbit/s and the delay is 20 ms.

We start the first TCP flow att = 0 s, then we start the PLM session att = 20 s and finally start

the second TCP flow att = 60 s. The aim of this experiment is to study the behavior of PLM

with TCP flows in a simple experiment. We see that a single PLM session perfectly adapts to

the available bandwidth in presence of TCP flows. Here again this adaptation is in the order of

one check value and induces no loss for the PLM sessions.

We can draw a partial conclusion at this point of our study: PLM reaches the optimal layer

in the order of one check valueC and tracks the optimal layer in a dynamic environment without

loss induced for the PLM sessions.

In [49] we evaluate RLM [55] and RLC [87] on a subset of these basic scenarios. In order
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Figure C.6: PLM and TCP flows sharing the same bottleneck,Top4 .

to compare RLM and RLC with PLM, we must consider FQ scheduling for all the simulations.

However, both RLM and RLC were designed with FIFO scheduling. As all the simulations

done with FQ scheduling (for RLM and RLC) outperform the simulations done with FIFO

scheduling, we consider that the use of FQ scheduling in the simulations for RLM and RLC

is at the benefit of these protocols. Whereas PLM perfectly behaves in these basic scenarios,

we shown in [49] that both RLM and RLC exhibit fundamental pathological behaviors on these

same scenarios. PLM clearly outperforms RLM and RLC.

C.4.3.2 Multiple PLM Sessions

To further explore the properties of PLM we do experiments to study the scalability of PLM

for an increasing number of PLM sessions. This experiment is on topologyTop3 . The links

(SM ; N1), and(N2; RM) have a bandwidth of 10 Mbit/s and a delay of 5 ms. The link(N1; N2)

has a bandwidth of200 �M Kbit/s where M is the number of PLM sessions. All the sessions

start randomly in[5; 10] seconds. We do a measurement fromt = 20 s to t = 100 s. For this

experiment we vary the value ofC (1 and 5 seconds), the value of the PPBurst size (2, 3, and

4 packets), and the bandwidth distribution of the layers (20 Kbit/s and 50 Kbit/s). For each

simulation we vary the number of PLM sessions. We only show the individual plots forC = 1,

Burst = 2, and a layer granularity 50 Kbit/s, as this experiment is pathological and shows

interesting behaviors (see Fig. C.7 and Fig. C.8). In Fig. C.7 a ’x’ shows the mean bandwidth

for a simple receiver. The solid line shows the mean bandwidth for all the receivers. We see that

the mean bandwidth increases from 150 Kbit/s for a small number of sessions, to 195 Kbit/s

for a large number of sessions. The layer granularity is 50 Kbit/s and the available bandwidth

for each session is 200 Kbit/s. Due to the conservative algorithm (see section C.3.3) the PLM

session infers a bandwidth at 150 Kbit/s and so joins 3 layers. However, the number of sessions

increases, the number of sessions that do not join the fourth layer increases, and so the number
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Figure C.7: PLM throughput, C=1, layer granularity 50 Kbit/s, Burst of 2 packets,Top3 .

of sessions that can get this available bandwidth. Therefore, even with a large layer granularity

the PLM sessions reach the available bandwidth in the case of a high degree of multiplexing. We

obtained the same results for the mean bandwidth with the other parameters studied. We note

that PLM achieves good inter-PLM fairness as the mean bandwidth for the individual receivers

is close (�5%)to the mean bandwidth for all the receivers (small standard deviation).

Concerning the number of layers subscribed, we distinguish in Fig. C.8(a) between the total

number of individual layers a receiver joins during the whole simulation experiment (layer event

in Fig. C.8(a)) and the total number of events to change layers (change eventin Fig. C.8(a)).

For instance, if a receiver is at layer 2 and at timet he infers enough available bandwidth to join

layer 5, we say that att there are 3 layer events but 1 change event.

This scenario, with PLM sessions only, is pathological and is not realistic in the Internet

where we have a mix of fine grain adjustment (1 packet per RTT like TCP) protocols and large

grain adjustment (one layer like PLM) protocols. In Fig. C.8(a) we see the total number of

layer subscriptions during the simulation. Several layers are added or dropped in a single event,

roughly two layers per event because the number of layer events is roughly two times the number

of change events. In fact, if the routing protocol allows cumulative graft, the change event curve

has to be considered (as all the layers change in a single event can be send in one cumulative

graft or prune), otherwise the layer event curve is considered (this curve shows the number of

graft or prune sent in case of non cumulative graft or prune). We note the striking similarity

between Fig. C.8(a) and Fig. C.8(b). The shape of both plots is due to the same phenomenon.

The available bandwidth for each session is the bottleneck bandwidth divided by the number

session that share the same bottleneck. A PP can only infer the right available bandwidth if,

at the moment the PP reaches the bottleneck, all the sessions are back-logged in the queue. If

a session use less than its fair share, another session can get the bandwidth. However, even if

some sessions use more than their fair share (because other sessions use less), a PP infers the
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Figure C.8: PLM layer subscription and losses, C=1, layer granularity 50 Kbit/s, Burst of 2

packets,Top3 .

bandwidth available only dependent on the number of sessions back-logged but independent on

the bandwidth really used by these sessions. Therefore, several sessions can infer in parallel a

higher available bandwidth than their fair share. That leads to oscillation (see Fig. C.8(a)) and

losses (see Fig. C.8(b)). For a large number of sessions there is such a high multiplexing that

the sessions use, in the mean, a bandwidth close to the available bandwidth. There is less free

bandwidth to grab, the oscillations and the losses significantly diminished (see Fig. C.8).

This simulation scenario studied represents a worst case result for the layer subscription

oscillation and the loss rate for all our simulations. This is pathological since we only have

PLM sessions with a large layer granularity compared to the available bandwidth for each flow.

That results in a wrong estimation of the available bandwidth causing oscillation and, due to the

large layer granularity, losses. Even in this pathological case PLM performs reasonably well,

as the oscillations do not lead to a decrease in the mean bandwidth. In fact, a session can never

infer an available bandwidth lower than the real bandwidth available when all the session are

back-logged. Moreover the losses induced by these oscillations are reasonably low. The mean

loss is, even in the worst case, less than 2% of packets lost. However this pathological case can

be avoided by adjusting correctly the PLM parameters (check value, bandwidth granularity),

and is improbable in a real network. In Fig. C.9 we have the layer subscription (change event)

and the number of losses for various scenarios. We see that increasing the check valueC

significantly reduces the number of losses (see Fig. C.9(b)) and the number of oscillations (see

Fig. C.9(a)). In a real network we would have a mix of adaptation granularity: Large granularity

in the case of PLM and fine granularity in the case of TCP. Such a multiplexing of PLM and
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Figure C.9: PLM layer subscription and losses, Burst of 2 packets,Top3 .
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Figure C.10: PLM layer subscription and losses, Burst of 4 packets,Top3 .

TCP flows will avoid the presence of free available bandwidth, and so reduce the oscillations

and the number of losses. This assertion is evaluated in the following with a mix of PLM and

TCP flows.

Finally, increasing the size of the burst does not significantly change the mean bandwidth

(we do not give the plot). Fig. C.10(a) shows the layer subscriptions for a burst of 4 packets. We

see a slightly lower number of oscillations compared to the case of a burst of size of 2 packets

(see Fig. C.9(a)), and we see that the curve has its maximum for a lower number of sessions.

However, the large burst size significantly increases the number of losses (see Fig. C.10(b)).

In conclusion, PLM scales well with the number of sessions, achieves good inter-PLM
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fairness, reaches the optimal rate in the order of one check valueC, and leads to a low number

of losses (even in the pathological case). The oscillations of PLM should not be considered

as instability, they rather reflect the fact that PLM does not want to leave bandwidth unused

(when there is bandwidth available PLM sessions try to get it). We saw that oscillations can be

significantly reduced by increasing the check value. However, we will see that these oscillations

disappear when there is a mix of TCP and PLM flows.

C.4.3.3 Multiple PLM Sessions and TCP Flows

Our next experiment on topologyTop4 considers a mix of PLM sessions and TCP flows. We

considerM PLM andk = M TCP sessions. The bandwidth of link(N1; N2) is 100 � (M + k)

Kbit/s and the delay is 20 ms. The links(SM ; N1), and(N2; RM ) have a bandwidth of 10

Mbit/s and a delay of 5 ms. We start the TCP flows randomly in[5; 10] s and the PLM sessions

randomly in[20; 25] s. We do the measurement betweent = 30 s andt = 100 s. The aim of this

experiment is to study the scaling properties of PLM with concurrent TCP flows. We repeat this

simulation for various check values (C = 1; 5), burst sizes (2, 3, and 4 packets), and bandwidth

granularities (20 Kbit/s and 50 Kbit/s). We plot the results forC = 1, a burst of 2 packets, and

a layer granularity of 20 Kbit/s, as this experiment is very representative.

Fig. C.11 shows the throughput for each receiver for the PLM and the TCP flows. Due

to the layer granularity, for a small number of sessions, PLM sessions can only get 80 Kbit/s

(compared to the 100 Kbit/s available for each flows). When the number of sessions increases,

the PLM sessions get more bandwidth due to multiplexing. The TCP flows have exactly the

opposite behavior of the PLM sessions. PLM achieves a good inter-PLM fairness, indeed the

mean bandwidth for the individual receivers remains close to the mean bandwidth for all the

receivers.

Fig. C.12(a) shows the layer subscription. The change event curve and the layer event

curve are identical. That means there is never a change of more than 1 layer at the same time.

Moreover, the number of oscillations is low withC = 1 and can be significantly reduced with

C = 5. We have few oscillations, and these oscillations lead tono lossfor a burst of 2 packets

(see Fig. C.12(b)) and a very low number of losses for a burst of 4 packets. We see that with

concurrent TCP flows, PLM behaves remarkably well. We have an optimal link utilization,

inter-PLM fairness, a very low number of oscillations, and no loss induced.

C.4.3.4 Variable Packet Size

For all the previous simulations we always considered packets of the same size. We know that

FQ guarantees an equal share of the bottleneck to each flow. Therefore, if flows have different

packet sizes, the PP may lead to wrong estimate of the available bandwidth.



128 APPENDIX C. PLM: A VALIDATION OF THE FS PARADIGM

0 5 10 15 20 25 30
70

80

90

100

110

120

Number of PLM sessions
M

ea
n 

ba
nd

w
id

th
 p

er
 r

ec
ei

ve
rs

 (
K

b/
s)

PLM stability, PP=2, check=1

PLM
TCP

Figure C.11: Throughput for a mix of PLM and TCP flows, C=1, burst of 2 packets, 20 Kbit/s

layer granularity,Top4 .

0 5 10 15 20 25 30
0

10

20

30

40

50

60

Number of PLM sessions

N
um

be
r 

of
 la

ye
r 

su
bs

cr
ip

tio
n

PLM layer subscription, PP=2

Layer event, C=1
Change event, C=1
Layer event, C=5
Change event, C=5

(a) PLM layer subscription, C=1,5, Burst of 2

packets.

0 5 10 15 20 25 30
0

5

10

15

Number of PLM sessions

N
um

be
r 

of
 p

ac
ke

ts
 lo

st
 p

er
 r

ec
ei

ve
rs

PLM number of losses, check=1

PP=2
PP=3
PP=4

(b) PLM losses, C=1, Burst of 2, 3, and 4 pack-

ets.

Figure C.12: Layer subscription and losses for the PLM sessions for a mix of PLM and TCP

flows, 20 Kbit/s layer granularity,Top4 .

Imagine a bottleneck queue with a capacity ofB and two concurrent flowsF1 andF2 with

a packet size of 500 and 300 Bytes respectively. Fig. C.13 shows the packet service time of

the buffered packets of each flow. The available bandwidth inferred byPP1 of F2 is 300
t3�t1 =

300
300

B
+ 500

B

= 300
800B < B

2 , the available bandwidth inferred byPP2 of F2 is 300
t6�t5 = 300

300

B

= B > B

2 ,

the available bandwidth inferred byPP3 of F2 is 300
t10�t8 = 300

300

B
+ 500

B

= 300
800B < B

2 , etc. The

available bandwidth inferred byPP1 of F1 is 300
t4�t2 = 300

300

B
+ 500

B

= 300
800B < B

2 , the available

bandwidth inferred byPP2 of F1 is 300
t9�t7 = 300

300

B
+ 500

B

= 300
800B < B

2 , the available bandwidth
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inferred byPP3 of F1 is 300
t15�t12 = 300

300

B
+ 300

B
+ 500

B

= 300
1100B < B

2
. In this simple example, when

the packet size of the flows is different, the PP bandwidth inference is not accurate. We see that

the most significant problem comes from small packets compared to the size of the packets of

all the other flows crossing the same FQ queue. Indeed, this is the only case where a PP can be

served in a single round and so infers an available bandwidth equal to the bottleneck bandwidth

(seePP2 for flow F2). If we are not in the case of small packets, the PP can never overestimate

the available bandwidth.

However, there are ways to avoid this problem. First, it is often possible to take large packets

for multimedia streams. If, however, the packets must be small, we can increase the size of the

burst and so avoid the overestimating effect due to the small packets. Second, multiplexing of

flows significantly reduces the problem due to the packet size. Indeed, with large number of

flows crossing a single FS router, the number of flows becomes more important than the packet

size of each flow. These two remarks are confirmed in the following simulations.

In Fig. C.14 we study the impact of the packet size on the PP bandwidth inference. We

use topologyTop4 , the links(SM ; N1), (SU ; N1), (N2; RM), and(N2; RU ) have a bandwidth

of 10 Mbit/s and a delay of 5 ms. The link(N1; N2) has a bandwidth of400 Kbit/s and a delay

of 20 ms. We consider 20 Kbit/s layers. We haveM = 1 PLM session, andk = 1 CBR

flow. We start the PLM session att = 5 s. We vary the packet size of the CBR flow during

the time while fixing the same size for the PLM packet to 500 Bytes. We start att = 10 s a

CBR flow with packets of 50 Bytes. Att = 50 s and every 50 seconds the packet size of the

CBR flow changes to the following values: 100, 200, 300, 400, 500, 750, 1000, 1250, 1500,

1750, and 2000 bytes. We see that packet sizes lower than the PLM packets can lead to a wrong

estimate, however the worst estimates are for packet size larger than the PLM packet size (see

Fig. C.14(a)). Increasing the burst size to three significantly reduce the error in the estimate (see

Fig. C.14(b)). The reason is that the number of bytes in a burst is larger than the largest packet

size of concurrent CBR flow. Therefore, a FQ queue can never serve a whole burst in a single

round.

Fig. C.15 presents the effect of the flow multiplexing for the PP inference when each flow
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Figure C.14: Mix of PLM and CBR flows. Influence of the Burst size on the bandwidth infer-

ence for variable packet size,Top4 .

has a different packet size. We use topologyTop4 , the links(SM ; N1), (SU ; N1), (N2; RM ),

and(N2; RU ) have a bandwidth of 10 Mbit/s and a delay of 5 ms. We consider 20 Kbit/s layers.

We haveM = 1 PLM session, andk = 1; 20 TCP flows. The link(N1; N2) has a bandwidth of

100 � (k +M) Kbit/s and a delay of 20 ms. We start the PLM session att = 5 s and randomly

start the TCP flow(s) in[0; 5] s. The PLM packet size is 500 Bytes, the TCP packet size is 1000

Bytes. Fig. C.15(a) shows the plot fork = 1 TCP flow. The PLM flow gets only 60 Kbit/s

instead of 80 Kbit/s due to the wrong estimates. However when we increase the number of TCP

flows, the wrong estimates disappear and PLM gets its available bandwidth at 80 Kbit/s.

In conclusion, whereas different packet size can lead to a wrong estimate, choosing larger

packet sizes for the PLM flows, the natural multiplexing of the flows, and increasing the burst

size significantly reduce the problems related to the correct bandwidth estimation in case of

packets of different size.

C.5 Simulations with a Realistic Background Traffic

Recent works show the evidence of self similar [51] and even multifractal [27] traffic in the

Internet. The burstiness over many time scales of such a traffic can adversely impact congestion

control protocols. Moreover, it is commonly argued that the PP bandwidth inference mechanism

is highly sensitive to the traffic pattern. These arguments motivate this set of simulation that

aims to study the performances of PLM with self similar and multifractal background traffic.
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Figure C.15: Mix of PLM and TCP flows. Influence of the multiplexing on bandwidth infer-

ence. PLM packet size: 500 Bytes, CBR packet size 1000 Bytes,Top4 .
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Figure C.16: Simulation topologyTop5 for the realistic background traffic.

C.5.1 Simulation Scenario

To simulate self similar and multifractal traffic we reuse a large part of the ns scripts and of

the scenarios used in [27]. In the following, we explain the scenario we considered in this
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paper. Fig. C.16 shows the topology considered for our simulations. LetfSi; i = 1; : : : ; 40g
be the set of web servers andfRi; i = 1; : : : ; 420g be the set of web clients. Client and server

communicate with a ns version of HTTP 1.0 and of TCP Reno. LetNS be the number of

sessions, each session contains 300 pages, each page contains one object. Each session is

defined for a client randomly chosen among the set of clients. For a given session, the client

requests each page on a server randomly chosen among the set of servers. All the objects of

a same page are requested on the same server. The inter-session starting time is exponentially

distributed with a mean of 1s, the inter-page starting time is exponentially distributed with a

mean of 15s. The inter-page starting time is the same that the inter-object starting time as there

is only one object per page. The object size is pareto distributed (pareto II) with a mean of

12 packets/object and a shape of 1.2. The TCP packet size is 1000 Bytes. We run all our

simulations for 4500 simulated seconds.

Feldmann et al. shown that this scenario produces a traffic close to a real Internet traffic.

In particular, the traffic is self similar at large and medium time scales and multifractal at small

time scales (see [27] for details).

TopologyTop5 has 4 bottlenecks, the links(N2; N5), (N3; N5), (N4; N5), and(N5; N6). All

the queues are fair queuing with a shared buffer of 100000 Bytes. A flow for the FQ scheduler

is defined as one (source,receiver) pair for the TCP flows, a PLM session is considered as one

flow. We place a PLM source at nodeS10 and a PLM receiver at nodeR100. The bottleneck

link for the PLM flow is the link(N5; N6). If we do not specify, the bottleneck link always

refers to the PLM bottleneck link. For all the simulations we start the PLM session att = 50

s. Remember that PLM scales perfectly with the number of receivers. Increasing the number

of receivers in the simulations does not change our results. In the following we take only one

PLM receiver for the PLM session.

C.5.2 PLM Simulations Results with Realistic Background Traffic

We call the self similar and multifractal web traffic the background traffic. We consider two

kinds of background traffic: a lightly loaded withNS = 100 sessions; a heavy loaded with

NS = 400 sessions. The lightly loaded scenario is characterized by a mean throughput for the

background traffic of about 600 Kbit/s and a loss rate around 0.4%. The heavy loaded scenario

is characterized by a mean throughput for the background traffic of about 2200 Kbit/s and a loss

rate around 1.5%. All the other parameters varied during the simulations are related to PLM.

We consider various check values (C 2 f0:2; 0:5; 1; 5g), two layer distributions (100 Kbit/s

layers, exponentially distributed layers: 32 Kbit/s, 64 Kbit/s, 128 Kbit/s, etc.), and two PLM

packet sizes (500 Bytes and 1000 Bytes).

In order to get a benchmark for the efficiency of PLM, we replace for the two kinds of

background traffic the PLM session with a TCP flow where the TCP sender always has data
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Figure C.17:NS = 100, C = 1, 1000 bytes PLM packet size, exponential layers.

to send (the TCP source is at nodeS10 and the TCP receiver at nodeR100). We call this TCP

flow the benchmark TCP flow, or TCPb. For the lightly loaded scenario, the mean throughput

for the background traffic is 569 Kbit/s. The mean throughput achieved by the benchmark

TCP connection is 1453 Kbit/s with a loss rate of 0.185%. For the heavy loaded scenario, the

mean throughput for the background traffic is 2318 Kbit/s. The mean throughput achieved by

the benchmark TCP connection is 479 Kbit/s with a loss rate of 0.809%. Remember that the

bottleneck bandwidth for TCPb (and PLM) is 3 Mbit/s.

Fig. C.17 shows the results of a simulation with a lightly loaded background traffic (NS =

100). The PLM check value isC = 1, the PLM packet size is 1000 Bytes, and the layers are

exponentially distributed. We first note that the PLM session closely follows the evolutions of

the throughput of the background traffic (for instance look att = 1500 s). Moreover, PLM

does not experience any loss during the whole simulation. PLM is able to track the available

bandwidth without loss induced even in complex environments. The mean throughput for the

whole simulation for the background traffic is 737 Kbit/s, and is 733 Kbit/s for the PLM session.

Fig. C.18 shows the layer subscription of the PLM receiver during the simulation. Most of

the layer subscription oscillations are between layer 5 (512 Kbit/s) and layer 6 (1024 Kbit/s).

There are 2090 layer changes during the simulation (roughly 1 layer change every 2 seconds).

The layer subscription oscillation is not a weakness of PLM, but a consequence of the high

efficiency of PLM. As the background traffic fluctuates in a large range of time scales, PLM

must join and drop layers in a large range of time scales in order to get the available bandwidth.

PLM is not unstable, it is the background traffic that is “unstable” and PLM simply follows its

variations. We see in all the simulations a tradeoff between the layer subscription oscillation
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Figure C.18: Layer subscription for the PLM receiver.

and the efficiency of PLM. Increasing the layer granularity (from 100 Kbit/s to exponentially

distributed layers) or increasing the check value reduces the layer subscription oscillation but

reduces the efficiency of PLM as well (because the more the layer subscription oscillates, the

more efficient PLM is).

For a check valueC = 0:2 s and 100 Kbit/s layers, we obtain a surprising result. The

mean throughput for the PLM session is 1507 Kbit/s, higher than the TCP benchmark. It is

the only one experiment for the lightly loaded background traffic where observe some losses

for the PLM flow. In fact, we get 22 losses corresponding to a loss rate lower than3:10�5.

The PLM receiver generates 14010 change events and 124328 layer changes. We explain the

big difference between layer change and the change event because the large variations in the

available bandwidth enforce the PLM receiver to join and drop multiple layers in a single event.

As explained in section C.4.3.2 with cumulative graft and prune the value of interest is the

number of change events.

This result is fundamental for the evaluation of the efficiency of PLM. For the case of a

single PLM multicast session from sender S to receiversR1; : : : ; Rn we observed that PLM

could achieve for each receiverRi a throughputBPLM
i that is higher than the throughputBTCP

i

obtained by a single unicast TCP connection betweenS and that receiverRi. This was not

case for any previously proposed multicast congestion control protocol MCC where there was

always, for at least one receiverRi, BMCC
i < BTCP

i . However, the high number of layer

changes is not possible with the actual multicast routing protocols. This experiment simply

aims to show the high efficiency of PLM even in complex environments and the high efficiency

of the packet pair bandwidth inference mechanism as we use it in PLM.

Stability in the layer subscription does not mean low efficiency. For a check valueC = 5

s and exponentially distributed layers, the mean throughput for the PLM receiver is 561 Kbit/s

with only 417 layer changes (roughly 1 layer change every 10 seconds) and no loss. Fig. C.19
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Figure C.19:NS = 100, C = 5 , 1000 bytes PLM packet size, exponential layers. Layer

subscription of the PLM receiver.

shows the evolution of the layer subscription for this scenario. We see that layer subscription

oscillate around layer 5 (512 Kbit/s).

For file transfer applications, layer subscription oscillation is not a drawback. These appli-

cations want to achieve the highest throughput. The limit in the number of layer subscription

oscillations is only imposed by the routing protocol. For multimedia applications, frequent vari-

ations in the throughput (and thus in the quality perceived) can be a serious drawback. How-

ever, we believe it is the task of the application to filter the oscillations (for instance see [72]).

If the application is not smart enough to filter the oscillations, we shown that an appropriate

choice in the check value parameter can significantly reduce layer subscription oscillations with

a reasonable decrease in the efficiency. In [47] we studied a bandwidth allocation policy that

significantly rewards multicast sessions with respect to the number of receivers. Thus, a lower

efficiency than TCP does not necessarily mean a lower throughput for a multicast session.

The set of experiments for the heavy loaded scenario (NS = 400) confirms our conclusions

and does not show other significant new results. The set of experiments with a PLM packet

size of 500 Bytes simply shows a slight decrease in the mean throughput for PLM and a slight

increase in the layer subscription oscillations. This is due to the error in the estimate with pack-

ets of different sizes (see section C.4.3.4). However, the multiplexing of the flows is sufficient

to avoid large estimation errors. We do not notice any instability or significant inefficiency of

PLM in these simulations.

In conclusion, we tested PLM in a large variety of situations and with different values of

parameters and always found that PLM is efficient, stable, and induces no loss (or a negligible

loss rate in some extreme situations) even with a realistic background traffic.
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C.6 Validation of the FS-paradigm

We have devised PLM using the FS paradigm. So theoretically PLM must have the properties

of an ideal congestion control protocol. In this section we check which properties of an ideal

congestion control protocol PLM meets.

Stability In some pathological cases (only PLM sessions) PLM oscillates, however these os-

cillations are around the optimal rate and are fairly distributed among the receivers. Even

in complex environments, PLM reaches and tracks the available bandwidth without loss

induced.

Efficiency PLM is clearly efficient in the sense of satisfying the multimedia and file transfer

applications: PLM allows for each receiver to get the maximum bandwidth available on

the path between the source and this receiver.

Fairness PLM achieves inter-PLM fairness and TCP-fairness2.

RobustnessPLM robustness is guaranteed by the FS network.

Scalability PLM is highly scalable due to the receiver-driven cumulative layered scheme. PLM

does not require any signaling nor feedback. The burden of PLM is distributed among the

receivers.

Feasibility PLM requires a FS network, this issue is discussed in [48] and it is shown to be fea-

sible per ISP (Internet Service Provider). PLM simply requires an IP-multicast network.

In conclusion, PLM meets all the properties of an ideal congestion control protocol. How-

ever the fundamental point (and the success) of the FS-paradigm is that we do not add any

specific mechanismin PLM to meet these properties. For instance, to be satisfied, the user of a

multimedia application requires: (i) to receive the highest quality (high throughput, low number

of losses) and (ii) to avoid frequent modification in the quality perceived. Of course these two

requirements are related with the properties of an ideal congestion control protocol, but we do

not specifically address the properties of an ideal congestion control protocol in the design of

PLM. The benefits of the FS-paradigm become obvious when we look at the number and the

influence of the PLM parameters, which are the check valueC, the burst size, and the layer

granularity. We have only three parameters whose exact value is not very important for the cor-

rect behavior of PLM. The fine tuning of the check value, for instance, does not fundamentally

change the properties of PLM but defines a slightly different operating point that can improve

2We talk about TCP-fairness that is different from TCP friendliness. TCP-fairness means that PLM does not

significantly affect the performance (throughput, delay, etc.) of TCP flows when sharing the same bottleneck.
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the satisfaction of a user. In the contrary to PLM, RLM has numerous parameters, where each

parameter was introduced to improve the stability and the efficiency of RLM. A wrong choice

of any such parameter can significantly decrease the performance of RLM. Its TCP-friendly

version needs fine tuning of the parameters to effectively achieve TCP-friendliness.

PLM is significantly simpler than the previous cumulative layered receiver-driven protocols

and yet outperforms these protocols. We therefore consider PLM as a practical proof of the

validity of the FS-paradigm.

C.7 Related Work

Steven McCanne [55] first presented a cumulative layered scheme combined with a receiver-

driven driven protocol to join and leave layers. His protocol, RLM, is the basis of most of the

studies on cumulative layered protocols. These studies explored the properties of RLM ([35],

[2]), or tried to improve the performance of RLM ([87], [88], [85]). Bajaj et al. explore the

relative merits of uniform versus priority dropping for the transmission of layered video. As

pointed out by the authors their results are “ambiguous” and can not be easily summarized. We

refer the interested reader to [2]. Gopalakrishnan et al. study the behavior of RLM in various

scenarios and find that RLM shows high instability for VBR traffic, has very poor fairness

properties in most of the cases, and achieves a low link utilization with VBR traffic. Vicisano et

al. devise a TCP-friendly receiver-driven protocol and propose how to achieve synchronization

of the layer subscription. A TCP-friendly version of RLM was introduced in [85] where the

layer subscription depends on a TCP-friendly formula. Since RLM leads to large oscillations

under network congestion, Wu et al. propose to use thin streams [88].

The use of Packet Pair for bandwidth inference was introduced by Keshav [44] and used

by Paxson (he introduces a more refined technique, PBM see[67]) and Ratnasamy [70] in the

context of a FIFO network to discover thebottleneckbandwidth. The bottleneck bandwidth

gives at most an upper bound for theavailablebandwidth. While the bottleneck bandwidth is

interesting for many problems, it does not have a significant interest for congestion control.

C.8 Conclusion

We started our study with an introduction to the FS-paradigm. This paradigm allows to theo-

retically devise nearly ideal congestion control protocols. Then, we devised the PLM protocol

according to the FS-paradigm. PLM is based on a cumulative layered multicast scheme and on

the use of Packet Pair to discover the available bandwidth without doing any join experiment

unlike RLM. We investigate the properties of PLM under various conditions and see that PLM
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converges in the order of one check value to the optimal link utilization and stays at this op-

timal layer subscription during the whole simulation. Then we investigated the scalability of

PLM with respect to the number of receivers and to the number of sessions. PLM behavior is

fully independent of the number of receivers. However, concurrent PLM sessions can slightly

decrease the performance of PLM. But adjusting correctly the PLM parameters significantly

reduces the number of losses and the layer subscription oscillations. In a mix of TCP flows and

PLM sessions, PLM performs well. PLM has a very low number of layer subscription oscil-

lations and no loss is induced. We investigated the effect of variable packet size and saw that

the multiplexing of the sessions significantly reduces the problems of convergence due to the

packet size. Finally, we explore the impact of realistic background traffic on PLM. We obtain

a confirmation of our results. PLM converges fast to the available bandwidth and track this

available bandwidth without loss induced.

The introduction of our available bandwidth estimator based on packet pair solves the prob-

lems (efficiency, stability, loss induced, simplicity, fairness, etc.) of the previous layered mul-

ticast congestion control protocols. This is therefore a significant contribution to the field of

multicast congestion control that makes PLM the new benchmark for the layered multicast pro-

tocols.

Another implication of the good performance of PLM is the practical validation of the FS-

paradigm. The simulation results show that the simple mechanisms introduced in PLM lead to

a very efficient congestion control protocol, as predicted by the FS-paradigm.

In conclusion, we have devised a layered multicast congestion control protocol that out-

performs all the previous congestion control protocols like RLM and its TCP-friendly variants.

Indeed PLM converges fast to the available bandwidth, induces no loss to discover and track the

available bandwidth, requires no signaling, and scales with both the number of receivers and

the number of sessions. All these properties hold in complex environments such as self similar

and multifractal traffic.



Appendix D

Bandwidth Allocation Policies for Unicast
and Multicast Flows

Abstract

Using multicast delivery to multiple receivers reduces the aggregate bandwidth required

from the network compared to using unicast delivery to each receiver. However multicast is

not yet widely deployed in the Internet. One reason is the lack of incentive to use multicast

delivery. To encourage the use of multicast delivery, we define a new bandwidth allocation

policy, calledLogRD, taking into account the number of downstream receivers. This pol-

icy gives more bandwidth to a multicast flow as compared to a unicast flow that shares the

same bottleneck, however without starving the unicast flows. TheLogRD policy provides

also an answer to the question on how to treat a multicast flow compared to a unicast flow

sharing the same bottleneck.

We investigate three bandwidth allocation policies for multicast flows and evaluate their

impact on both receiver satisfaction and fairness using a simple analytical study and a com-

prehensive set of simulations. The policy that allocates the available bandwidth as a loga-

rithmic function of the number of receivers downstream of the bottleneck achieves the best

trade-off between receiver satisfaction and fairness.

Keywords: Unicast, Multicast, Bandwidth Allocation Policies.

D.1 Introduction

There is an increasing number of applications such as software distribution, audio/video con-

ferences, and audio/video broadcasts where data is destined to multiple receivers. During the

last decade, multicast routing and multicast delivery have evolved from being a pure research

topic [18] to being experimentally deployed in the MBONE [24] to being supported by major

139
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router manufacturers and offered as a service by some ISPs. As a result, the Internet is becom-

ing increasingly multicast capable. Multicast routing establishes atree that connects the source

with the receivers. The multicast tree is rooted at the sender and the leaves are the receivers.

Multicast delivery sends data across this tree towards the receivers. As opposed to unicast de-

livery, data is not copied at the source, but is copied inside the network at branch points of the

multicast distribution tree. The fact that only asingle copyof data is sent over a link that leads

to multiple receivers results in a bandwidth gain of multicast over unicast whenever a sender

needs to send simultaneously to multiple receivers. GivenR receivers, themulticast gain for

the network is defined as the ratio of unicast bandwidth cost to multicast bandwidth cost, where

bandwidth cost is the product of the delivery cost of one packet on one link and the number

of links the packet traverses from the sender to theR receivers for a particular transmission

(unicast or multicast). In case of shortest path unicast and multicast routing between source and

receivers, the multicast gain for the model of a full o-ary multicast tree is1:

logo(R) � R

R� 1
� o� 1

o

Even for random networks and multicast trees different from the idealized full o-ary tree,

the multicast gain is largely determined by the logarithm of the number of receivers [61, 68].

Despite the widespread deployment of multicast capable networks, multicast is rarely pro-

vided as a service and network providers keep the multicast delivery option in their routers

turned off. However, multicast results in bandwidth savings for the ISPs and allows the deploy-

ment of new services like audio/video broadcast. Several reasons contribute to the unavailability

of multicast; multicast address allocation, security, network management, billing, lack of con-

gestion control, lack of an incentive to use multicast are among the reasons that slow down

the deployment of multicast (see [21] for a detailed discussion about the deployment issues

for the IP multicast service). In this paper, we address how to increase the incentive to use

multicast from the receiver’s point of view. It could be argued that as multicast consumes less

resources than unicast, a service using multicast should be charged less than the same service

using unicast. However, as multicast is expensive to be deployed and probably more expensive

to be managed (group management, pricing, security, etc.) than unicast, it is not clear whether

a provider will charge less for multicast than for unicast. As discussed by Diot [21], multi-

cast is only cost-effective for an ISP when it results in significant bandwidth savings. Indeed,

as multicast is significantly more expensive than unicast, it is most of the time worthwhile to

support small groups with unicast. We believe that the main incentive for a provider to use mul-

ticast is that multicast enables the deployment of new services that scale with a large number of

receivers, for example audio and video broadcast.

1See section D.3.1 for some insights on the multicast gain and appendix D.7 for a rigorous proof of the results.
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The problem of providing receivers with an incentive to use multicast is very difficult. In

general, users want high satisfaction, but do not care whether the provider uses unicast or multi-

cast to deliver the content. The argument that multicast allows applications to scale with a large

number of receivers is not a good argument for a user because it does not change the user’s sat-

isfaction, except if the service cannot be provided without multicast due to a very large number

of receivers. If we give more bandwidth to multicast, a multicast user will experience a higher

satisfaction than a unicast user which results in an incentive to use multicast.

We saw that it is not easy to establish precisely who benefits how much from multicast.

However, we saw that multicast allows to deploy new services. Therefore, it is very important

to give a receiver-incentive to use multicast in order to give to the receivers an indisputable

benefit to use multicast. We want to give an incentive to use multicast by rewarding the mul-

ticast gain in the network to the receivers; at the same time we want to treat2 unicast traffic

fairly relative to multicast traffic. The two motivations for increasing the bandwidth share for

multicast compared to unicast are: First, to give a receiver-incentive to use multicast; Second,

to favor multicast due to its significant bandwidth saving. We believe that the second point can

be highly controversial. It does not seem fair to give the same amount of bandwidth to a flow

serving one receiver and to another one serving ten millions receivers. However, the notion of

fairness is subjective and debatable.

We investigate bandwidth allocation policies that allocate the bandwidth locally at each sin-

gle link to unicast and multicast traffic, and we evaluate globally the bandwidth perceived by

the receivers. For three different bandwidth allocation policies, we examine the case where a

unicast network is augmented with a multicast delivery service and evaluate the receiver satis-

faction and the fairness among receivers.

The rest of the paper is organized as follows. In Section D.2 we present the three bandwidth

allocation strategies, and introduce the model and the assumptions for their comparison. In

Section D.3 we give some insights into the multicast gain, and we analytically study the strate-

gies for simple network topologies. In Section D.4 we show the effect of different bandwidth

allocation policies on a hierarchical network topology. In Section D.5 we discuss the practical

issues of our strategies, and Section D.6 concludes the paper.

2The problem of treating fairly unicast and multicast traffics is related to the more general question of how

multicast flows should be treated in comparison to a unicast flow sharing the same bottleneck.
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D.2 Model

D.2.1 Assumptions

We examine, in this paper, how to best allocate the bandwidth of a link between compet-

ing unicast and multicast traffic. We consider scenarios with a given numberk of unicast

sources, a given numberm of multicast sources, a different numberM of receivers per mul-

ticast source, and a different bandwidthC for each network link to be allocated among the

source-destination(s) pairs.

For this study, we make several assumptions and simplifications. The assumptions are: i)

Knowledge in every network node about every flowSi through an outgoing linkl. ii) Knowl-

edge in every network node about the number of receiversR(Si; l) for flow Si reached via an

outgoing linkl. iii) Each node is making the bandwidth allocation independently. A particular

receiver sees the bandwidth that is the minimum bandwidth of all the bandwidth allocations on

the links from the source to this receiver. iv) The sources have the capability to send through

different bottlenecks via a cumulative layered transmission [55, 50]. For receivers of the same

multicast delivery, the (bottleneck) bandwidth seen by different receivers may be different. In

fact, each receiver sees the maximum available bandwidth on the path between the source and

the receiver.

These assumptions are not restrictive in the sense that they do not simplify or limit the

model. Indeed, i) and ii) are mandatory for per-flow bandwidth allocation with respect to the

number of receivers. Weakening assumption ii) to require only, for instance, the knowledge in

some network nodes about roughly the number of receivers per flow reached via an outgoing

link, is a area for future research. Assumption iii) simply considers independent nodes, and iv)

guarantees that the sources are able to get all the available bandwidth.

However, in order to make the evaluation of the model more tractable, we make two sim-

plifications concerning the traffic: i) A constant bit rate traffic for every flow. ii) No arriving or

departing flows. Simplification i) means that we do not consider the throughput variations of

a flow, for instance, due to congestion control. Therefore, the sources immediately get all the

available bandwidth. Simplification ii) means that we do not consider the dynamics of the flows,

for instance, in the case of Web traffic (multiple arriving and departing flows to get a web page).

As we consider a static scenario, the sources remain stable at the optimal rate. These simplifi-

cations are useful to eliminate all side effects and interferences due to dynamic scenarios. We

do not claim our model to take into account the dynamics of the real Internet, but to provide a

snapshot. At a given moment in time, we evaluate the impact of different bandwidth allocation

policies for a given scenario. Adding dynamics to our model would not improve our study, but

simply adds complexity in the evaluation of the bandwidth allocation policies. Indeed, the dy-

namics is not related to the bandwidth allocation policies, but to the ability of the sources to get
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the available bandwidth. The impact of the dynamics of the flows on the bandwidth allocation

policies is, however, an avenue for future research.

D.2.2 Bandwidth Allocation Strategies

We present three bandwidth allocation policies. It is important to us to employ the bandwidth-

efficient multicast without starving unicast traffic and to give at the same time an incentive for

receivers to connect via multicast, rather than via unicast. Our objective is twofold: On one

hand we want to increase the average receiver satisfaction, on the other hand, we want to assure

a fairness among different receivers.

We assume a network of nodes connected via links. At the beginning, we assume every

network link l has a link bandwidthCl. We compare three different strategies for allocating

the link bandwidthCl to the flows flowing across linkl. Let nl be the number of flows over a

link l. Each of the flows originates at a sourceSi, i 2 f1; : : : ; nlg. We say that a receiverr is

downstreamof link l if the data sent from the source to receiverr is transmitted across link

l. Then, for a flow originating at sourceSi, R(Si; l) denotes thenumber of receivers that are

downstreamof link l. For an allocation policyp, Bp(Si; l) denotes the bandwidth shared of

link l allocated to the receivers ofSi that are downstream ofl.

The three bandwidth allocation strategies for the bandwidth of a single linkl are:

� Receiver Independent (RI): Bandwidth is allocated in equal shares among all flows

through a link – independent of the number of receivers downstream. At a linkl, each

flow is allocated the share:

BRI (Si; l) =
1

nl
Cl

The motivation for this strategy is: theRI strategy does not represent any changes in the

current bandwidth allocation policy. This allocation policy weighs multicast and unicast

traffic equally. We consider this policy as the benchmark against which we compare the

other two policies.

� Linear Receiver Dependent (LinRD):The share of bandwidth of linkl allocated to a

particular flowSi depends linearly on the number of receiversR(Si; l) that are down-

stream of linkl:

BLinRD(Si; l) =
R(Si; l)Pnl
j=1R(Sj ; l)

Cl

The motivation for this strategy is: givenR receivers forSi downstream of linkl, the ab-

sence of multicast forces the separate delivery to each of thoseR receivers via a separate
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unicast flow3. For a multicast flow, we allocate a share that corresponds to the aggregate

bandwidth ofR separate unicast flows.

� Logarithmic Receiver Dependent (LogRD):The share of bandwidth of linkl allocated

to a particular streamSi depends logarithmically on the number of receiversR(Si; l) that

are downstream of linkl:

BLogRD (Si; l) =
1 + lnR(Si; l)Pnl

j=1(1 + lnR(Sj ; l))
Cl

The motivation for this strategy is: multicast receivers are rewarded with the multicast

gain from the network. The bandwidth of linkl allocated to a particular flow is, just like

the multicast gain, logarithmic in the number of receivers that are downstream of linkl:

Our three strategies are representatives ofclassesof strategies. We do not claim that the

strategies we pick are the best representatives of each class. It is not the aim of this paper to find

the best representative of a class, but to study the trends between the classes. One can define

numerous classes of strategies. We do not claim that one of the three classes of strategies is

optimal. However, we restrict ourselves to these three strategies as we believe these policies

shed light on the fundamental issues that come with the introduction of the number of receivers

in the bandwidth allocation.

The following example illustrates the bandwidth allocation for the case of theLinear Receiver

Dependentpolicy. We have two multicast flows originating atS1 andS2 with three receivers

each (see Fig. D.1).

For link 1, the available bandwidthC1 is allocated as follows: SinceR(S1; 1) = 3 and

R(S2; 1) = 3, we getBLinRD(S1; 1) = BLinRD (S2; 1) = 3
3+3C1 = 0:5C1. For link 4, we have

R(S1; 4) = 2 andR(S2; 4) = 1. Therefore we getBLinRD(S1; 4) =
2
3
C4 andBLinRD(S2; 4) =

1
3C4. Given these bandwidth allocations, the bandwidth seen by a particular receiverr is the

bandwidth of the bottleneck link on the path from the source tor. For example, the bandwidth

seen by receiverR3
1 ismin(12C1;

2
3C4;

1
2C6).

The way we allocate bandwidth could lead to scenarios where bandwidth needs to be reallo-

cated, we call this thebandwidth reallocation problem. Imagine three flowsF1, F2, andF3 with

only one receiver each. The flowsF1 andF2 share a linklC of bandwidthC, and flowsF2 andF3

share a linklC
2

of bandwidthC
2

. With any of the three policies, the bandwidth allocated on link

lC is C

2 for F1 andF2 and the bandwidth allocated on linklC
2

is C

4 for F2 andF3. Therefore,F2

cannot use its allocated bandwidthC2 on link lC. However, as we consider static scenarios with

constant bit rate flows, the bandwidth that is not used byF2 cannot be reallocated toF1. This

is thebandwidth reallocation problem. This problem could adversely impact the results of the

3We assume shortest path routing in the case of unicast and multicast.
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Figure D.1: Bandwidth allocation for linear receiver-dependent policy.

simulation. One way to solve this problem is to consider dynamic flows which grab the avail-

able bandwidth in case of unused bandwidth. This is contrary to the simplifications required by

our model. Another way to solve this problem is to statically reallocate the unused bandwidth.

However, in case of a complex topology, this leads to convergence problems that are beyond the

scope of this paper. In fact, we decided to evaluate, for each simulation, the amount of unused

bandwidth, and we found that there is very few unused bandwidth. Therefore, we do not expect

the bandwidth reallocation problem to adversely impact the results of our simulations.

D.2.3 Criteria for Comparing the Strategies

Our goal is to increase the meanreceiver satisfaction, however, not at the detriment offair-

ness. In order to evaluatereceiver satisfactionandfairness, we define two basic measures, one

describing the average user satisfaction, the other one describing the fairness among users.

Receiver Satisfaction

There are many ways to define receiver satisfaction and the most accurate is receiver utility.

Unfortunately, utility is a theoretical notion that does not allow to compare the utility of two

different receivers and does not give an absolute (i.e. for all receivers) scale of utility [26]. We
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measurereceiver satisfactionas the bandwidth an average receiver sees4. Let r be a receiver of

a sourceS and let(l1; l2; : : : ; lL) be the path ofL links from the source tor, then, the bandwidth

seen by the receiverr is:

Br
p = min

i=1;:::;L
fBp(S; li)g ; p 2 fRI;LinRD;LogRDg

With the total number of receiversR of all sources we define themean bandwidth �Bp as:

�Bp =
1

R

RX
r=1

Br
p ; p 2 fRI;LinRD;LogRDg (D.1)

Jiang et al. [41] introduced a global measure for the throughput delivered via the whole

network that is defined as the sum of the mean throughput over all the flows. For the global

throughput measure, it is possible to weight multicast flows with a factorR�, whereR is the

number of receivers and0 < � < 1. To the best of the authors knowledge, the approach of

Jiang et al. [41] is the only one taking into account the number of receivers of a multicast flow.

While their approach takes into account the number of receivers to measure the global network

throughput, our approach is different in two aspects: First, we take the number of receivers into

account for theallocation of the bandwidth on links and use a policy (LogRD) that weights

multicast flows in the allocation with the logarithm of the number of receivers. Second, we

measure receiver satisfaction with respect to all receivers, not just the ones of a single group.

Fairness

For inter-receiver fairness, several measures exist, including the product measure [6] and the

fairness index [40]. For a discussion of the different measures see [28].

Jiang et al. [41] defined inter-receiver fairness for a single multicast flow as the sum of the

receiver’s utilities, where utility is highest around the fair share. Due to the intricacies coming

with the utility function, we do not consider a utility function and use a fairness measure that

takes into account all receivers of all flows.

We use the standard deviation of the bandwidth among receivers to be the measure of choice

for inter-receiver fairness.

� =

vuut 1

R

RX
r=1

( �Bp �Br
p)

2 ; p 2 fRI;LinRD;LogRDg (D.2)

The key point with this fairness measure is that we consider a notion of fairness independent

of the network and of the localization of the bottlenecks. Indeed, each receiver has a given

satisfaction. The feeling of fairness for each receiver only depends on the satisfaction of the

4While there are other criteria to measure satisfaction such as delay or jitter, bandwidth is a measure of interest

to the largest number of applications.
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other receivers, but is independent of any network parameters. For instance, if a receiver has

a satisfaction lower than all the other receivers, he will feel a high unfairness even if his low

satisfaction is due to a slow modem.

We defineideal fairnessas the case where all receivers receive the same bandwidth. For

ideal fairnessour measure� = 0 has its lowest value. In all other cases, the bandwidth sharing

among receivers is unfair and� > 0.

Optimality

The question now is how to optimize bothreceiver satisfactionandfairness. For the strategy

p and the scenarios, let �(p; s) be the function that defines our fairness criteria and�B(p; s) be

the function that defines our receiver satisfaction. An accurate definition ofs is: s + p defines

the full knowledge of all parameters that have an influence on receiver satisfaction and fairness.

Sos defines all the parameters without the strategyp. We define

�max(s) = min
p
�(p; s)

and
�Bmax(s) = max

p

�B(p; s)

We want to find a functionF (s) such as8 s: �(F (s); s) = �max(s) and8 s: �B(F (s); s) =
�Bmax(s). If such a functionF (s) exists for alls, it means that there exists a pair(F (s); s)

that defines for alls an optimal point for bothreceiver satisfactionandfairness. Feldman [26]

shows thatreceiver satisfactionis inconsistent withfairness5, which means it is impossible

to find such a functionF (s) that defines an optimal point for bothreceiver satisfactionand

fairnessfor all s. So we cannot give a general mathematical criteria to decide which bandwidth

allocation strategy is the best. Moreover, in most of the cases it is impossible to find an optimal

point for both �B and�.

Therefore, we evaluate the allocation policies with respect to the tradeoff betweenreceiver

satisfactionandfairness. Of course, we can define criteria that can apply in our scenarios, for

instance, strategyA is better than strategyB if �A
�B

� Lf and
�BA
�BB

� Is whereLf is the maximum

loss offairnessaccepted for strategyA andIs is the minimum increase ofreceiver satisfaction

for strategyA. But, the choice ofLf andIs needs a fine tuning and seems pretty artificial to us.

Receiver satisfaction and fairness are criteria for comparison that are meaningful only in the

same experiment. It does not make sense to compare the satisfaction and the fairness among

different sets of users. Moreover, it is impossible to define an absolute level in satisfaction

and fairness. In particular, it is not trivial to decide whether a certain increase in satisfaction

5In terms of mathematical economics we can say that Pareto optimality is inconsistent with fairness criteria

[26].
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is worthwhile when it comes at the price of a decrease in fairness. Hopefully, for our study

the behavior of the three strategies will be different enough to define distinct operating points.

Therefore, the evaluation of the tradeoff betweenreceiver satisfactionand fairnessdoes not

pose any problem.

D.3 Analytical Study

We first give some insights into the multicast gain and the global impact of a local bandwidth al-

location policy. A rigorous discussion of both points is given in appendix D.7 and appendix D.8.

Then, we compare the three bandwidth allocation policies from Section D.2 for basic network

topologies in order to gain some insights in their behavior. In Section D.4 we study the policies

for a hierarchical network topology.

D.3.1 Insights on Multicast Gain

We can define the multicast gain in multiple ways and each definition may capture very different

elements. We restrict ourselves to the case of a full o-ary distribution tree with either receivers

at the leaves – in this case we model a point-to-point network – or with broadcast LANs at

the leaves. We consider one case where the unicast and the multicast cost only depends on

the number of links (the unlimited bandwidth case) and another case where the unicast and the

multicast cost depends on the bandwidth used (the limited bandwidth case).

We define thebandwidth cost as the sum of all the bandwidths consumed on all the links

of the tree. We define thelink cost as the sum of all the links used on the tree; we count the

same linkn times when the same data are sentn times on this link. LetCU be the unicast

bandwidth/link cost from the sender to all of the receivers andCM the multicast bandwidth/link

cost from the same sender to the same receivers.

For the bandwidth-unlimited case, every link of the tree has unlimited bandwidth. LetCU

andCM be the link cost for unicast and multicast, respectively. We define the multicast gain as

the ratio CU
CM

. If we consider one receiver on each leaf of the tree, the multicast gain depends

logarithmically on the number of receivers. If we consider one LAN on each leaf of the tree,

the multicast gain depends logarithmically on the number of LANs and linearly on the number

of receivers per LAN (see appendix D.7.1 for more details).

For the bandwidth-limited case, every link of the tree has a capacityC. LetCU andCM be

the bandwidth cost for unicast and multicast, respectively. Unfortunately, for the bandwidth-

limited case, the multicast gain defined asCU
CM

makes no sense because it is smaller than 1 for

a large number of multicast receivers (see appendix D.7.2 for more details). We define another

measure that combines the satisfaction and the cost that we call cost per satisfactionGB =
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global cost
global satisfaction, that tells us how much bandwidth we invest to get a unit of satisfaction.

Now, we define the multicast gain asGBU
GBM

whereGBU andGBM are the unicast and multicast

cost per satisfaction, respectively. If we consider one receiver on each leaf of the tree, the gain

depends logarithmically on the number of receivers. If we consider one LAN on each leaf of

the multicast tree, the gain depends logarithmically on the number of LANs and linearly on the

number of receivers per LAN (see appendix D.7.2 for more details).

In conclusion, for both the bandwidth unlimited and limited case, the multicast gain has a

logarithmic trend with the number of receivers in case of point-to-point networks. The multicast

gain has also a logarithmic trend with the number of LANs, but a linear trend with the number

of receivers per LAN. Therefore, with a small number of receivers per LANs the multicast

gain is logarithmic but with a large number of receivers per LANs the multicast gain is linear.

Appendix D.7 gives an analytical proof of these results.

D.3.2 Insights on the Global Impact of a Local Bandwidth Allocation Pol-

icy

In section D.2.2, we suggest theLogRD policy because we want to reward the multicast re-

ceivers with the multicast gain. However, it is not clear whether allocating locally the band-

width as a logarithmic function of the number of downstream receivers achieves to reward the

multicast receivers with the multicast gain, which is a global notion.

To clarify this point, we consider a full o-ary tree for the bandwidth-unlimited case when

there is one receiver per leaf. We find (see appendix D.8 for a proof) that the policy that rewards

multicast with its gain is theLinRD policy and not theLogRD policy as expected. If we reward

multicast with its real gain using theLinRD policy, we will give to multicast the bandwidth

that corresponds to the aggregate bandwidth ofR separate unicast flows (see section D.2.2).

However, we have to consider that we use multicast in order to save bandwidth. If we allocate

to a multicast flow the same bandwidth than the bandwidth used byR separate unicast flows, the

use of multicast makes no sense as it does not save bandwidth compared to unicast. Therefore,

rewarding a multicast flow with its gain (as defined in appendix D.7) makes no sense.

In the following, we will see that theLinRD is a very aggressive policy for unicast flows

while theLogRD policy gives very good results for both the unicast and multicast flows.

D.3.3 Comparison of the Bandwidth Allocation Policies

D.3.3.1 Star Topology

We consider the case wherek unicast flows need to share the link bandwidthC with a single

multicast flow withm downstream receivers, see Fig. D.2.
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Figure D.2: One multicast flow andk unicast flows over a single link.

With theRI strategy, the bandwidth share of a link is1
k+1C for both a unicast and a multicast

flow. TheLinRD strategy gives a share of1
m+k

C to each unicast flow and a share ofm
m+k

C

to the multicast flow. TheLogRD strategy results in a bandwidth of 1
k+(1+lnm)

C for a unicast

flow and 1+lnm
k+(1+lnm)

C for the multicast flow.

The mean receiver bandwidths over all receivers (unicast and multicast) for the three policies

are:

�BRI =
1

k +m

k+mX
i=1

C

k + 1
=

C

k + 1

�BLinRD =
1

k +m

 
kX
i=1

C

m+ k
+

mX
i=1

mC

m+ k

!
=

k +m2

(k +m)2
C

�BLogRD =
1

k +m

 
kX
i=1

C

k + (1 + lnm)
+

mX
i=1

C(1 + lnm)

k + (1 + lnm)

!
=

k +m(1 + lnm)

(k +m)(k + 1 + lnm)
C

By comparing the equations for any number of multicast receivers,m > 1, and any number

of unicast flowsk > 1 we obtain:

�BLinRD > �BLogRD > �BRI (D.3)

The receiver-dependent bandwidth allocation strategies,LinRD andLogRD, outperform

the receiver-independent strategyRI by providing a higher bandwidth to an average receiver.
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Figure D.3: Normalized mean bandwidth for the Star topology.

This is shown in Fig. D.3, where the mean bandwidths are normalized by�BRI , in which case

the values depicted express the bandwidth gain of any policy overRI.

Fig. D.3(a) shows the mean bandwidth form = 60 multicast receivers and an increasing

number of unicastsk = 1; � � � ; 200. The receiver-dependent policiesLinRD andLogRD

show an increase in the mean bandwidth when the number of unicasts is small compared to

the number of multicast receivers. The increase with theLogRD policy is less significant

than the increase with theLinRD policy since theLogRD policy gives less bandwidth to the

multicast flow than theLinRD policy for the same number of receivers. Additionally, more

link bandwidth is allocated to the multicast flow than in the case of a higher number of unicasts,

which result in a lower share for multicast. With an increasing number of unicasts, the gain of

LinRD andLogRD decreases.

After assessing the bandwidth gain ofLinRD andLogRD for a number of unicast re-

ceivers higher than the number of multicast receivers, we turn our attention to the case where

the number of multicast receivers is increasingm = 1; � � � ; 200 and becomes much higher than

the number of unicasts (k = 60). Fig. D.3(b) shows that the mean bandwidth forLinRD and

LogRD is increasing to multiples of the bandwidth ofRI.

We saw that the receiver-dependent policies significantly reward multicast receivers and

that theLinRD policy is better than theLogRD policy with respect to the receiver satisfaction.

Now, we have to study the impact of the receiver-dependent policies on the fairness.

The following equations give the standard deviation over all receivers for the three policies:

�RI = 0
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Figure D.4: Standard deviation for the Star topology. Increasing the sizem = 1; :::; 200 of the

multicast group;k = 60 unicasts.

�LinRD = C(m� 1)

s
k �m

(k +m)3(k +m� 1)

�LogRD =
C � lnm

k + 1 + lnm

s
k �m

(k +m)(k +m� 1)

By comparing the equations for any number of multicast receivers,m > 1, and any number

of unicast flowsk > 1 we obtain:

�LinRD > �LogRD > �RI (D.4)

While theLinRD is the best policy among our three policies with respect to the receiver

satisfaction, it is the worst policy in terms of fairness. Fig. D.4 shows the standard deviation

for k = 60 unicast flows and an increasing multicast groupm = 1; :::; 200. With the Star

topology, all unicast receivers see the same bandwidth and all multicast receivers see the same

bandwidth. Between unicast receivers and multicast receivers no difference exists for theRI

strategy. For theLinRD strategy a multicast receiver receivesm times more bandwidth than

a unicast receiver and for theLogRD strategy a multicast receiver receives(1 + lnm) times

more bandwidth than a unicast receiver. The standard deviation for all the receivers is slightly

increased with theLogRD policy compared to theRI policy, and is more significantly increased

with theLinRD policy compared to theRI policy (see Fig. D.4).

The high bandwidth gains of theLinRD strategy result in a high unfairness for the unicast

receivers. ForLogRD, the repartitioning of the link bandwidth between unicast and multicast

receivers is less unequal than in the case ofLinRD. In summary, theLogRD policy leads

to a significant increase in receiver satisfaction, while it introduces only a small decrease in

fairness. We can conclude that among the three strategiesLogRD makes the best tradeoff

between receiver satisfaction and fairness.
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Figure D.5: One multicast flow andk unicast flows over a chain of links.

Surprisingly we will obtain nearly the same results in Section D.4.3 when we examine the

three policies on a large random network. The similarity of the Fig. D.3(b), and D.4, with the

figures of Section D.4.3 indicates that the simple Star topology with a single shared link can

serve as a model for large networks.

D.3.3.2 Chain Topology

We now study bandwidth allocation for the case where a multicast flow is traversing a unicast

environment of several links. We use a chain topology, as shown in Fig. D.5, wherek unicast

flows need to share the bandwidth with a single multicast flow leading tom receivers. However,

the unicast flows do not share bandwidth among each other, as opposed to the previous single

shared link case for the star topology.

At each link, theRI strategy allocates in12C for both the unicast flow and the multicast

flow. TheLinRD strategy results in a share of1
m+1C for the unicast flow andm

m+1C for the

multicast flow. TheLogRD strategy results in a share of 12+lnmC for the unicast flow and a

share of1+lnm2+lnmC for the multicast flow.

The mean receiver bandwidth for the three cases is:

�BRI =
1

k +m

k+mX
i=1

C

2
=
C

2

�BLinRD =
1

k +m

 
kX
i=1

C

m+ 1
+

mX
i=1

m � C
m+ 1

!
=

k +m2

(k +m)(m+ 1)
C
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�BLogRD =
1

k +m

 
kX
i=1

C

2 + lnm
+

mX
i=1

C(1 + lnm)

2 + lnm

!
=

k +m+m � lnm
(k +m)(2 + lnm)

C

The strategy with the highest mean bandwidth depends on the relation between the number

of multicast receivers and the number of unicast flows. If the number of unicasts equals the

number of multicast receivers,k = m, then all policies result in the same average receiver

bandwidth ofC=2. For all other cases, withk > 1 andm > 1 we have:

�BRI > �BLogRD > �BLinRD ; k > m

�BLinRD > �BLogRD > �BRI ; k < m (D.5)

The receiver-dependent policiesLinRD andLogRD perform better than theRI policy

when the size of the multicast group is larger than the number of unicast sessions. While the

number of multicast receivers can increase to large numbers and is only limited by the number

of hosts in the network, the number of unicast crossing traffic is limited by the length of the

path source-receiver. This is shown in Fig. D.6, where the mean bandwidths are normalized by
�BRI , in which case the values depicted express the bandwidth gain of any policy overRI.

Fig. D.6(a) shows the mean bandwidth form = 30 multicast receivers and an increasing

number of unicast sessionsk = 1; :::; 200. As the number of unicasts increases, receiver-

dependent policies become worse thanRI policy. Fig. D.6(b) shows the mean bandwidth

for k = 30 unicast receivers and an increasing number of multicast receivers. The receiver-

dependent policies perform worse than theRI policy for small multicast group sizes, but as

the size of the multicast group increases the bandwidth gain for receiver dependent policies

increases rapidly. In Fig. D.6(b), for the multicast group sizem = 30, the three policies lead

to the same mean bandwidth, for the multicast group sizem = 50, theLinRD policy yields to

more than 20% gain over theRI policy and theLogRD policy yields to more than 15% gain

over theRI policy.

We see that, concerning the receiver satisfaction, the receiver-dependent policies have a

more complex behavior with a chain topology than with a star topology. To complete the study

of the chain topology, we look at the fairness.

The standard deviation over all the receivers for the three policies is:

�RI = 0

�LinRD =
C(m� 1)

m+ 1

s
k �m

(k +m)(k +m� 1)

�LogRD =
C � lnm
2 + lnm

s
k �m
k +m

k +m� 1

By comparing the equations for any number of multicast receivers,m > 1, and any number
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of unicast flowsk > 1 we obtain:

�LinRD > �LogRD > �RI (D.6)
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Figure D.7: Standard deviation for the Chain topology as a function of the sizem of the multi-

cast group fork = 30 unicasts.

TheLinRD policy, as for the star topology, has to the worst fairness. Fig. D.7 shows the

standard deviation fork = 30 unicast flows and an increasing multicast groupm = 1; :::; 200.

ForRI, unicast receivers and multicast receivers obtain the same share, forLinRD a multicast

receiver receivesm times more bandwidth than a unicast receiver and forLogRD a multicast

receiver receives(1 + lnm) times more bandwidth than a unicast receiver. As the multicast

session sizem increases, the unicast flows get less bandwidth under theLinRD and theLogRD
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strategy, while theRI strategy gives the same bandwidth to unicast and multicast receivers. The

LinRD policy leads to a worse fairness than theLogRD policy, however, the gap between the

two policies is smaller that with theStartopology (compare Fig. D.7 and Fig. D.4).

We conclude that among the three strategies theLogRD strategy achieves for large group

sizes the best compromise between receiver satisfaction and fairness. However, for theChain

topology the superiority of theLogRD policy is not as obvious as for theStartopology.

This simple analytical study allowed to identify some principal trends in the allocation be-

havior of the three strategies studied. TheLogRD policy seems to be the best compromise

between receiver satisfaction and fairness. To deepen the insight gained with our analytical

study, we will study the three strategies via simulation on a large hierarchical topology.

D.4 Simulation

We now examine the allocation strategies on network topologies that are richer in connectivity.

The generation of realistic network topologies is subject of active research [9, 23, 90, 91]. It

is commonly agreed that hierarchical topologies better represent a real Internetwork than do

flat topologies. We usetiers [23] to create hierarchical topologies consisting of three levels:

WAN, MAN, and LAN that aim to model the structure of the Internet topology [23]. For details

about the network generation withtiers and the used parameters the reader is referred to

Appendix D.9.

D.4.1 Unicast Flows Only

Our first simulation aims to determine the right number of unicast flows to define a meaningful

unicast environment. We start with our random topologyRTand add at random locations of the

LAN-leaves unicast senders and unicast receivers. The number of unicast flows ranges from 50

to 4000. Each simulation is repeated five times and averages are taken over the five repetitions.

We compute for each plot95% confidence intervals.

First of all, we see in Fig. D.8 that the 3 allocation policies give the same allocation. Indeed,

there are only unicast flows and the differences of behavior between the policies depend only

on the number of receivers downstream a link for a flow, which is always one in this example.

Secondly, the mean bandwidth (Fig. D.8(a)) decreases as the number of unicast flows in-

creases. An added unicast flows decreases the average share. For instance, if we take one link

of capacityC shared by all unicast flows,k unicast flows on that link obtain a bandwidth ofC
k

each.

We plot the standard deviation in Fig. D.8(b). For a small number of unicast flows, we have

high standard deviation. Since there are few unicast flows with respect to the network size,
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Figure D.8: Mean bandwidth (Mbit/s) and standard deviation of all receivers for an increasing

number of unicast flows,k = [50; :::; 4000].

the random locations of the unicast hosts have a great impact on the bandwidth allocated. The

number of LANs in our topology is 180. So, 180 unicast flows lead on average to one receiver

per LAN. A number of unicast flows chosen too small for a large network results in links shared

only by a small number of flows. Hence, the statistical measure becomes meaningless. When

the network is lightly loaded adding one flow can heavily change the bandwidth allocated to

other flows, and we observe a large heterogeneity in the bandwidth allocated to the different

receivers. On the other hand, for 1800 unicast flows, the mean number of receivers per LAN

is 10, so the heterogeneity due to the random distribution of the pairs sender-receiver does not

lead to high standard deviation. According to Fig. D.8(b), we chose our unicast environment

with 2000 unicast flows to obtain a low bias due to the random location of the sender-receiver

pairs.

D.4.2 Simulation Setup

For our simulations we proceed as follows.

� 2000 unicast sources and 2000 unicast receivers are chosen at random locations among

the hosts.

� One multicast source and1; � � � ; 6000 receivers are chosen at random locations. Depend-

ing on the experiment, this may be repeated several times to obtain several multicast trees,

each with a single source and the same number of receivers.
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� We use shortest path routing [15] through the network to connect the 2000 unicast source-

receiver pairs and to build the source-receivers multicast tree [22]. As routing metric, the

length of the link as generated bytiers is used.

� For every network link, the number of flows across that link is calculated. By tracing

back the paths from the receivers to the source, the number of receivers downstream is

determined for each flow on every link.

� At each link using the information about the number of flows and the number of receivers

downstream, the bandwidth for each flow traversing that link is allocated via one of the

three strategies:RI, LinRD, andLogRD.

� In order to determine the bandwidth seen by a receiverr, the minimum bandwidth al-

located to a flow on all the links along the path from source to receiver is taken as the

bandwidthBr
p seen byr for strategyp (see section D.2.3).

The result of the simulation gives the mean bandwidth�Bp for the three bandwidth allocation

strategies. We conduct different experiments with a single and with multiple multicast groups.

D.4.3 Single Multicast Group

For this experiment, we add one multicast group to the 2000 unicast flows. The size of the

multicast group varies from 1 up to 6000 receivers. There are 70 hosts on each LAN and the

number of potential senders/receivers is therefore 12600. This experiment shows the impact of

the group size on the bandwidth allocated to the receivers under the three allocation strategies.

This simulation is repeated five times and averages are taken over the five repetitions.

We simulate small groups sizes (m = [1; :::; 100]), then large groups sizes (m =

[100; :::; 3000]), and finally evaluate the asymptotic behavior of our policies (m =

[3000; :::; 6000]). The asymptotic case does not aim to model a real scenario, but gives an

indication about the behavior of our policies in extreme cases. While 6000 multicast receivers

seems a lot compared to the 2000 unicast flows, this case gives a good indication about the

robustness of the policies. We display the results with a logarithmic x-axis.

Fig. D.9(a) shows that the average user receives more bandwidth when the allocation de-

pends on the number of receivers. A significant difference between the allocation strategies

appears for a group sizem greater than 100. For small group sizes, unicast flows determine the

mean bandwidth due to the high amount of unicast receivers compared to multicast receivers.

We claim that receiver-dependent policies increase receiver satisfaction.

A more accurate analysis needs to distinguish between unicast and multicast receivers. Mul-

ticast receivers are rewarded with a higher bandwidth than unicast receivers for using mul-
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Figure D.9: Mean bandwidth (Mbit/s) and standard deviation of all receivers for an increasing

multicast group sizem = [1; :::; 6000], k = 2000, M = 1.
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Figure D.10: Mean bandwidth (Mbit/s) of unicast and multicast receivers with confidence in-

terval (95%) for an increasing multicast group sizem = [1; :::; 6000], k = 2000, M = 1.

ticast as the comparison between Fig. D.10(a) and Fig. D.10(b) shows. This is not surpris-

ing as our policies reward using multicast. Moreover, the increase in bandwidth allocated to

multicast receivers leads to a significant decrease of bandwidth available for unicast receivers

for theLinRD policy, while the decrease of bandwidth is negligible for theLogRD policy

(Fig. D.10(a)) even in the asymptotic case. In conclusion, theLogRD policy is the only pol-

icy among the three policies that leads to a significant increase of receiver satisfaction for the
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average multicast receiver without affecting the receiver satisfaction for the average unicast

receiver.
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Figure D.11: Standard deviation of unicast and multicast receivers with confidence interval

(95%) for an increasing multicast group sizem = [1; :::; 6000], k = 2000, M = 1.

The standard deviation for the average user increases with the size of the multicast group

for the receiver-dependent policies (Fig. D.9(b)). This unfairness is caused by the difference of

the lower bandwidth allocated to the unicast flows compared to the higher bandwidth given to

the a multicast flow (Fig. D.10(a) and D.10(b)). ForLinRD andLogRD, � tends to flatten

for large group sizes, since the multicast receivers determine, due to their large number, the

standard deviation. The standard deviation for unicast receivers (Fig. D.11(a)) is independent

of the multicast group size and of the policies. For a small increasing group size, fairness first

becomes worse among multicast receivers, as indicated by the increasing standard deviation in

Fig. D.11(b), since the sparse multicast receiver setting results in a high heterogeneity of the

allocated bandwidth. As the group size increases further, multicast flows are allocated more

bandwidth due to an increasing number of receivers downstream. Therefore, the standard devi-

ation decreases with the number of receivers. In the asymptotic part, the standard deviation for

theLinRD policy decreases faster than for theLogRD policy since as the number of receivers

increases, the amount of bandwidth allocated to the multicast flow approaches the maximum

bandwidth (the bandwidth of a LAN), see Fig. D.10(b). Therefore, all the receivers see a high

bandwidth near the maximum, which leads to low standard deviation. Another interesting ob-

servation is that the multicast receivers among each other have a higher heterogeneity in the

bandwidth received than have the unicast receivers, compare Fig. D.11(a) and Fig. D.11(b). A

few bottlenecks are sufficient to split the multicast receivers in large subgroups with significant

differences in bandwidth allocation that subsequently result in a higher standard deviation. For
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the 2000 unicast receivers, the same bottlenecks affect only a few receivers.

The standard deviation taken over all the receivers hides the worst case performance experi-

enced by any individual receiver. To complete our study, we measure the minimum bandwidth,

which gives an indication about the worst case behavior seen by any receiver. The minimum

bandwidth over all the receivers is dictated by the minimum bandwidth over theunicastre-

ceivers (we give only one plot, Fig. D.12(a)). As the size of the multicast group increases,

the minimum bandwidth seen by the unicast receivers dramatically decreases for theLinRD

policy, whereas the minimum bandwidth for theLogRD policy remains close to the one for

theRI policy even in the asymptotic part of the curve. We can point out another interesting

result: the minimum bandwidth for theRI policy stays constant even for very large group

sizes; theLinRD policy that simulates the bandwidth that would be allocated if we replace

the multicast flow by an equivalent number of unicast flows, results in a minimum bandwidth

the rapidly decreases toward zero. Therefore, we note the positive impact of multicast on the

bandwidth allocated, and multicastgreatly improves the worst case bandwidth allocation. We

see in Fig. D.12(b) that the minimum bandwidth increases formulticastreceivers with the size

of the multicast group for the receiver-dependent policies. In conclusion, theLinRD policy

leads to important degradation of the fairness when the multicast group size increases, whereas

theLogRD policy always remains close to theRI policy.

For theRI policy, we see that the increase in the multicast group size does not influence

the average user satisfaction (Fig. D.9(a)), nor the fairness among different receivers (Fig.

D.9(b)). Also, the difference between unicast and multicast receivers is minor concerning the

bandwidth both received (Fig. D.10(a) and D.10(b)), and the unfairness (Fig. D.11(a) and

D.11(b)). TheLogRD policy is the only policy among our policies that significantly increases

receiver satisfaction (Fig. D.9(a)), keeps fairness close to the one of theRI policy (Fig. D.9(b)),

and does not starve unicast flows, even in asymptotic cases (Fig. D.12(a)).

Finally, one also should note the similarity between Fig. D.9(a), D.9(b) obtained by sim-

ulation for a large network and Fig. D.3(b), D.4 obtained by analysis of the star topology.

This suggests that the star topology is a good model to study the impact of the three different

bandwidth allocation policies.

D.4.4 Multiple Multicast Groups

We now consider the case of multiple multicast groups and 2000 unicast sessions. We add to

the 2000 unicast sessions multicast sessions of 100 receivers each. The number of multicast

sessions ranges from 2 to 100. There are 100 hosts on each LAN, the number of potential

receivers/senders is therefore 18000. The simulations were repeated five times and average are

taken over the five repetitions.

In this section, each plot can be partitioned into three parts: the first part shows the re-
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Figure D.12: Minimum bandwidth (Mbit/s) with confidence interval (95%) of the unicast re-

ceivers and of the multicast receivers for an increasing multicast group sizem = [1; :::; 6000],

k = 2000, M = 1.

sults for a small number of multicast receivers with respect to the number of unicast receivers

(M = [1; :::; 10] groups), the second part shows the results for a large number of multicast re-

ceivers compared to the number of unicast receivers (M = [10; :::; 50] groups), and the third

part indicates the asymptotic behavior of our policies (M = [50; :::; 100] groups). Again, the

asymptotic case gives an indication about the behavior of our policies in extreme cases and

about the robustness of our policies.

The three policies give nearly the same mean bandwidth over all the receivers (Fig. D.13(a)).

TheLogRD policy is the best policy for the mean bandwidth over all the receivers. We can ex-

plain this behavior with our simple analytical study. We see for the chain topology that there

are some cases where theLinRD strategy gives worse results than theLogRD and theRI

strategy. We can consider a real network as a composition of stars and chains, therefore, it is

not surprising to observe, for a large topology, a composition of the behavior of both the star

and chain topology. We see that the bandwidth allocation of theLogRD policy over theRI

policy first slightly increases as the number of multicast groups increases (untilM = 10), and

then decreases with the number of multicast groups. ForM � 10, the number of multicast

receivers that benefits from the receiver-dependent policies increases and so the differences be-

tween receiver-dependent and receiver-independent policies increase. However, in the second

part of the curves (M > 10), the number of multicast sessions tends to have more impact than

the number of multicast receivers. Indeed, when the number of multicast session increases we

have two behaviors: i) As the number of sessions (unicast or multicast) increases the bandwidth
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Figure D.13: Mean bandwidth (Mbit/s) and standard deviation of all the receivers for an in-

creasing number of multicast sessions,k = 2000 , M = [2; :::; 100],m = 100.
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Figure D.14: Mean bandwidth (Mbit/s) of unicast and multicast receivers with confidence in-

terval (95%) for an increasing number of multicast sessions,k = 2000 , M = [2; :::; 100],

m = 100.

available for each session decreases, and therefore, the benefits due to receiver-dependent poli-

cies decreases; ii) The receiver-dependent policies reward multicast flows as a function of the

number of receivers. But, if all the flows have the same number of receivers, receiver-dependent

policies do not make any significant difference. Fig. D.14(a) shows that theLogRD policy gives

roughly the same bandwidth than theRI policy for unicast receivers whereas theLinRD policy

leads to a lower bandwidth. Fig. D.14(b) shows a very important result, the receiver-dependent
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Figure D.15: Standard deviation of unicast and multicast receivers with confidence interval

(95%) for an increasing number of multicast sessions,k = 2000 , M = [2; :::; 100],m = 100.
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Figure D.16: Minimum bandwidth (Mbit/s) with confidence interval (95%) of the unicast re-

ceivers and of the multicast receivers for an increasing number of multicast sessions,k = 2000

, M = [2; :::; 100],m = 100.

policies significantly reward the multicast receivers compared to theRI policy. As the number

of multicast groups increases, the differences between the policies decrease, since the number

of multicast sessions tends to have more impact on the mean bandwidth than the number of mul-

ticast receivers. Fig. D.14(b) shows that the receiver dependent policies achieve their objective,

which is to reward multicast flows.

Fig. D.13(b) shows that standard deviation is roughly the same for the three bandwidth allo-
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cation policies. Fig. D.15(b) shows that the multicast receivers have higher standard deviation

with the receiver-dependent policies than withRI. The standard deviation is roughly the same

for the three bandwidth allocation policies for the unicast receivers (Fig. D.15(a)). As the num-

ber of multicast sessions increases, multicast flows dominate due to the high amount of multicast

receivers compared to unicast receivers, and therefore, the standard deviation of multicast re-

ceivers for the three bandwidth allocation strategies becomes close due to the high homogeneity

of the sessions. The minimum bandwidth is dictated by the unicast receivers, so the plots for all

the receivers and for the unicast receivers are the same. Fig. D.16(a) shows an interesting result.

TheLinRD policy gives very little bandwidth to unicast receivers, whereas theLogRD policy

allocates roughly the same minimum bandwidth than theRI policy. Fig. D.16(b) shows the

minimum bandwidth for multicast receivers is slightly better for the receiver-dependent policy

than forRI for a small number of multicast sessions, and the minimum bandwidth is slightly

worse for a large number of multicast sessions. Indeed, for a small number of multicast ses-

sions the interaction between sessions is low, therefore the probability that a multicast session

decreases the bandwidth seen by a multicast receiver of another session is low. But, for a large

number of multicast sessions, the interaction between multicast sessions is high, and the prob-

ability that a multicast session decreases the bandwidth seen by a multicast receiver of another

session is higher.

We did another experiment that aims to model small conferencing groups where multicast

groups of a size 20 are added. But the results of this experiment do not differ from the results of

the experiment with multicast group sizes of 100 receivers and we do not present these results.

In conclusion, the receiver satisfaction and fairness of all the receivers are roughly the same

for the three bandwidth allocation strategies (Fig. D.13), but theLogRD policy is the only pol-

icy that greatly improves the average bandwidth allocated to multicast receivers (Fig. D.14(b))

without starving unicast flows (Fig. D.16(a)).

D.5 Practical Aspects

D.5.1 Estimating the Number of Downstream Receivers

Up to now, we quantified the advantages of using bandwidth allocation strategies based on the

number of downstream receivers. Estimating the number of receivers downstream of a network

node has a certain cost but has other benefits that largely outweigh this cost. Two examples of

these benefits are feedback accumulation and multicast charging.

One of the important points of the feedback accumulation process is the estimation of the

number of downstream receivers. Given the number of receivers is known in the network nodes,

the distributed process of feedback accumulation [66], or feedback filtering in network nodes
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becomes possible and has a condition to terminate upon.

While multicast saves bandwidth, it is currently not widely offered by network operators

due to the lack of a valid charging model [14, 37]. By knowing the number of receivers at

the network nodes, different charging models for multicast can be applied, including charging

models that use the number of receivers. In the case of a single source and multiple receivers,

the amount of resources used with multicast depends on the number of receivers. For an ISP,

in order to charge the source according to the resources consumed, the number of receivers

is needed. The bandwidth allocation policy used impacts the charging in the sense that the

allocation policy changes the number of resources consumed by a multicast flow, and changes

the cost of a multicast flow for the ISP. However, in appendix D.8, we see that a simple local

bandwidth allocation policy leads to a global cost that is a complex function of the number of

receivers. It is not clear to us whether an ISP can charge a multicast flow with a simple linear or

logarithmic function of the number of receivers. Moreover, several ISPs (see [21]) use flat rate

pricing for multicast due to the lack of valid charging model. Even in the case of flat rate pricing,

the number of downstream receivers is useful when a multicast tree spans multiple ISPs. In this

case, we have a means to identify the number of receivers in each ISP. The charging issue is

orthogonal to our paper and is an important area for future research.

The estimation of the number of downstream receivers is feasible, for instance, with the

Express multicast routing protocol [37]. The cost of estimating the number of downstream

receivers is highly dependent on the method used and the accuracy of the estimate required. As

our policy is based on a logarithmic function, we only need a coarse estimate of the number of

downstream receivers. Holbrook [37] describes a low overhead method for the estimation of

the number of downstream receivers.

D.5.2 Introduction of the LogRD Policy

Another important question is how to introduce theLogRD policy in a real network without

starving unicast flows. In section D.4, we show that even in asymptotic cases theLogRD strat-

egy does not starve unicast flows, but we do not have a hard guarantee about the bandwidth

allocated to unicast receivers. For instance, one multicast flow with 1 million downstream

receivers sharing the same bottleneck than a unicast flow will grab 93% of the available band-

width. This is a large amount of the bandwidth, but that does not lead to a starvation of the

unicast flow.

The LogRD policy will asymptotically – when the number of multicast receivers tends

toward infinity – lead to an optimal receiver satisfaction (limited by the capacity of the network)

and to a low fairness. In particular, the multicast flow will grab all the available bandwidth of

the bottleneck link and starve all the unicast flows sharing this bottleneck link. It is possible to

devise a strategy based on theLogRD policy that allocates to the multicast flows never more
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thanK times the bandwidth allocated to the unicast flows sharing the same bottleneck. We can

imagine theLogRD strategy to be used in a hierarchical link sharing scheme (see [31, 4] for

hierarchical link sharing models). The idea is to introduce our policy in the general scheduler

[31] (for instance we can configure the weight of a PGPS [65] scheduler with theLogRD policy

to achieve our goal), and to add an administrative constraint in the link sharing scheduler (for

instance we guarantee that unicast traffic receives at least x% of the link bandwidth). This is

a simple way to allocate the bandwidth with respect to theLogRD policy, and to guarantee a

minimum bandwidth for the unicast flows. Moreover, Kumar et al. [45] show that it is possible

to integrate efficiently a mechanism like HWFQ [4] in a Gigabit router, and WFQ is already

available in the recent routers [12].

D.5.3 Incremental Deployment

An important practical aspect is whether it is possible to incrementally deploy theLogRD pol-

icy. To answer this question we make the following experiment. We consider the random topol-

ogy used in section D.4 and a unicast environment consisting of 2000 unicast flows. We add to

this unicast environment 20 multicast flows with a uniform group size of 50 multicast receivers

randomly distributed. The simulation consists in varying the percentage of LANs, MANs, and

WANs that use theLogRD policy compared to theRI policy. We make the assumption that

each LAN, MAN, and WAN is an autonomous system managed by a single organization. So

when an organization decides to use theLogRD policy, it changes the policy in all the routers of

the LAN, MAN, or WAN it is responsible for. We say that a LAN, MAN or WAN isLogRD if

all the routers use theLogRD policy. The simulation consists in varying the number ofLogRD

LANs and MANs from 0% to 100%, for the WAN we only look at a full support (all routers

areLogRD) or no support (all routers areRI). We call these percentages respectively perLAN,

perMAN, and perWAN. This simulation is repeated five times and averages are taken over the

five repetitions. The results are given with a confidence interval of 95%� 20Kbit/s around the

mean bandwidth.

The main behavior we see in Fig. D.17 is theinterdependencyof the parameters perLAN,

perMAN, and perWAN on the mean bandwidth for the multicast receivers. An isolated de-

ployment of theLogRD in just the LANs, MANs, or WANs does not allow to achieve a mean

bandwidth close to the mean bandwidth obtained when the whole network isLogRD. For in-

stance, the perMAN parameter does not have a significant influence on the mean bandwidth

whenperLAN = 0. However, whenperLAN = 100 andperWAN = 100, the perMAN pa-

rameter has a significant influence on the mean bandwidth. The results obtained depend on the

network configuration (number of LANs, MANs, and WANs, link bandwidth, etc.). However,

we believe the property of interdependency of the parameters perLAN, perMAN, and perWAN

to hold in all the cases.
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Figure D.17: Influence on the mean bandwidth (Mbit/s) for the multicast receivers for an hier-

archical incremental deployment of theLogRD policy,k = 2000, M = 20, m = 50.

In conclusion, to reap the full benefit of theLogRD policy, a coordinated deployment is

necessary. However, as the lack of links using theLogRD allocation does not lead to any

performance degradation for the network, an incremental deployment is possible.

D.6 Conclusion

If one wants to introduce multicast in the Internet, one should give an incentive to use it. We

propose a simple mechanism that takes into account the number of receivers downstream. Our

proposal does not starve unicast flows and greatly increases multicast receiver satisfaction.

We defined three different bandwidth allocation strategies as well as criteria to compare

these strategies. We compared the three strategies analytically and through simulations. Ana-

lytically, we studied two simple topologies: a star, and a chain. We showed that theLogRD

policy leads to the best tradeoff between receiver satisfaction and fairness. The striking similar-

ities in the results for the analytical study and the simulations confirm that we had chosen valid

models.

To simulate real networks, we defined a large topology consisting of WANs, MANs, and

LANs. In a first round of experiments, we determined the right number of unicast receivers. We

studied the introduction of multicast in a unicast environment with three different bandwidth

allocation policies. The aim was to understand the impact of multicast in the real Internet. We

showed that allocating link bandwidth dependent on the flows’ number of downstream receivers

results in a higher receiver satisfaction. TheLogRD policy provides the best tradeoff between

the receiver satisfaction and the fairness among receivers. Indeed, theLogRD policy always
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leads to higher receiver satisfaction than theRI policy for roughly the same fairness, whereas

theLinRD policy leads to higher receiver satisfaction than theLogRD policy, however, at the

expense of unacceptable decrease in fairness.

Our contribution in this paper is the definition and evaluation of a new bandwidth allocation

policy calledLogRD that gives a real incentive to use multicast. Also, thelogRD policy gives

a relevant answer to the open question on how to treat a multicast flow compared to a unicast

flow sharing the same bottleneck. To the best of our knowledge, we are the first that take into

account the number of multicast receivers to reward multicast flows. Moreover, we show that

the deployment of theLogRD policy is feasible when deployed per ISP at the same time as the

ISP upgrades its network to be multicast capable.

D.7 Discussion on Multicast Gain

To evaluate the bandwidth multicast gain, we restrict ourselves to the case of a full o-ary tree

with receivers at the leaves – in this case we model a point to point network – or with broadcast

LAN at the leaves. We consider one case where the unicast and the multicast cost only depends

on the number of links (the unlimited bandwidth case) and one case where the unicast and the

multicast cost depends on the bandwidth used (the limited bandwidth case).

Let the full o-ary tree be of heighth. We assume the sender to be at the root, so there are

R = oh receivers orN = oh LANs with RN receivers on each LAN (R = RN �N ). We define

thebandwidth cost as the sum of all the bandwidths consumed on all the links of the tree. We

define thelink cost as the sum of all the links used on the tree, we countn times the same link

when the same data are sentn times on this link. LetCU be the unicast bandwidth/link cost

from the sender to all of the receivers andCM the multicast bandwidth/link cost from the same

sender to the same receivers.

D.7.1 Bandwidth-Unlimited Case

We assume that every link of the tree has unlimited bandwidth. LetCU andCM be the link cost

for unicast and multicast, respectively.

If we consider one receiver on each leaf of the tree we have:

CU = oh + oh�1 � o + � � �+ o1 � oh�1 = h � oh = h �R = R � logo(R) (D.7)

CM =
hX
i=1

oi =
oh+1 � o

o� 1
=

o

o � 1
(R � 1)
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We define the multicast gain as the ratio:

CU

CM

= logo(R)
R

R � 1
� o� 1

o

The multicast gain depends logarithmically on the number of receivers.

If we consider one LAN on each leaf of the tree we have:

CU = h �R = h �N �RN = RN �N � logo(N)

CM =
hX
i=1

oi =
oh+1 � o

o � 1
=

o

o � 1
(N � 1)

We define the multicast gain as the ratio:

CU

CM

=
o � 1

o
�RN � 1

1 � 1
N

� logo(N)

The gain depends logarithmically on the number of LANs and linearly on the number of re-

ceivers per LAN.

D.7.2 Bandwidth-Limited Case

Every link of the tree has a capacityC. LetCU andCM be the bandwidth cost for unicast and

multicast, respectively.

If we consider one receiver on each leaf of the tree we have:

CU = o �C + o2 � C
o
+ o3 � C

o2
+ � � �+ oh � C

oh�1

=
hX
i=1

C � o = h � C � o = C � o � logo(R)

CM = C
hX
i=1

oi = C � o
h+1 � o

o� 1
= C � o

o� 1
(R� 1)

The multicast gain is:
CU

CM

= (o� 1)
logo(R)

R � 1

This means that there is a multicast gain smaller than 1 for large R. But, of course, in

the unicast case (which is now globally less expensive), we also have much smaller receiver

satisfaction due to the bandwidth-limited links close to the source. Therefore, the definition

for the standard multicast gain does not make sense in the bandwidth-limited case. For the

unlimited case, receivers are equally satisfied, since they receive the same bandwidth and the

multicast gainmakes sense.
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We need to define another measure that combines the satisfaction and the cost. We use cost

per satisfaction. We look at the ratio of bandwidth cost per satisfaction that tells us how much

bandwidth we need to invest to get a unit of satisfaction.

We now employ:GB = global cost
global satisfaction. To compute the global satisfaction, we add the

satisfaction over all receivers. Let the global satisfaction beSU for unicast andSM for multicast.

SU = R � C � 1

oh�1
= R � C � o

oh
= R � C � o

R
= C � o

SM = R � C

ThenGB =
global cost

global satisfactionis :

GBU =
CU

SU
=
C � o � logo(R)

C � o = logo(R)

GBM =
CM

SM
=

(R� 1)

R
� o

o � 1

Now the new multicast gain is:

GBU

GBM

=
o � 1

o
� R

R� 1
� logo(R)

The gain depends logarithmically on the number of receivers.

If we consider one LAN on each leaf of the multicast tree we have:

CU = o � C + o2 � C
o
+ o3 � C

o2
+ � � �+ oh � C

oh�1
= C � o � logo(N)

CM = C
hX
i=1

oi = C � o
h+1 � o

o� 1
= C � o

o� 1
(N � 1)

The multicast gain is:
CU

CM

= (o� 1)
logo(N)

N � 1

Once again the multicast gain smaller than 1 for largeN . The global satisfaction is:

SU = R � C � 1

oh�1RN

= C � o
SM = R � C

ThenGB = global cost
global satisfactionis :

GBU =
CU

SU
= logo(N)
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GBM =
CM

SM
=

N � 1

RN �N � o

o � 1

Now the new multicast gain is:

GBU

GBM

=
o� 1

o
� RN �N
N � 1

� logo(N)

The gain depends logarithmically on the number of LANs and linearly on the number of re-

ceivers per LAN.

In conclusion, for both the unlimited and the limited bandwidth case, the multicast gain has a

logarithmic trend with the number of receivers in case of point-to-point networks. For broadcast

LANs at the leaves of the multicast distribution tree, the multicast gain has a logarithmic trend

with the number of LANs, but a linear trend with the number of receivers per LAN. Therefore,

with a small number of receivers per LAN the multicast gain is logarithmic but with a large

number of receivers per LANs the multicast gain is linear.

D.8 Global Impact of a Local Bandwidth Allocation Policy

We consider a full o-ary tree for the unlimited bandwidth case when there is a receiver per leaf.

The unicast link cost isCU = h �R (see Eq. D.7). Now we consider the multicast link cost for

theRI, theLinRD, andLogRD policies. For instance when there are 2 receivers downstream

of link l, theLinRD policy allocates the equivalent of 2 units of bandwidth and theLogRD

policy allocates the equivalent of1+ln(2) units of bandwidth compared to theRI policy which

allocates 1 unit of bandwidth.

The multicast link cost for theRI policy is:

CRI
M =

hX
i=1

oi =
o

o � 1
(R � 1)

The multicast link cost for theLinRD policy is:

CLinRD
M = o � R

o
+ o2 � R

o2
+ � � �+ oh � R

oh
= h �R = CU

The multicast link cost for theLogRD policy is:

CLogRD
M = o � (1 + ln

R

o
) + o2 � (1 + ln

R

o2
) + � � �+ oh � (1 + ln

R

oh
) =

hX
i=1

oi(1 + ln
R

oi
)

We have1 + ln R
oi
� R

oi
and1 + ln R

oi
< R

oi
for R

oi
6= 1. So forh > 1 ando > 1 we have

CLogRD
M < CLinRD

M .

In conclusion we see that the policy that rewards multicast with its gain is theLinRD policy

and not theLogRD policy as expected.
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D.9 Tiers Setup

We give a brief description of the topology used for all the simulations. The random topology

RT is generated withtiers v1.1 using the command line parameterstiers 1 20 9 5

2 1 3 1 1 1 1 . A WAN consists of 5 nodes and 6 links and connects 20 MANs, each

consisting of 2 nodes and 2 links. To each MAN, 9 LANs are connected. Therefore, the core

topology consists of5 + 40 + 20 � 9 = 225 nodes. The capacity of WAN links is 155Mbit/s, the

capacity of MAN links is 55Mbit/s, and the capacity of LAN links is 10Mbit/s.

WAN
MAN
LAN

Figure D.18: The random topologyRT

Each LAN is represented as a single node and connects several hosts via a 10Mbit/s link.

The number of hosts connected to a LAN changes from experiment to experiment to speed up

simulation. However, the number of hosts is always chosen larger than the sum of the receivers

and the sources all together.
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Résuḿe

Une des clefs de l’am´elioration de la qualit´e de service pour les r´eseauxbest effortest le contrˆole de

congestion. Dans cette th`ese, on a ´etudié le problème du contrˆole de congestion pour la transmission

multipoint dans les r´eseauxbest effort. Cette thèse présente quatre contributions majeures. On a com-

mencé parétudier deux protocoles de contrˆole de congestion multipoints RLM et RLC. On a identifi´e

des comportements pathologiques pour chaque protocole. Ceux-ci sont extrˆemement difficiles `a corriger

dans le contexte actuel de l’internet, c’est-`a-dire en respectant le paradigmeTCP-friendly. On a alors

réfléchi au probl`eme du contrˆole de congestion dans le contexte plus g´enéral des r´eseauxbest effort.

Ceci nous a conduit `a redéfinir la notion de congestion, d´efinir les propriétés requises par un protocole

de contrôle de congestion id´eal et définir un nouveau paradigme pour la conception de protocoles de

contrôle de congestion presque id´eaux. On a introduit `a cet effet le paradigmeFair Scheduler(FS). L’ap-

proche que l’on a utilis´ee pour d´efinir ce nouveau paradigme est purement formelle. Pour valider cette

approche th´eorique, on a con¸cu grâce au paradigme FS un nouveau protocole de contrˆole de congestion

multipoint à couches cumulatives et orient´e récepteur : PLM, qui est capable de suivre les ´evolutions de

la bande passante disponible sans aucune perte induite, mˆeme dans un environnement autosimilaire et

multifractal. PLM surpasse RLM et RLC et valide le paradigme FS. Comme ce paradigme permet de

concevoir des protocoles de contrˆole de congestion multipoints et point `a point, on a d´efini une nouvelle

politique d’allocation de la bande passante entre flux multipoints et flux point `a point. Cette politique,

appeléeLogRD, permet d’am´eliorer consid´erablement la satisfaction des utilisateurs multipoints sans

nuire aux utilisateurs point `a point.

Abstract

An efficient way to improve quality of service for best effort networks is through congestion control.

We present in this thesis a study of multicast congestion control for best effort networks. This thesis

shows four major contributions. We first exhibit some pathological behaviors for the multicast congestion

control protocols RLM and RLC. As these pathological behaviors are extremely hard to fix in the context

of the current Internet (i.e. with the TCP-friendly paradigm), we thought about the problem of congestion

control in the more general case of best effort networks. We give a new definition of congestion, we

define the properties required by an ideal congestion control protocol, and we define a paradigm, the

fair scheduler (FS) paradigm, for the design of nearly ideal end to end congestion control protocols. We

define this paradigm in a formal way. To validate this paradigm in a pragmatic way, we design with

the FS paradigm a new multicast congestion control protocol: PLM. This protocol converges fast to the

available bandwidth and tracks this available bandwidth without loss induced even in a self similar and

multifractal environment. PLM outperforms RLM and RLC and validates the FS paradigm claims. As

the FS paradigm allows to devise multicast and unicast congestion control protocols, we define a new

bandwidth allocation policy for unicast and multicast flows. This policy calledLogRD allows to increase

the multicast receiver satisfaction without significantly decreasing the unicast receiver satisfaction.


