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Réesune

Une des clefs de I'aglioration de la qualé de service pour legseaubest efforest le contole

de congestion. Dans cetteee, on aefudeé le probeme du contrle de congestion pour la
transmission multipoint dans leegéauxbest effort Cette tlese pesente quatre contributions
majeures. On a commeagaretudier deux protocoles de coolie"de congestion multipoints
RLM et RLC. On a identift’"des comportements pathologiques pour chaque protocole. Ceux-ci
sont extEmement difficiles corriger dans le contexte actuel de I'internet, caslire en res-
pectant le paradigm&CP-friendly On a alors efléchi au prok#me du conwle de congestion
dans le contexte plusgéral des eseawbest effort Ceci nous a condué redfinir la notion de
congestion, dfinir les proprétés requises par un protocole de cofdgrde congestion &t et a-

finir un nouveau paradigme pour la conception de protocoles deot®di congestion presque
idéaux. On a introduid cet effet le paradigmiair Schedule(FS). L'approche que I'on a uti-
lisee pour éfinir ce nouveau paradigme est purement formelle. Pour valider cette approche
théorique, on a cary grace au paradigme FS un nouveau protocole de alentié congestion
multipointa couches cumulatives et orien&cepteur : PLM, qui est capable de suivredegs-’
lutions de la bande passante disponible sans aucune perte indernte,gans un environnement
autosimilaire et multifractal. PLM surpasse RLM et RLC et valide le paradigme FS. Comme ce
paradigme permet de concevoir des protocoles de @erde congestion multipoints et poeat °
point, on a @fini une nouvelle politique d’allocation de la bande passante entre flux multipoints
et flux pointa point. Cette politique, apps’og R D, permet d’areliorer consiérablement la
satisfaction des utilisateurs multipoints sans nuire aux utilisateurs gpioint.






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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Chapitre 1
Introduction

Au début des arnges 1990, I'internet a connu, avec lEmement duNord Wide Wepune
révolution dans son mode d'utilisation. Il est devenu le support de services mdigispour le
grand public. Or, I'internet rétait p€pag nia supporter un service multedia, nia connecter
le grand public. On verra &ul.1 que les pionniers de TARPANET (legrUrseur de l'internet)
avaient fait des choix architecturaux permettantdpldiement de nouveaux services et I'inter-
connexion d’'un grand nombre d’ordinateurs. Cependaatmeles plus optimistes deepoque
prédirent une croissance de l'internet qui, aujourd’hui, fait sourire, tant elle esienfe de
plusieurs ordres de grandeata alité.

Le grand public attend aujourd’hui de l'internet une certaine qudktservice. Cependant,
l'internet est un esealbest effortqui, par d&finition, n'offre pas de quaktde service. En fait,
la quali# de service est obtenue par des protocoles aurragst terminaux. Par carpient,
un des moyens les plus efficaces d&iorer la quali€ de service est d’agfiorer les protocoles
aux sysemes terminaux ; en particulier, les protocoles de abatté congestion. D’autre part, le
concept de transmission multipoint fut introduit pour permettfanternet d’offrir de nouveaux
services.

On vaétudier dans cette éise le proldme du contsfe de congestion pour leeséauxbest
effort, mais en axant notretide sur la transmission multipoint. Dans la suite, en s’appuyant sur
leur fondement historique, on vafiiir les termes best effort», « contdle de congestion
et « transmission multipoint. Cette perspective historique va nous permettre de motiver le
sujet de cette #se. En effet, c’est en comprenant édergiu’ont jol€ I'architecturebest effort
et le contole de congestion dans le sescde l'internet que I'on comprendra pourquoi il est
primordial pour la grenni€ de l'internet détudier le coniole de congestion pour lesséaux
best effort Et c’est en expliquant pourquoi la transmission multipoint permeteggoger de
nouveaux services, et pourquoi le pretnié de contife de congestion multipoint est si ardu, que
I'on pourra juger combien il estimportant d’orienter nagtade vers la transmission multipoint.



20 CHAPITRE 1. INTRODUCTION
1.1 Le concept de esealbest effort

On pourrait &finir de nombreux fondements de l'internet actuel : I'architectecedtrali-
sée, la commutation de paquets, I'interconnexion par le protocole IP, le concegstedribest
effort, 'argumentend-to-endetc. Lidée directrice qui a guilles pionniers de 'ARPANET
(le précurseur de I'internet, e en 1969ktait de fournir uneSeau qui puisse interconnecter
les ordinateurs du monde entier [38]. Tous les fondements de l'internet actuel et, en particulier
le concept degSeawbest effort découlent de cette & directrice. Si I'on veut ureseau qui
puisse fonctionner en interconnectant un grand nombre de machesdgtrogenes, tant au
niveau du magfiel que des applications, il daétre simple. Introduire un etanisme sgcifique
a une application dans leséau peut s'&réer réfaste pour une autre application. Le concept de
best effortsignifie que I'on a une@Seau qui va s’occuper de transmettre un paquet desdsnn’
d’'un pointa un autre dug$eau sans aucune garantie de : fiaitibit, lai, gigue, etc.; en
résung, sans aucune garantie de qeali€ service. L'argumergnd-to-end78] compEte le
concept ddest efforen disant que leaseau ne doit pas essayer d’offrir un service qu'il ne peut
pas engrement garantir, c’est-dire sans le support des systes terminaux, sauf si le service
partiel offert par le eseau est utile pour toutes les applications ; on dit que c’estaganisme
d’utilite globale broad utility). En résun€, I'argumentend-to-enddit simplement qu’il vaut
mieux repousser les@eanismes qui donnent de la gualité service vers les sgshes termi-
naux. Cependant, la notion desgenisme d’utilié¢”globale — notion qui autorise ajouter un
mécanisme dans l@seau — est sujetteinterpgtation. Il est exefmement difficile de pdire si
un mécanisme d’utili¢’globalea’un moment dormhe sera pasafiaste pour une application qui
n'apparafra que plus tard.

La clairvoyance des pionniers de '’ARPANET quadrent de garder leesealbest effort
permit 'avenement diword Wide WebEn effet, Leonard Kleinrockcrit en 1974 [52] « le
domaine desaseaux d’ordinateurs est certainement ardvhaturi€, les applications ordté
clairement identiftes et la technologie existe pour satisfaire les besoins des applications...
Que se serait-il passsi, croyant les applications clairement ider8§; ils avaient rajoas dans
le réseau des atanismes pour agliorer ces applications getaient le courrieelectroniqueé-
mail), le transfert de fichiers et, plus tard, les forums de discuss@ng? Ces necanismes au-
raient sans doute engerdiés @lais sans comgjuence pour de telles applications asynchrones,
mais Edhibitoires pour une application qui appé&i@Vingt ans plus tard et quevolutionnera
notre mode de communication :\lord Wide Web

Le concept deesSeawdbest effortest donc une ecessit” pour assurer lagsénnit de I'in-
ternet. Cependant, certaines applicatioesassitant des garanties destfaible @élai — comme
les simulations militaires ou les jeux distrimi~ ou des garanties de haebd— par exemple
la télévision haute dfinition — auront certainement besoin degahismes grifiques ; ing-
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grer de telles applications dans un Internest efforest toujours un sujet d’actives recherches.
Meéeme s'il appard’des Eseaux sgtiali€s pour des applicationsesgfiques qui ont de fortes
contraintes de quaétde service, I'histoire dbest efforta montg que ce service se justifiera
toujours par son faible e, sa facilig de maintenance et surtout son erig flexibili€ qui se
traduit par le tes large spectre d’applications autegs:

1.2 Le controle de congestion

Un réseaubest effortest un eseau qui n’offre aucune garantie de qeatie service aux
sysemes terminaux (volf 1.1). Le support des protocoles aux gyses terminaux est donc in-
dispensable pour offrir de la quaitie service. Ces protocoles donnent certaines fonctioesalit”
qui sont directement assirésa de la quali’de service, comme la fiabéitbu I'ordonnance-
ment des paquets. D’autres fonctionredittcomme le condté de congestion, ont umlg qui,
bien que fondamental au bon fonctionnementekedu, n’est pas directement asserailde la
qualité de service. Le probme du contile de congestion dans less€aux d’ordinateurs est
né avec lesaSeaux d’ordinateutsEn 1974, Leonard Kleinrock [52§ la demande de J. Wal-
ter Bond l'éditeur deACM SIGCOMM Computer Communication Revielwnna son avis sur
les domaines quiecessitaient des investigations urgentes dansksacix. Kleinrock cita le
probléme du contrle de flux flow contro) comme un des probimes les plusesieux.

On note que Kleinrock parle de coalede flux et non de corilé de congestiorcpongestion
control). On va expliquer cette distinction par la suite. Urgahisme de corufé de flux est un
mécanisme qui limite I'en&é des paquets dans é&sgau pour une raison ou pour une autre [52].
La manere la plus efficace de conter un flux est de le conttér aux extemités du gseau (soit
directement au niveau de la paire soureeépteur, soit au niveau des points degdu Eseau
avec des racanismes dshapinget depolicing). On note que derere I'idée de contrler le flux
aux extemités du gseau, il y a 'ife de I'argumenrgnd-to-endA I"'epoque de TARPANET, les
goulots dEtranglement venaient des machines auxeexitts du eseau et non diweseau lui-
méme. Le principal proleime pour une souredit de ne pas faireatborder la file deeCeption
du récepteur. Sile nombre de paquetsu® par leecepteur, est plus grand que la taille de la file
de ®Bception, il y a des pertes. Dans certains cas pathologiques, on pouvait aciee@bits
tres faibles. Le contie de flux, en limitant I'en&é des paquets dans kEs€au poueviter le
débordement des files deaéption, permit deasoudre le proleime.

On introduisit la notion deeceiver advertized windodans TCP [11] pour faire du conle
de flux; cettereceiver advertized windoeorrespond au nombre maximum de bytes que la file
de Bception du ecepteur peut contenir. &éa lareceiver advertized windgw CP limite le
nombre de paquets dans keseau au nombre maximum de paquets que la fileedeption

1. Dans toute la suite de cetteetie, le termeeseausignifiera toujourseseau d’ordinateurs
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du récepteur peut contenir; il ne peut, par cemsént, jamais y avoir de pertes au niveau de
la file de Eception du ecepteur. Vinton Cerf et al. dans la RFC 675 [11] @éeelhbre 1974,
qui est la prenmere description du protocole TCP, indiquent que le but du ottté flux est
d’eviter la saturation des sgshes terminaux. Dans la RFC 793 [69] de 1981, qui est la elerni
specification du protocole TCP, Jon Postel identifie le caletde flux comme une @pation de
base de TCP etalinit le contdle de flux de TCP comme unenanisme qui emgzhe la source
d’envoyer plus de paquets que ce quedeepteur peut accepter, par exemple, en fonction de
I'espace disponible dans sa file deption.

Il faut attendre 1984 [56] pour que soit idergiila recessit’d’'un mécanisme de corulé
de congestion dans ce que I'on appelait esedux IP/TCP. En effet, John Nagle observa sur
le réseau de l&ord Aerospace and Communications Corporatiome tes forte @&gradation
des performances qu’il appetangestion collapsé.e probEme se produisait lorsque leséau
était tes charg’; une brusque augmentation de la charge pouvait conduirge ‘augmenta-
tion du RTT Round Trip Timgplus rapide que I'estimateur du RTT de TCP. Par eguognt,
TCP retransmettait des paquets gtaiént @ja dans le €seau. Le plus surprenant est que ce
phénorene conduisait un état stable o chaque paquedtait transmis plusieurs fois et, par
congquent, a’le dbit utile — dEbit effectivement obseevpar I'application -efait tres faible.
D’autre part, Nagle expliqua que cegaionmene nétait pas encore obsardans 'ARPANETa
cause de la grande provision de bande passante dsseau, mais qu’uoongestion collapse
était inévitable si un mtanisme de cordté de congestion ptait pas utilis’dans 'ARPANET.
Nagle introduisit la notion de congestion comme uemptrrene interne auaseau qui ne pouvait
appar#re que dans ureseau suffisamment charfphénonene rare dans '’ARPANET jusqu’en
1986). C’esta partir de ce moment que I'on put faire ueelie distinction entre coruté de flux
et contole de congestion. Le cowlE de fluxéetait destie’a éviter le ddbordement des files de
réception desacepteurs, le cortité de congestiortait maintenant destra éviter la conges-
tion dans le eseau, pbnomene di'au remplissage excessif des files dang$eau.

Octobre 1986, le premier de ce qui deviendra wrgesdecongestion collapsee produit.
Durant cette pfiode, le @bit entre le LBL et UC Berkeley chute de 32 Kbid40 bit/s. La
prévision de Nagle, deux ans plus tS'était \erifiee. Pouresoudre ce probhme, Van Jacobson
et Michael J. Karels propesent, en 1988, sept nouveaux algorithmes @B@jtroduire dans
TCP. TCP avait un mcanisme de coralé de flux, il eut en 1988 desenanismes de comtie
de congestion. Cesewanismes, qui ont doerdes fonctionnal@$ de contrle de congestioa *
TCP, ont permis de pserver I'internet d’'un nouveaongestion collapsgisqu’a aujourd’hui.
A partir de cetteepoque, le contifé de congestion devint wiément fondamental desséaux
best effort sans contile de congestion, leeseau est inutilisable. La RFC 2581 [1Esifie les
mécanismes actuels de caslr tle congestion de TCP.

Jusqu’ici, on n’a pas domnde dfinition pcise de la notion de congestion. Uredidition
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gérérale sera dore€ dans la suite de cetteetfe (voir§ 3.2.2). La @finition de congestion

utilisée par TCP estdiéa la notion de perte ; il y a congestion pour TG dju'il y a perte. Cette
définition de la notion de congestion est, cependant, restrictive et dangereuse. Restrictive, parce
gu’elle suppose que seule une perte e Un signal de congestion : en fait, une perte n’est

que le signal d’'une congestion qui a commebh&En avant ; dangereuse, parce qu’elle carsid”

les pertes commeatessaires, c’est le signal de congestion, et parce que eesi#ries autres

gue la congestion peuvent produire des pertes : par exemple, des erreurs de transmission sur des
liens radios. La notion de congestion telle quinie par TCP est donc imparfaite. De plus,
comme la notion de cordlé de congestion est essentielle dansdssaibest effortil nous a

sembé récessaire @&fudier le prol#ime du contile de congestion dans ce type dsgaux.

1.3 La transmission multipoint

Les premeres pierres de la transmission multipoint pour l'internetes@tpoges par Ste-
phen Deering, en 1988 [18], qui a propoglusieurs algorithmes de routage multipoint. Le
principe de la transmission multipoint est le suivant : I'algorithme de routage multipiblit
un arbre entre la source et lecepteurs. La source envoie des paquets ecepteurs travers
cet arbre. Le gain de la transmission multipoint vient du fait que, contrairegrlartransmis-
sion pointa point al la source doit envoyer autant de copies d’'un paquet qu'il y @cepteurs,
une source multipoint envoie une seule copie du paquet et c'etdaun’qui copiera le paquet °
chaque fourche de I'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 I'arbre multipoint .

Le véritable é&ploiement de la transmission multipoint a commesagéc les dbuts du e-
seau Mbone [24, 53Multicast Backboneen 1992. Les principales applications sur le Mbone
étaient — et sont encore — la eid; I'audio et le tableau partagwhiteboard. A la difference du
tableau partagqui requiert fiabili¢'et colerence temporelle, la via' toEre naturellement, mais
dans une certaine mesure, les pertes et la congestion. Laudiedégilement les pertes lors-
gu’elles soneparses — c’esa-dire lorsqu’elles peuvestre corrigees soit par un ecanisme de
contle d’erreur par anticipation utilisant de la redondance de type FHa@drd Error Cor-
rection), soit par des mcanismes mdictifs au niveau duecepteur — et la congestion lorsqu'il
est possible d’absorber la gigue par unemoire tampon deeception bien dimensioee. Dans
ce contextex tolérer » signifie sans perteedhibitoire de satisfaction pour les utilisateurs. La
communaug’des utilisateurs du Mbone est restreinte eivilisee ». Si quelqu’un utilise beau-
coup de bande passante (par exemple, pour un flleovil@ bonne quaé)a un moment ol
y a peu de sessions multipoints sur le Mbone, il va naturellement diminuebled¥ son flux
si le nombre de sessions augmente, mmiter que son flux negralise les autres sessions.

Cependant, la transmission multipoint est ureeiléaucoup trop ambitieuse petne"confi-
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née au Mbone. Il est, par caagient, naturel @tudier comment fiabiliser la transmission mul-
tipoint et comment faire du comié de congestion pour diverses applications multipoints dans
un résealbest effortde type Internet. La fiabikten multipoint est plus complexe qu’en point
a point pour deux raisons qui apparaissent principalement avec les grands groupes- Premi’
rement, la question de I'envoi des acquittemefeedback est beaucoup plus complexe en
multipoint qu’en pointa’ point: lorsqu’un grand nombre deagpteurs envoie digedbacka

la source pour signaler, par exemple, une perte commune, la source gaouier sous le
trop grand nombre de messagéefiback implosign Plusieurs solutions orté proposesa

ce prob€me [8, 59, 66, 32, 84]. Dewxnement, la question des retransmissionggatement
plus complexe en multipoint qu’en poiatpoint . La encore, plusieurs solutions ai¢ propo-
sees [59, 66]. EnesSung, la question de la fiabiBten multipoint sefé beaucougtudiée et de
nombreuses solutior@égantes et performantes @t proposes.

Le contile de congestion multipoint est beaucoup plus complexe que leot®de tonges-
tion pointa point car en multipoint on a une source mais plusieecgpteurs. On peut consi-
dérer un necanisme de cordlé de congestion poirg point comme un ecanisme distribel”
qui doit optimiser I'utilisation des ressources diseau. Pour faire du conte"de congestion
pointa point, on doit non seulement tenir compte de la source eedeptéur, mais aussi de
tous les autres flux exegesa la connexion. En effet, il faut maximiser, par exemple,dbitd”
de sa propre connexion sansnaliser les autres connexions. Lorsque I'on fait du ciatde
congestion multipoint, on doit optimiser I'utilisation des ressourcesdaal avec la contrainte
suppEmentaire, par rappoa la transmission poird point, qu'il y a une coefation entre les
débits que regivent les ecepteurs d’'un @rme groupe multipoint puisqu’ils appartiennent au
méme arbre de distribution. Il n'y a pas, contrairemee qu’offre TCP pour la transmission
pointa point, une solutiong¥rale pour le contfe de congestion multipoint, mais plusieurs
solutions spcifiques qui serontetaillées dans le chapitre 2.

La transmission multipoint permet donc un gain coesithle de bande passante et, par
congquent, le dploiement de nouveaux services dansésgaubest efforcomme la diffusion
de contenu audio et vigb de bonne quaét’"Méme si le contile de congestion multipoint est
tres complexe, il est cependargagssaire auaploiement d’applications multipoints. On va,
dans cette thse,etudier le prok®me du conwle de congestion dans lesséauxbest efforten
s’orientant plus particuidirement vers la transmission multipoint.

1.4 Organisation de la these

Cette tlese est organe® de la mamre suivante. Dans le chapitre 2 on va donnetak de
I'art du contdle de congestion pour la transmission multipoint. Dans le chapitre 8samréra
les contributions de cetteg¢lé avant de conclure au chapitre 4. On trouvera en annexe quatre
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chapitres en anglais qui correspondent aux quatre contributions de estesuntes au cha-
pitre 3. Il est conseidt’de commencer par lire le chapitre 3 pour avoir une vision globale de la
thése, mais de lire les annexes pour cotiedes d@tails sur une partie pcise. Le chapitre 3
comprend quatre parties, chaque partie corresporadantchapitre plazen annexe. Dans la
premgre partie, orefudie les comportements pathologiques de deux protocoles deleater”
congestion multipoints RLM et RLC (annexe A). Dans la deaxé partie, oretudie de ma-
niere formelle le protdme du contle de congestion et on introduit la notion de paradigme FS
(annexe B). Dans la troisime partie, on introduit PLM, un nouveau protocole de alatde
congestion multipoint basSur le paradigme FS et qui surpasse tous les autres protocoles de
contile de congestion multipoints (annexe C). Dans la qewate et derr@re partie, oretudie

des ne€canismes d’allocation de la bande passante entre flux multipoints et fluxappaint
dépendant du nombre deaépteurs (annexe D).
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Chapitre 2

Etat de l'art

Le contidle de congestion pour la transmission multipoint est le sujet d’actives recherches
depuis quelques aeps. Contrairemerat la transmission poirdg point al un seul protocole de
contdle de congestion peut satisfaire la grande majatd$ utilisateurs, la transmission mul-
tipoint nécessite plusieurs types de protocoles de otmtiié congestion en fonction du type
d’applications utiliges. On va classer ces protocoles de abate congestion multipoints en
fonction du type d’architectures utiéss (orierges source owecepteur) et du type de comporte-
ments choisisTCP-friendlyou nonT CP-friendly, chaque architecture et chagque comportement
ayant des avantages et des inaaments que I'on vaetailler dans la suite.

2.1 Architecture du protocole

2.1.1 Larchitecture orientee source

Ce type d’architectures est utdigour les protocoles de coalede congestion poimtpoint
et en particulier pour TCP. Dans une architecture ogiesturce, la responsalglide I'adapta-
tion du cEbit de la session aux conditions de congestioredaa est laisga la source. Tous les
recepteurs de la session observent éema @bit, celui de la sourc&tant done’que, en gié-
ral, la source doit s’adapter aeaépteur le plus lent, lescépteurs disposant d’une plus grande
bande passante seromrali€s. Mme dans le casuda source envoie les doeesa un dbit
supgrieura celui du cepteur le plus lent, lesthit unique de la session, ial€nta I'architecture
orienge source, ne pourra pas satisfaire tous les utilisateurs en cas d’'une gemdgshéité
de la bande passante disponible pour chaguepteur. Par coaguent, I'architecture oriee¢’
source s’adapte mal aux groupeddnogenes et doiefre Eserege aux groupes homeges. On
note, cependant, queeme dans le cas de groupes hoergg, I'architecture oriee¢” source
présente de nombreuses diffi@gdtLa corelation des pertes entre lecepteurs [89] rend laed”
couverte du taux de pertes de la session multipoint complexerauderte du RTT est difficile
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avec une architecture oriex@'source, masgalement avec une architecture orgenEcepteur.

On discutera de quelques prebies l€sa la découverte du RTR la fin de ce paragraphe. Le
principal ingerét de cette architecture est qu’elle semble, de prime abord, plus sinmpédtre

en ceuvre que l'architecture orieetiécepteur. En effet, ce type d’architectures est bien connu
pour le probéme du contile de congestion poirat point et il peut sembler facile desténdrea’

la transmission multipoint. Deux types deeoa@nismes doivemtie considiés pour @éterminer

le débit de la source dans le cas d’'une I'architecture ogesburce : les atanismes orieats
fenétre (vindow-basejlet les n€canismes orieat d&bit (rate-basedl

Golestani et al. [34] oretudiés commengtendre ces types deatanismeas la transmission
multipoint. lls ont monte’que pour obtenir unequigé de type TCP avec unenanisme orieet”
débit la connaissance explicite du RTT esicassaire alors que ce n’est pas le cas avec un
mécanisme orieetferétre. De plus, ils ont morgrque lorsque I'on applique unenanisme
orieng ferétrea la transmission multipoint, il est sous optimal de coestdla nEme fertre
pour tous lesetepteurs. Pouesoudre ce probhe, ils ont propasde maintenir une fatfe
par recepteur. On va, dans la suitetdiller ce gu’est un ecanisme orieetferétre et ce qu’est
un mécanisme orieetdebit.

Un mécanisme oriemtferétre correspond au type desodnismes utilis’par TCP. Lese-
cepteurs acquittent chaque paquetiathaque fois qu’'un paquetedé acquité par tous les
récepteurs, la fertfe démission est ouverte. Lincoenient de ce mcanisme est que lesaeép-
teurs doivent acquitter chaque paquet (ACK based). Paiter' une implosion de la source, le
mécanisme déeedbacldoit utiliser une structure brarchique pour agger les acquittements.
Le principal avantage d’'un ecanisme orieetferétre est qu’il permet de facilement imiter le
comportement de TCP et, par ceqgsient, dtre TCP-friendly(voir § 2.2.1).Etant done’que
les protocoles de fiabikt'multipoints utilisent souvent une structuredsifchique, un proto-
cole de contrle de congestion multipoint peatre coupt’a un tel protocole. Le protocole de
transport multipoint fiable RMTP [66] utilise une structurenairchique qui permet d’agger
les acquittements (ACK) en utilisant descepteurs eSigres (DR) chargs de collecter les ac-
quittements pour la zone dont ils sont responsables. Chaque DR envoie des acquittdments °
source en fonction des acquittementsu® des ecepteurs de sa zone. RMTP utilise us-m’
canisme de contté de congestion, exploitant cette structureebs®” un necanisme orieet”
fenétre. D’autres protocoles sont hybrides ACK/NACH les ACK sont, en gréral, toujours
responsables de I'ouverture de la é&ne; mais a’les NACK peuvent avoir delés divers.
MTCP [73] est un protocole hybride ACK/NACK qui utilise une structure en arbre po&-agr”
ger lefeedbacldes Ecepteurs, inependamment de tout protocole de fiabiltant done que
les nceuds de I'arbre sont dexepteurs de la session agsHénder’'s agenSA), MTCP n'a
pas besoin d’un support deséau pour agger lefeedbackLe protocole pgmcc [75] estga-
lement hybride ACK/NACK. Les ACK permettent d’ouvrir la femé et de dfecter les pertes
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apres 3 ACK dupliges ou apes un certain elai sans ACK, alors que les NACK permettent de
choisir le Bcepteur responsable d’envoyer les ACKad&er

Un mécanisme orieletdEbit autorise la sourca envoyer un flux continu de doees et c’est
le feedbackdes Ecepteurs, greralement des acquittementsgatifs (NACK), qui permet de
savoir quand augmenter ou diminuer kbit'de la source. Un atanisme orieettebit est plus
facile @ mettre en ceuvre que son homologue oeidatEtre. En effet, un m¢anisme oriemt”
fenétre a besoin d’'un Branisme d’agrgation des ACK qui est complexemettre en place.
Par contre, un mc¢anisme orieltdbit peut conduira une implosion de la source, en cas
de congestion, due aux NAC&niis par lesatepteurs. Pouesoudre ce probhme, des maca-
nismes de suppression des NACK sont w#i§8, 60]. Cependant, en diminuant ladtience du
feedbaclon risque d’avoir une vue inconsistante det$if de congestion deséau; on a ici un
compromis qui n'est pas faciketrouver. DeLucia et al. [19] ont introduit un protocole orgent”
débit hybride ACK/NACK. lIs appellent les ACK dé3ongestion Clea(CC) et les NACK des
Congestion IndicatiofCl). Les CC sont utilies pour augmenter lee8it de la source alors que
les CI sont utili€s pour diminuer le ebit de la source et powlife les Ecepteursrépresenta-
tiveg responsables d’envoyer les @Qa source.

Que ce soit dans le cas d’uneceinisme orieetferétre ou d’'un necanisme orieet t€bit
I"evaluation du RTT est souvenécgssaire, mais complegefaire. La connaissance du RTT
est fondamentale si le protocole vaaité TCP-friendly(voir § 2.2.1). Golestani et al. [34] ont
montré qu'il fallait la connaissance explicite du RTT pour obtenir eqgei€ de type TCP avec
un mécanisme oriertdbit, mais que la connaissance explicite du RTatait pas ecessaire
pour obtenir unequig de type TCP avec uneuoanisme orieetferétre, parce que le RTT est
implicitement contenu dans la boucle fd®dbackcomme pour TCP. En effet, TCP n’a pas
besoin de la connaissance explicite du RTT pour faire du clentié congestion, il en a besoin
pour la fiabilig etéviter les retransmissions inutiles. Cependant, on a vu qu’en multipoint la
boucle dfeedbaclétait rompue. Les ecanismes d’aggdation des ACK engendrent deslais
suppEmentaires dans la boucle fi®dbackPar conequent, nreine pour un protocole orient”
fenétre on a besoin de I'estimation explicite du RTT. Dans MTCP, Rhee et al. [73] introduisent
la notion deRelative Time DelayRTD) qui est utili€ a la place du RTT. Le cas de pgmcc est
different puisque le souradit un récepteur qui sera chargle lui envoyer les ACK. Donc la
source pgmcc n'a pas besoin de la connaissance explicite du RTT pour avoir un comportement
de sa femefre démission qui soit compatible avec TCP. Cependant, ptrerompatible avec
TCP, pgmcc doit toujours choisir comnaeker le récepteur le plus lent. Or, pour contma”
ce Bcepteur, il faut avoir une estimation du RTT et du taux de pertes de tousciestelrs,
estimations obtenuesapé aux acquittementggatifs (NACK) envogs fgriodiquement par les
récepteurs la source. LeaCepteur le plus lent est choisi en comparant &eepteurs avec
une fonction en—1——. Cependant, les atanismes de suppression des NACK rendent

RTT.v/loss
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I'estimation du RTT approximative.

2.1.2 Larchitecture orientée recepteur

L'architecture orierge €cepteur implique que c’est ausagpteurs deeatider s'il faut aug-
menter ou diminuer leeabit. Cette architectureeté rendue possible gce au support des pro-
tocoles de routage multipoints [18, 16, 17]. La source envoie lesemnen les efoupant en
couches cumulatives et en envoyant chaque couche dans un groupe multipeiatditta prin-
cipale propréte d’'un ddcoupage en couches cumulatives esadiiaque fois que I'on ajoute
une couche, on augmente lelit. Chaqueectepteur recevra le emie contenu, maig des vi-
tesses direntes en fonction du nombre de groupes multipoints — on widjakement le terme
couchea’la place de groupe multipoint — auxquels il est alworians le 3.1.1 on introduira
I'architecture oriergé Ecepteur et la notion de couches cumulatives dans le contexte des proto-
coles RLM [55] et RLC [87]. LesaCepteurs utilisent un @anisme deetouverte de la bande
passante pour connigg |'etat de congestion deséau et ils s’abonnent ou sesdbonnena
des couches en fonction de egaf. L'avantage de cette architecture est que, contrairesnent °
I'architecture oriergée source, chaquecépteur peut utiliser la bande passante qu'il existe sur
le chemin entre la source et lui. Cependant, cette architecture requiert un @tiageurce
pour obtenir les couches cumulatives et la grandatés$ couches ne permet pas d’exactement
utiliser toute la bande passante entre la source et chagepteur. De plus, les abonnements
et ddsabonnements aux couchesdyent de la signalisation au niveau du protocole de routage
multipoint. Cette architecture est parfaitement adaptla diffusion de contenus multiedias
a un large groupedtrogene d'utilisateurs, mais peagalementfre utilis€e pour la distribu-
tion de donees [86]. Peu de protocoles utilisent cette architecture, principalement RLM [55]
et RLC [87]. Linda Wu et al. [88] ont introduit un nouveau protocole de adaue congestion
multipoint orien€ récepteur et basSur I'utilisation de couches fines (ThinStreams) qui permet
de ddcoupler le contie de congestion du codage des degsmultinedias. Turletti et al. [85]
ont introduit une version de RLM compatible avec TCP (on donnera quelaqiassdsur ce
protocole un peu plus loin). Rubenstein et al. [77] ont disalg’I'impact sur Equie d’'une
architecture oriemte Ecepteur coupké avec I'envoi des doees en couches cumulatives. lls
ont monte que cette architecture permettait d’obtenir plusieurs typeguil et en particulier
I"equi max-min [5].

Sisalem et al. [80] ont introduit MLDA, un protocole hybride oriesturce/oriem r‘écep-
teur. Ce protocole se comporte comme un protocole @igtepteur classique, maignwdi-
guement, la source collecte des informations sur la bande passante que voiecepésurs et
ajuste la distribution des couches en fonction de ces informations.
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2.2 Comportement du protocole

2.2.1 Le comportemenfTCP-friendly

Le comportemenT CP-friendlyimplique que le ébit de la session doétfe conformea’
ce gu'utiliserait un flux TCP dans lesamies conditions. Plusieurs approximations dhitde
TCP ontété introduites [54, 64]; cependantetuation introduite par Padhy [64] est la seule
qui fournisse toujours une bonne approximation @bitld’un flux TCP ngme pour les forts
taux de pertes. Leabit d’'un flux TCP est toujours fonction du RTR@und Trip Timg et
du taux de pertes em. Par conequent, la principale contrainte lorsque I'on veut
etre TCP-friendlyest de conn#&fe le RTT et le taux de pertes. La notion de RTT dans une
session multipoint est makfinie. En effet, le RTT entre la source et chageeepteur peuttie
different.

Pourétre TCP-friendly dans le cas d’'une architecture oriemtSource, il faut s’adapter au
récepteur le plus lent. Ce dernier est choisi désune fonction ea———. Il suffit, donc,

RTT.+/loss

de conndte le RTT et le taux de pertes entre la source eecepteur. Cependant, on a vu au
§ 2.1.1 que I'estimation du RTT et du taux de pertestaiént pas facile. Les protocoles pgmcc
[75] et MTCP [73] sont des protocoles oriestsource avec un comportemdi@P-friendly
MLDA [80] est également un protocol€CP-friendlyqui est hybride oriemt source/oriemt”
récepteur.

Dans le cas d’'une architecture orieatécepteur, chaquecepteur peut adapter soehita
Ietat de congestion deseau. Par coeguent, chaquecepteur devra conreg le RTT entre la
source et lui. Un des avantages de I'architecture aeitCepteur est qu’elle nesnéssite pas
defeedbaclentre les ecepteurs et la source. Cet avantage devient un ircoent lorsque I'on
veut que le protocole soifCP-friendly, en effet, lorsqu’il n’existe pas une boucle comgl
defeedbackc’esta-dire lorsque la source envoie un paqueteaepteur et que leecepteura’
la réception du paquet, renvoie un pagada source, il est impossible detérminer le RTT.
Dans ce cas, on doit ajouter ureo@nisme sgcifique pour obtenir ce RTT. Dans le cas de liens
symétriques, le OTTQne Trip Timg, qui repesente le temps que met un paquet pour aller de la
source aue&cepteur, peut donner une bonne approximation du RTT en prenantRTTOTT.
Turletti et al. [85] ont introduit une versioRCP-friendlydu protocole RLM. lIs expliquent que
le plus difficile pour rendre RLMI CP-friendlyest d’avoir un bonne estimation du RTT. Pour
cela, ils proposent trois solutions et discutent lesitas respectifs de ces solutions.

2.2.2 Le comportement nonT CP-friendly

Si le débit d'une session n’est pas une fonction et, plus gréralement, si le

_eﬂli
- . I ) RTT.vloss
débit ne suit pas lesquations donees en [54, 64], cette session n'a pas un comporten@nt
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friendly. Un protocole qui n’est paSCP-friendlyest difficilea déployer dans I'internet parce
gu’un tel protocole peueriormément ghaliser les flux TCP. Cependant, certains protocoles
essaient de suivre un comportement de type TCP sans pour atr@ahCP-friendly C’est le
cas, notamment, de RLC [87] qui est un protocbleP-likemais pasTCP-friendly RLC est
TCP-likeparce que le ebit entre la source et urecépteur dormdiminue de mameire exponen-
tielle en cas de pertes sur le chemin entre la source etasptéury a la manére de TCP ;
cependant, il ne peut patré TCP-friendly parce qu'il est imgpendant du RTT.

Le principal avantage d’'un protocole ndiCP-friendlyest qu’il devraitéetre plus facilea”
concevoir et plus efficace. En effet, sans la contrainte d’avoiralnit éh 1 le proto-

RTT.«/loss

cole peutetre plus efficace parce qu'il peatré beaucoup plus agressif que TCP. Cependant,
en pratique, le prokeie est beaucoup plus complexe. Le comportem€m-friendlyregle le
débit de la session, mais garanggdlement, Equig et la stabili&” du protocole. Par coes”
qguent, en suivant une seuwdguation on garantit trois progtés fondamentales pour un proto-
cole de coniwle de congestion. Lorsque le protocole n’est pa&#-friendly on doit trouver
de nouveaux m¢anismes pour garantir ces praps. Le protocole RLM [55] est un exemple
des probémes qui se posent avec les protocolesTiGR-friendly Ce protocole n’est nT CP-
friendly, ni TCP-likeet on va voir ai 3.1 qu’il n’est ni stable, nequitable, ni tes efficace. Une
des contributions majeures de cettedb est deeatrire un cadre formel pour la conception de
nouveaux protocoles de coale"de congestion qui ne soient pESP-friendlymais qui soient
beaucoup plus efficace qu’un protocdl€P-friendly(voir § 3.2). Une autre contribution ma-
jeure est d’avoir cocy, dans ce cadre formel, un nouveau protocole de alenti€ congestion
multipoint orient récepteur qui surpasse largement tous les autres protocoles delealatr”
congestion multipoints oriees €cepteur (voif;, 3.3).

2.3 Conclusion

On avu gu'il existait une grande vat# de protocoles de conle de congestion multipoints,
chaque type de protocoles ayant des avantages et des émiemis. Le tableau 2.Ekcapitule
les proprétés de quelques protocoles de cofdrde congestion multipoints.

On peut finalement noter que certains travaux ne portant pas sur les protocoles die contr™
de congestion multipoints, mais portant sur le peofsd du contrle de congestion enegéral
ont inspig notre travail. Lefelhocz et al. [46] ont diseutle la ®cessi”d’avoir un nouveau
paradigme pour le cordlé de congestion. lIs propeent quatre m¢anismes ecessaires au
contdle de congestion : ordonnancement, gestionehodiement des files d’attenfeedback
et mécanisme d’adaptation aux sgstes terminaux. Cependant, letmde reste informelle et ne
présente pas de solutions pour la conception de nouveaux protocoles adecoatrdongestion.
Shenker [79] applique la &orie des jeuwa I'etude du contife de congestion. [l montre que I'on
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RLM | RLC | MLDA | pgmcc| MTCP
orieng source + + +
oriene recepteur,  + + +
TCP-friendly + +
TCP like +

TAB. 2.1 —Quelques protocoles de conte"de congestion multipoints et leurs principales ca-
ractéristiques.

peut obtenir des proms ingressantes pour un protocole de colgrde congestion avec des
utilisateursegastes et non collaborant si I'on a une fonction d’allocation de la bande passante
qui soitéquitable fair share allocation functiopn Cettectude est res€ beaucoup trop abstraite
pour s’appliquea’un probéme concret. La tse de Keshav [44] nous a fourni une solide base
de travail. Keshav a introduit I'utilisation d&air Queueing(FQ) pour le conile de congestion
pointa point. Il aégalement introduit la technique de I'envoi des paquets par paire apeliqu”
au contole de congestion poirg point. Cependant, alors que Keshaegantait une solution
pour un protocole de comi€ de congestion poird point, nous allons, dans la suittudier

le probEme du contile de congestion d’'un point de vuergral et ensuite appliquer cette
étudea la conception d’un nouveau protocole de colgrde congestion multipoint. On peut
considrer une partie de cettedbe, en particulier Ie$3.2 et§ 3.3, comme unegy¥ralisation

du travail de Keshav. D’autres auteurs etudi le probEme du contsle de congestion, mais
d’un point de vue ®S€loigné du notre. Kelly [43, 42] &tudi I'impact de la facturation d’'un
service pricing) sur I'équii et la stabili¢"du €seau. Balakrishnan et al. ont introduit la notion
Congestion ManagefCM) qui est responsable de fournir aux applications les informations
nécessairea [eur adaptation aux conditions de congestionedheau.
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Chapitre 3

Contributions de la these

Ce chapitre est divesén quatre parties, chaque paetarit le sung d’'un chapitre plagen
annexe. On va insister, ici, sur I'articulation logique entre chaque partie ; articul@iessaire
pour former une tese cokfente. La prenaire partie pgsente unetude des comportements pa-
thologiques de deux protocoles de coigrde congestion multipoinescouches cumulatives et
oriengs Bcepteur: RLM [55] et RLC [87]. Il est cependant extrément difficile de corriger
les comportements pathologiques de ces protocoles dans le contexte actuel de l'internet. On a
alors €fléchi au prol#me du contle de congestion dans le contexte plesdgal des €seaux
best effort Ceci nous a condud redfinir la notion de congestion, puifiiir les proprétes
requises par un protocole de caniérdle congestion &hl et enfin dfinir un nouveau paradigme
pour la conception de protocoles de colgrde congestion presquesilix. On a introduia cet
effet le paradigméair Scheduleiou paradigme FS. L'approche que I'on a ugkspour @finir
ce nouveau paradigme est purement formelle. Pour valider cette appreohigtie du contle
de congestion, on a con, grace au paradigme FS, un nouveau protocole de alede conges-
tion multipointa couches cumulatives et orien€cepteur: PLM. Ce protocole surclasse RLM
et RLC. Comme le paradigme FS permet de concevoir des protocoles deleaaicongestion
multipoints et pointa’point, on s’est pasla question suivantex Comment allouer la bande
passante entre un flux multipoint qui peds un million de &cepteurs et un flux poimt point
avec un seulacepteur? On a done une Eponse rigoureuse et originale en introduisant une
nouvelle politique d’allocation de la bande passante qui tient compte du nomteeegaaurs.
De plus, cette politique s’iegre parfaitement dans la disciplifair Schedulermécanisme de
base du paradigme FS.
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3.1 Comportements pathologiques de RLM et RLC

3.1.1 Introduction

Le probEme du contile de congestion pour la transmission multipoint est ardu. Pour avoir
une icBe pecise des probklmes I€s au contle de congestion multipoint, nous alloesudier,
dans cette partie, deux protocoles de aoletde congestion multipoints populaires RLM [55] et
RLC [87]. L'etude de ces protocoles neefgnd pas couvrir de maere exhaustive les prabties
lies au contrle de congestion multipoint, mais elle va permettre d’identifier quelquesgmalsl
fondamentaux qui vont orienter noteéude.

RLM et RLC sont deux protocoles de canig"de congestion multipoini couches cu-
mulatives et orier@$ Ecepteur. Encoder etedouper des domes multinedias en: couches
cumulativesl,, - - -, L, signifie que chaque sous ensemflsg, - - -, L, };<, ale méme contenu
mais avec une quaditqui augmente avec Ce genre de codage est parfaitement adapt”
contenu audio et viegld. Une fois que I'on a une organisation en couches cumulatives des don-
nées multingdias, il est aisd’envoyer chaque couche dans un groupe multipoirgdifft. Dans
la suite, on utilisera indiffemment la terminologigroupe multipointet couchepour désigner
un groupe multipoint qui transporte une seule couche. Ce typesdeugage et @mission
du contenu multiradia est tes efficace lorsqu’il est utilessavec un protocole de coote”de
congestion multipoint orieetfécepteur. Pour un tel protocole, la source aale passif. Elle
envoie simplement chaque couche dans un groupe multipoieteiiff. Le ecepteur s’abonne
ou se @sabonne aux couches en se basant sur sa connaissance de la bande passante disponible
pour le flux qu’il recoit. Cette connaissance lui est fournie par wcariisme deatouverte de
la bande passante disponible. C’est aariisme quietermine les propeites du protocole.

Un protocole de contlé de congestion multipoint utilisant des couches cumulatives et
orien® récepteur est actuellement la solution la mieux aslaptla distribution de contenu
multimédiaa un groupe &terogene de ecepteurs. Steven McCanne et al. ettles premiers
a introduire un protocole de conte de congestion multipoi@t couches cumulatives et orient”
récepteur, RLM [55]. Le comportement de RLM estetmir€ par une machine états finis
dont les transitions sonedlenclees par des expirations timersou par la @&tection de pertes.
Pourétre robuste 'augmentation du nombre deaépteurs, le etanisme dghared learning
aété ajout. On ddtaillera au; 3.1.2.1 les dif€rents necanismes de RLM. McCanne et ela-
luerent RLM pour des sgiarios simples. lIs trowrent qu'’il n’y a pas déquii entre les sessions
RLM. Bajaj et al. [2] exploerent les avantages respectifs des pertes de paquets uniformes et des
pertes de paquets avec priegtau niveau des files d’attente daseau dans le contexte de la
transmission de vield en couches. lIs troevent que le comportement de RLdthit satisfaisant
excep€ dans certains cas egines de trafiemis en rafale. Gopalakrishnan et al. [8E}dierent
le comportement de RLM pour des couches VBARr{able Bit Ratg. Ils trouverent une grande
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instabilitt de RLM, une faible utilisation de la bande passante ainsi qu’un manggeig’.’

Vicisano introduisit une versiomCP-likede RLM appete RLC [87]. Elle est basSur la
gérération @Eriodique, par la source, de rafales de paquets qui soneesligbur la déouverte
de la bande passante, et sur des points de synchronisatioasufiis les @Cepteurs pour sa-
voir quand ajouter une couche. On dit que RLC ESP-like (par oppositiora TCP-friendly
parce que la distribution duetit des couches est exponentielle. Lorsquenepteur quitte une
couche suitea de la congestion, il y a une diminution exponentielle dbitd la manere de
TCP (TCP-likg. Par contre, RL&fant indpendant du RTT, il ne peetreTCP-friendly Vici-
sano et al. ont troweyque RLC pouvaiéfre nonequitable avec TCP pour des grandes tailles de
paquets. On n’a pas connaissance d'awdtedés sur RLC.

On voit que, d’apes lesetudes pe@dentes, RLM et RLC semblent se comporter raisonna-
blement bien exceptdans certains cas particuliers. On va cependant montrer e ans
des seharios simples, ces deux protocoles ont des comportements pathologiques fondamen-
taux. Les prol#mes rencon&s sont pathologiques parce qu’ils diminuent fortement les per-
formances des protocoles; ils sont fondamentaux parce gu’ils sareints aux protocoles et
ne peuvent pastfe corriges par un simple ajustement de paeares. On note que la notion de
comportement pathologique estdid un environnement de type Internet. En effet, dans certains
environnements simpl#g (bande passante garantie, pas d’interaction avec d’autres protocoles,
etc.) RLM et RLC pourraient fonctionner correctement. Cependant, la &éregit d’avoir un
protocole qui permette lesgploiement d’un service multipoint dans I'internet.

3.1.2 Les comportements pathologiques de RLM

RLM (Receiver-driven Layered Multicdgb5] a été introduit par Steven McCanne et al.
en 1996. RLM est un protocole de caslr'de congestion multipoirat couches cumulatives et
orientg récepteur pour la disgiination de contenu via un groupe &terogene de ecepteurs.

3.1.2.1 Rappels sur RLM

Une source RLM encode en couches cumulatives le flugosét 'envoie chaque couche dans
un groupe multipoint difent. En fait, toute la machinerie» du protocole est au niveau du
récepteur. Celui-ci s’abonne ou sesabonna des groupes multipoints en fonction de la bande
passante disponible ou de la congestioneesau. Ainsi, chaquecéepteur peut s’adaptel’ etat
de congestion dueseau sur le chemin entre la source et lui. Le comportement daaptéur
RLM est ditermir€ par une machina états finis dont les transitions sorgafénclees par des
expirations ddimersou par la @tection de pertes.

Dire qu’un Ecepteur fait urjoin-experimensignifie qu’il ajoute expfimentalement 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. Alecepeetir quitte cette
couche, on dit que lpin-experiment écho. Si elle ne produit pas de congestion, il y a assez
de bande passante pour recevoir cette couche etéptéur conserve son abonneneenette
couche, on dit que I@in-experimenta réussi. Un ecepteur RLM maintient deutkmers: un
join-timer7); et undetection-timefl;. Lejoin-timerdéfinit la fréequence dggin-experimentde
detection-timeest une estimation du temps pigécessaire pouratider si urjoin-experiment
a réussi. Le necanisme deetouverte de la bande passante est le suivanteeasptéur fait un
join-experimentous lesT;; unités de temps etettide que Igoin-experiment réussi s'il n'a
pas obserg de pertes durant un intervalle de teripsapres le atbut dujoin-experimentS'il
observe des pertes durant cet intervalle de temps, il juge guéntexperimenta écholg et
augmente lgoin-timer correspondand la couche qui n'a pas petre ajoute. Si le ecepteur
observe des pertes en dehors djoim-experimentil va entrer dans uetathysteresisjui est
destir€ a absorber lesgriodes transitoires de congestion. Aprine pfiode’,; dans cettat,
le récepteur mesure le taux de pertes et quitte une couche si le taux de pertesmstisaiph
seuil de 25%. Unecepteur ne peut cependant quitter qu’une seule couchepade? ;.

Ce nmecanisme deeatouverte de la bande passante ne fonctionne pas correctement lorsque
I'on augmente le nombre decépteurs. Pouesoudre ce probhe McCanne et al. ont introduit
le shared learning lorsqu’un €cepteur fait ufoin-experimentil en notifie le groupe entier en
envoyant un message indiquant la couche aj@egrimentalement. Tous lesgépteurs aps
avoir regu ce message annuleront lejoig-experimentaux couches suigrieuresa celle annon-
cée. L'idée est deviter une congestion dweunjoin-experiment une couche s@pieure qui
serait mal interpetée par urjoin-experimeng une couche imffieure qui se efoule au refne
moment. Tous lesxepteurs observant de la congestion durajdinrexperimenannone vont
déduire que cgoin-experiment échol€ et vont augmenter ledr; pour la couche correspon-
dante.

3.1.2.2 Comportements pathologiques de RLM

On ne fait, dans ce paragraphe, gasumer noseasultats : tous lesafails sur les comporte-
ments pathologiques de RLM peuvette troues en annexe A.3. On a troeiging n€canismes
qui conduisena des comportements pathologiques::

— la valeur minimale dypin-timer définit une borne iréfieurea la vitesse de convergence
de RLM. En effet, unecepteur ne peut ajouter qu’une seule couche touk;leSepen-
dant, cette valeur minimale dain-timer est le Esultat d’'un compromis entre vitesse de
convergence et congestion due go-experimentsll est par consquent tes difficile
d’en trouver une valeur optimale.
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— le grand seuil de pertes (&xpar McCannea 25%) peut conduira un taux de pertes
tresélewe. 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 Ridvhgressif avec TCP.

On observe ce comportement agressif lorsque RLM gatabionea plusieurs couches ;

dans ce cas, les flux TCP sont incapables de produire suffisamment de congestion pour
gue RLM quitte des couches etdite ainsi de la bande passante. Cependant, le seuil de
pertes est un compromis entre comportemeattif et conservateur en cas de pertes. Il
faut souligner que RLM @té cortu pour la vido, application peu sensible aux pertes
mais tes sensible aux éuents changements de quatiiracttises par des oscillations

des abonnements aux couches. Par egnent, RLM doitetre conservateur en cas de
pertes.

— le mécanisme dshared learningconduita une synchronisation desagpteurs. En effet,
un récepteur qui fait ujpin-experimenempeche unoin-experimentles autresacepteurs
a une couche plusléee. Par corejuent, 'abonnement aux couches dasepteurs se
fait par palier. Cependant, Ehared learningest un composant principal de RLM et le
modifier reviendraia refondre enéfement RLM.

— le mécanisme dgoin-experimentrend RLM treés 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-experimentc’esta-dire pendant unegpiode’);. Or, lorsque RLM par-
tage un goulot dfranglement avec TCR, cause des pertegniddiques engendes par
TCPa la fin de chaque cycle, RLM ne peut jamais ajouter de couche.dcamsme de
join-experimengest un composant principal de RLM et il estgrdifficile de modifier ce
mécanisme sans eateément modifier RLM.

— RLM est tes conservateur en cas de pertes. En effetecepteur ne peut quitter qu’une
couche par efiode del’; secondes. Leasultat est un &s fort taux de pertes transitoires en
cas de forte congestion ; par exemple, lorsqu’il faut quitter deux couches afin de s’adapter
a la bande passante disponible, il faudra au minin2uai/; secondes pour quitter ces
deux couches.

On a donc identi& plusieurs comportements pathologiques de RLMaddss necanismes
propresa’ RLM. On a€galement vu que cesaoanisme®taient tes difficilesa modifier pour
eviter les comportements pathologiques. On peut noter cependant gedamisrne efficace de
découverte de la bande passante pouresibudre tous les prabties, sauf celui de synchroni-
sation desecepteursdaushared 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
contdle de congestion multipoirst couches cumulatives et oriencepteur. Cependard,la
difference de RLM, RLC até proposg’pour I'audio, la vigo et le transfert de fichiers.

3.1.3.1 Rappels sur RLC

Une source RLC encode en couches cumulatives lesadsnet’ envoie chaque couche dans
un groupe multipoint difrent. Le @bit de chaque couche est distebdé margre exponen-
tielle. Le mécanisme de etouverte de la bande passante de RLC est basla gnération
périodique, par la source, de rafales de paquets qui soneesligbur la eéouverte de la bande
passante au niveau de chageeapteur. La source double soebit’sur une pfiode de temps
courte et fixe. Cetteqriode d’augmentation duethit est imnediatement suivie d’'unegpiode
silencieuse, de telle sorte que, en moyenneglgtdEst constant. Le but de ces rafales de pa-
guets @riodiques est de simuler I'ajout d’'une couche pour une cowtio@é de temps. Si la
file d’attente du goulot éfranglement ebborde avec cette rafale, il n'y a pas assez de bande
passante disponible pour ajouter cette nouvelle couche ; dans le cas contratepteur peut
ajouter une nouvelle couche. L'avantage mis en avant par les auteurs de RLC deargesme
de dEcouverte de la bande passanteebsis’ des rafalesegpiodiques, par rappo# un neca-
nisme de dcouverte de la bande passantectas’ degoin-experimentgomme pour RLM est
gue les rafales produisent moins de congestion daeséat que lgsin-experimentskn effet,
comme la dueé 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 ; a l'inverse, la congestion induite par join-experimentépend du temps que legépteur
va mettrea’ découvrir qu’il y a congestion et du temps qu’il va metérgjuitter cette couche
experimentale. On va voir, a§1 3.1.3.2, que le m¢anisme deeatouverte de la bande passante
ba¥ sur des rafalesgpiodiques ne fonctionne pas.

RLC posgde€galement un ecanisme de synchronisation des abonnementedepteurs
aux couches bassur des points de synchronisation — un bl dans un paquet de daes.

Il'y a sur chaque couche des points de synchronisation esgmoportionnellemet la bande
passante de la couche. Ces points songgada fin d’'une rafale et urecepteur ne peut ajouter
une couche que lorsqu’il cejt un point de synchronisation. lls permettent de synchroniser les
abonnements aux couches eg¢\dter ainsi des sous utilisations de la bande passante ou des
divergences de comportement daagdes ecepteurs abomsa des couches défentes mais qui
partagent le rafe goulot detranglement.

Le mécanisme deeatouverte de la bande passante au niveau @&cepteur est le suivant :

— un Bcepteur ajoute une couche lorsqu’itod,un point de synchronisation et qu'’il n’a
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pas atect de pertes durant la rafalegeédent ce point de synchronisation;

— un Bcepteur quitte une coucheslgu’il détecte une perte. Cependant, esepteur ne
peut quitter plus d’une couche paeaf period Unedeaf periodest une pfiode de taille
fixe qui serta éviter les @sabonnements de couches en cascade. Elle ne peatrpas ~
ajus€e dynamiquement durant la session.

Dés qu’un Ecepteur dtecte une perte, il quitte une couche, avec la contrainte d’'une couche
maximum pardeaf period comme les couches sont distré®s de maeire exponentielle, le
récepteur va diminuer soretlit de marere multiplicative en cas de perteda'manére de TCP.
C’est de & que vient la dhominationT CP-likede RLC. Par contre, RLEtant in&pendant du
RTT il ne peut pagtreTCP-friendly

3.1.3.2 Comportements pathologiques de RLC

On va esumer dans ce paragraphe nesuitats ; les etails peuvenefre troues en an-
nexe A.4. On a trouw trois mécanismes qui conduiseatdes comportements pathologiques de
RLC:

— le mécanisme deeatouverte de la bande passante ebag’ la g@nération de rafalesgy”
riodiques de paquets, ne fonctionne pas. En effet, pour fonctionneecaisime devrait
simuler I'ajout d’'une couche pendant unerjpde suffisamment longue pour qu’il y ait
des pertes au niveau du gouloettanglement, s'il N’y avait pas assez de bande passante
pour ajouter cette nouvelle couche. Or les rafales senbgiques et de taille fixe. En pra-
tique, ces rafales ne font jamaishibrder le goulot afranglement. Par coeglent, les
récepteurs neatouvrent pas la bonne bande passante disponible et ajoutent une couche
alors qu'il n’y a pas assez de bande passante. Cette coucheevalerfa congestion dans
le réseau et leaCepteur va quitter cette couche. Cependant, comme les rafalessont p”
riodiques, ce péhonene va se reproduire continuellement. En outre, il et difficile
d’améliorer ce necanisme deatouverte de la bande passante. En effet, le seul moyen se-
rait d’avoir un n€canisme qui permette decbtuvrir la duee récessaire des rafales pour
faire déborder le goulot aéfranglement — en supposant que la source puisse effectivement
modifier la duge des rafales —, ce qui reviendi@#voir un necanisme deatouverte de
la bande passante suppiéntaire.

— la distribution des points de synchronisation dans RLC peigssement ralentir la vi-
tesse de convergence dexepteurs. En effet, les points de synchronisatida couche
7 + 1 sont un sous ensemble des points de synchronisat@eouche. Par consquent,
périodiquement de 2 jusqga’h (s'il y a n couches) points de synchronisation seront syn-
chroni€s ; c’esta-dire que I'abonnemeist 2 jusquarn couches (en fonction du nombre
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de points de synchronisation synchrasssera possible auemie moment. Cependant,
s'ily a« points de synchronisation synchragssét qu’il y a assez de bande passante pour
+ — 1 couches mais pas pouralors la rafale de la couchieva produire des pertes. Tous
les Bcepteurs en aval duamnie goulot detranglement vontetuire qu’ils ne peuvent pas
ajouter une couche sapéure, quelle que soit cette couche. Ce protd est difficilea’
corriger car il implique de modifier la distribution des points de synchronisatiemé/n
décalant €gerement les points de synchronisation, le peal persiste puisqu’urcep-
teur ne peut ajouter une couche que s'il n'a pated€ de congestion depuis la dezra”
rafale pecdent ce point de synchronisation.

— le comportemeniCP-likede RLC est d; comme on I'a vuala distribution exponentielle
des couches. Cependant, comme RLC estpeddant du RTT, il obtient unees Taible
fraction de la bande passante disponible lorsqu’il partage le gowttdglement avec
des connexions TCP ayant un petit RTR &ncore, le prokeihe est difficilea corriger.
Une solution serait d’avoir une estimation du RTT. Mais penament, la notion de RTT
est mal @finie pour la transmission multipoint ; deeriementetant done’que RLC est
orieng récepteur (la source neawit pas defeedbackldes Ecepteurs), il est impossible
pour la source (ou leecepteur) d’avoir une estimation du RTT.

On a identifé pour RLC plusieurs comportements pathologiques. Comme pour RLM, un
mécanisme efficace deedbuverte de la bande passante pouregibudre tous les prabhies —
sauf celui des points de synchronisation.

3.1.4 Conclusion

Letude des comportements pathologiques de RLM et RLC nous a permis de mettre en
évidence plusieursesultats fondamentaux. était couramment admis que RLM et RLC souf-
fraient de quelques faiblesses. Cependant, ces protoetaient suppa@s pouvoir, au moins
temporairement, offrir un service de casle"de congestion pour la transmission multipoint.
On a monte gu’en fait ces deux protocoles souffraient de peaids fondamentaux qui ren-
daient leur éploiement irealiste. On a vu, de plus, que le prefrié majeur commun aux deux
protocolesetait un n€canisme deetouverte de la bande passante qui ne remplit pache.t”
Cependant, on ne peut pas corriger les comportements pathologiquescdessmes destou-
verte de la bande passante par un simple ajustement degtaganDe plus, dans le contexte
actuel de l'internet, il est difficile d’amliorer significativement ces esanismes deetouverte
de la bande passante. Rliutjue de se cantonnaressayer d’agliorer de marere empirique
ces necanismes deatouverte de la bande passante, oreeidd’de s'interroger sur la raison
profonde de la difficult’de cger des protocoles de coolie"de congestion dans le contexte ac-
tuel de l'internet et, en particulier, sur la possilald’ajouter des m¢anismes dans l'internet —
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sansetre en violation avec ses concepts de base — pour faciliter la conception de protocoles de
contdle de congestion et agtiorer leur performance.

L ‘etude du contfe de congestion prend ses racines danefaition mMéme de congestion.
Comment @finir un protocole de corité de congestion, c’est-dire un protocole deséna
éviter la congestion, si 'on n'a pas defdiition prcise de la notion de congestion ? Lefidi-
tion couramment admise pour la congestion estleoddement d’une file d’attente. Cependant,
cette d@finition nous semble peu satisfaisante. Commefina un protocole de contié de
congestion si I'on ne sait pas quelles pre@s il doit avoir? Parmi les promtiés couramment
admises comme souhaitables on troueglii¢ et I'efficaci€. Cependant, commengfitiir ces
proprietes ? Par exemple, quand un protocole est-il efficace ? Ces @Egpsiont-elles suffi-
santes? Peut-orefihir des egles qui permettent de concevoir des protocoles de aerntie
congestion efficaces? C’eattoutes ces questions que I'on wpondre dans la suite de cette
these.

3.2 Le paradigmeFair Scheduler

3.2.1 Introduction

On d&finit un paradigme pour le conlg de congestion comme un nedd pour concevoir
des protocoles de conlg de congestion qui ont unenie ensemble de propts. Tous les pro-
tocoles conys avec le rafe paradigme seront compatibles au sens des ptEgpaommunes
garanties par le paradigme. En fait, un paradigme est un ensemble de conérapyéquer lors
de la conception du protocole de caniérte congestion. Cependant, cette notion de paradigme
n'a jamaiseté clairement dfinie pour le contrle de congestion dans l'internet. Le paradigme
actuel, mais implicitementafini, est le paradigm@&CP-friendlyqui impose aux protocoles de
suivre I'équation:

T C+MTU

RTT +loss
ou T est le @bit moyen de la connexion, C est une constante, MTU est la taille des paquets
envoyes, RTT est leRound Trip Timeet loss est le taux de pertes de la connexion. Il s'agit
donc d’un paradigme qui imposetous les utilisateutsde collaborer, c’esé-dire d’avoir une
session avec unethit conformea’I’equation 3.1. Padhye et al. [64] ont introduit une meilleure
approximation du ebit de TCP pour les forts taux de pertes. Cependatuhtion 3.1 est une
bonne approximation de leequation pour les faibles taux de pertes.

(3.1)

1. Le terme utilisateur dogtfe pris dans le sen®gral. Un utilisateur peuttte, en fait, tout ce qui cormtlé
le syseme terminal: le protocole de coalg”de congestion, 'humain qui communique et qui peut modifier le
protocole de contife de congestion s'ileide de ne pas collaborer, etc.
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Le paradigmel CP-friendlya deux implications fondamentales sur la conception de nou-
veaux protocoles de conle de congestion. Preerément, pour qu’un utilisateur puisse adap-
ter le dbit de sa connexioa 'equation 3.1, il faut gu’il connaisse le RTT et le taux de pertes
de cette connexion. Cependant, il petre"difficile d’obtenir ces informations et dans certains
cas ces informations sont matfitiies, par exemple pour la transmission multipoint. De plus,
I'obligation de diminuer le dbit de la connexion e@ﬁ est mal adagté aux applications qui
tolerent les pertes, comme les applications audios epgadUne application multipoint orien-
tée source devra adapter lehit’ de toute la session en fonction éeepteur qui peqit le plus
fort taux de pertes pour se conforngel équation 3.1, ce qui a pour catgience de fortement
pénaliser les autres membres de la session.

Deuxiemement, le paradigmeCP-friendlyfait I'hnypothése que tous les utilisateurs col-
laborent, au sens deeljuation 3.1. Or, cette hypabe ne peut plustfe faite. De nouvelles
applications, qui sontaployées dans l'internet, ne respectent pas ateafion. En effet, ces
nouvelles applications — le plus souvent des applications de diffusion de contenu audemet vid”
—angliorent la satisfaction des utilisateurs en ne respectant pas le paradifaieiendly Ce-
pendant, la multiplication des sessions qui ne sont pas conformes au parddig¥faendly
risque de mettre ergpil les sessions qui, elles, le respectértErme, c’est la stabil@de l'inter-
net qui pourraietre compromise. Ce qui eraghe, entre autres choses, un nouvaagestion
collapsec’est que, d’'une part, la majoeitdes utilisateurs est conneef I'internet avec une
liaison bas @bit, typiquement un moder 56 Kbit/s; d’autre part, le coeur de I'internet pos-
sede des liaisonsés haut @bit, de I'ordre du gigabit jusqu’aetabit. Il est vrai que EVvolution
de la technologie fibre optique permet d’obtenir debit¥’ considfables, mais il est vrai que
plus on a de bande passante, plus on trouve d’applications gourmandes en bande passante pour
la saturer. En touttat de cause, on ne croit pasine situation o l'internet offrira tellement de
bande passante qu'’il n'y aura plus de peshEs de congestion.

Le paradigmel CP-friendlyest le €sultat d’'un processus eatément empirique. Il est ap-
paru apes le protocole TCP pour permettre aux nouveaux protocoles dekodé tongestion
d’etre compatibles avec ce dernier. On aurait pu choisir, pour la suite de estte deux orien-
tations dianetralement opp@&sEs : soit adopter une approche consensuelle et aller dans le sens
du paradigméel CP-friendly; soit prendre du recul par rappatcelui-ci et chercher un nou-
veau paradigme plus efficace. C’est cette deand orientation, beaucoup plus ambitieuse, mais
beaucoup plus ris@€ que I'on a choisie. Dans les paragraphes suivants, on va donner une nou-
velle d&finition de la notion de congestion, donner les prefgs d’un protocole de corti€ de
congestion igal et afinir un nouveau paradigme pour la conception de protocoles deotmntr”
de congestion presquesdix.
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3.2.2 [Efinition de la notion de congestion

Dire qu’un protocole de corté de congestion est fait poaviter la congestion peut sem-
bler trivial, c’est cependant fondamental puisque cela montre la relation qu’il existe entre le
protocole de contie de congestion et le sens que I'on doarla hotion de congestion. Cette
notion est rekea la notion de dbordement de files d’attente dans le paradigiGe-friendly
Cependant, cetteefinition n’est pas satisfaisante puisqu’elle ne prend pas en compte la satis-
faction de I'utilisateur. Il peutfre objeat” que le plus important esteliter des pertes pour
garantir que le@seau soit bien utiles; on Epondra qu’il ne faut pas oublier qu'ueséau n’est
pas une fin en soi, mais qu’au contraire le but est de satisfaire les utilisatewsedu r”

La notion de congestion doit doretré relgéea la notion de satisfaction des utilisateurs,
mais doitégalemenefre relée aux performances deséau. En effet, si la congestietait
uniguement fonction de la satisfaction des utilisateurs, on pourrait voir dasopiBhes de
jalousie ceer de la congestion. Par exemple, il y aurait congestion si un utilisateur A apprenait
gu’un utilisateur B avait un meilleur service que lui et que Atait plus satisfait avec son
propre service uniquement par jalousie. On ne veut pas que ce typewengme entre en jeux
dans la notion de congestion. Notrefihition de la notion de congestion est la suivante :

Définition 1 (Notion de congestion)Un réseau est dit congestioasélon un utilisateui si la
satisfaction de décrat a cause d’'une modification de la performance (bande passagits, d”
gigue, etc.) de sa connexion.

C’est cette dfinition de la congestion que I'on va consiéi dans toute la suite de notre
thése. Un protocole de conte de congestion devra donc cherchanaximiser la satisfaction
des utilisateurs. On compare en annexe B.2.1 netfiaition de la notion de congestion et celle
donrée par Keshav [44]. On veefihir, dans la suite, les progtés d’'un protocole de coraié
de congestion iglal au sens de laefihition de congestion que I'on vient de donner.

3.2.3 Proprietés d’'un protocole de contble de congestion iéal

On a besoin d’introduire deux termes pour la suite :

— un utilisateur égaste » est un utilisateur qui ne cherche quaugmenter sa propre satis-
faction;

— un utilisateur collaborant» est un utilisateur qui tient compte des autres utilisateurs;

en particulier, un utilisateur peetreégaste et collaborant si sa satisfactiogpghd des autres
utilisateurs. On va se servir dans ce paragraphe de terminologies eegwant micro-
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economique e la théorie des jeux. Voici deuxeafinitions.

Définition 2 (Equilibre de Nash) Un réseau a atteint urduilibre de Nash si, chaque utilisa-
teur agissanegastement, personne ne peut plus adreoSa propre satisfaction.

Définition 3 (Optimum de Pareto) Une allocation de bande passante A dansesedu est un
optimum de Pareto s’il n’existe pas une autre allocation B telle que :

— tous les utilisateurs aient, avec B, une satisfactioresigpre ouegalea celle obtenue
avec A;

— il existe au moins un utilisateur qui ait, avec B, une satisfaction strictemeptisupga
celle obtenue avec A.

On a identifé un ensemble de six proptés que doit avoir un protocole de carig'de
congestion idal. Méme si les crigres utili€s pour les propeitts sont pertinents par rapparia
définition de congestion que I'on a do’ils peuvent toujouktie sujets discussion. De plus,
la terminologiex protocole de contie de congestion &Hl» peutégalemenefre discute, mais
doit étre rameaé au contexte du paradigm€P-friendly Un protocole de contié de conges-
tion corcu avec ce paradigme aura des preg@s’tes inErieuresa’ celles de notre protocole
idéal. Les six propgetés d’'un protocole de corti€ de congestion &hl sont les suivantes:

stabilité : comme tous les utilisateurs agissegtustement, on veut qu’ils convergent vers un
équilibre de Nash. Une fois cequilibre atteint, personne ne peut augmenter sa propre
satisfaction ; par comsjuent, ceequilibre est urequilibre pertinent pour le cortié de
congestionétant done’que plusieursquilibres de Nash peuvent conduireées oscilla-
tions entre cegquilibres, I'existence et I'unictd’'unéquilibre de Nash sont les condi-
tions de stabilig”

efficacité : lorsque I'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 I'efficaeit’'un protocole de coraté de conges-
tion. De plus, la vitesse de convergence vers cet optimuegadement importante. Une
convergence rapide vers une allocation de la bande passante qui est un optimum de Pareto
est la condition d’efficac#t.

equité : il n’existe pas de consensus sur la notioeqlii€. On a choisi comme notionetjuige
I"equi® max-min [5]. Sil'on considre des utilisateurs dont I'utiétést une fonction li-
néaire de la bande passanteue, I'allocation de la bande passante qui est maxegui-
table estegalement un optimum de Pareto. Par egugnt, la notion @é&quig max-min
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définit une borne sugrieure pour I'allocation de la bande passante. Si tous les utilisa-
teurs sont avides, ils auront juste la bande passante agqr&’ I'allocation max-min.
Par contre, si les utilisateurs collaborent, ils pourront atteindre d’autres typgaid’”
commeproportional fairnesg43].

robustesse aux attaques étant done’que I'on n’a aucune restriction sur les utilisateurs —
utilisateursegastes avec aucune restriction sur la fonction d'w@ilt"on peut avoir des
utilisateurs tes agressifs. Il ne faut pas que de tels utilisateurs affectent les autres-c’est-"
dire gu’ils ne doivent pas significativement modifier la satisfaction des autres utilisateurs.

robustesse aux facteurs dchelle : I'internet évolue tes rapidement au niveau de la bande
passante disponible mais aussi au niveau du nombre d’'utilisateurs. Un protocole de
contdle de congestion doit fonctionner aussi bien sur des be?8.8 Kbit/s que sur des
liensa 155 Mbit/s. Il doitégalement conserver toutes ses pretps (stabili€, efficaci€,
etc.) quel que soit le nombre d'utilisateurs.

faisabilité : cette propmet contient toutes les contraintes techniques. On s’est restreint aux
réseauwdest effortde type Internet. Mais, I'internet connecte une grandest@adé ma-
chines utilisant une grande ve® de logiciels. Un protocole de coate”de congestion
doit fonctionner sur cette grande \&té de machines et de logiciels. De plus, le protocole
de contole de congestion doit rester suffisamment simple aftrd’programra‘effica-
cement. Pouefre acce ‘comme un standard international, un protocole de otnté
congestion doiefre intensivement testla simplici€ du protocole facilitera cette phase.

Ces propretes couvrent tous les aspects d’un protocole de ontté congestion, de I'as-
pect théorique de la stabikta I'aspect pratique de la faisabditCependant, la question qui se
pose @&sormais est: comment concevoir un tel protocole ? On va maintez@ondiea cette
guestion au paragraphe suivant.

3.2.4 Un nouveau paradigme

On veut @finir un nouveau paradigme pour la conception de protocoles deotmle”
congestion idaux etend-to-encpour les gseawdbest effort il doit, par congquent, respecter
les fondements degseawdbest effortet, en particulier, 'argumergnd-to-end78]. On veut
également que ce paradigme nous permette de concevoir des protocoles ale dentonges-
tion proches d’un protocole de coale™de congestion &Hl.

On a vu que le paradigneCP-friendlyétait tres loin de permettre de concevoir des proto-
coles de contle de congestion &Hux. Le prol@me vient de Equation 3.1 qui doit garantix °
la fois équi, efficaci€ et stabili€. Pour obtenir ces trois propt#s — qui ne sont pasedles
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dans le cas du paradigm€P-friendly— avec un seul anisme aux systies terminaux, on
doit faire des compromis sur les trois prag#is. Notre ide est de s'aider du support derr”
seau pour écentraliser la gestion de ces pref#s. Le supportaSeau peut aller d’'un simple
mécanisme de gestion de leemoire tampon des files d’attentauffer managemepfusqu’aux
réseaux actifs. On a choisi de coresief comme support deseau un méanisme d’ordonnan-
cement de type GPS [65]. Cependant, I'ordonnancement GPS estlrasi modle fluide ; on

a donc besoin d’'une approximation dist de ce maele. Une bonne approximation du nede
fluide est la politique WKQ [3]. Une quali€ fondamentale d’un support deséau bassur une
politique d’ordonnancement GPS est qu'il s’agit d’'un support d’etitjtbbale. En effet, il ne
s’agit pas d’'un racanisme sgcifiquea un protocole de cordlé de congestion, mais bien d’'un
mécanisme qui amliore la performance globale deséau (voir annexe B.3.1). Par ceqaént,
un support dueseau bassSur une politique d’'ordonnancement de type GPS est compatible avec
'argumentend-to-end71]. Le support €seau que I'on va con®dér dans la suite est kasur
la notion de disciplinéair Schedule(FS).

Définition 4 (Fair Scheduler) On définit une discipline Fair Scheduler (FS) comatarit une
approximation disaete d’'un ordonnancement fluide par flux de type GPS avec une politique de
pertes de paquetsla file la plus longue (longest queue drop buffer management).

Un paradigme est un ensemble de contraiatagpliquer lors de la conception de nouveaux
protocoles de contté de congestion. Pour des raisons didactiques, on fait une distinction entre
les contraintes en relation avec &sgau et les contraintes en relation avec les utilisateurs. Pour
ne pas dfouter le lecteur habituaux abeViations anglaises, et pour faciliter la lecture des
annexes, on conserve les ebidtions anglaises NRNetwork Par} pour la partie €seau et
ESP End System Parpour la partie utilisateur. Afin de concevoir un protocole de cuatde
congestion en fonction du paradigme FS, on doit carsidies contraintes suivantes:

— pour la partie @seau (NP) du paradigme, on a besoin deseduair Scheduler(FS),
c’est-a-dire un gseau atous les routeurs utilisent une discipline FS;

— pour la partie systes terminaux (ESP) du paradigme, des utilisategastes et qui
ne collaborent pas sont suffisants. On note que la partie ESP est une condition suffisante
mais pas acessaire ; en particulier, on peut avoir collaboration entre les utilisateurs si
cela augmente leur satisfaction.

La contrainte sur les symties terminaux estds faible : cela laisse une grande latitude lors
de la conception de nouveaux protocoles de abatté congestion. Or, on peetlitimement se
demander si un protocole de carierde congestion cani selon les contraintes du paradigme FS
aura plus de bonnes prop#s, c’esta-dire les propetés d’un protocole de cortié de conges-
tion idéal, que s'iletait cortu selon le paradigmeCP-friendly Pour Epondrea’cette question,
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on va voir quelles propeitts d’un protocole de cortié de congestion &Hl sont erifiees avec
le paradigme FS:

stabilité : avec les contraintes de la partéseau et de la partie sgstes terminaux, I'existence
et I'unicité d’'un équilibre de Nash est garantie [79]. Par ansént, un protocole de
contrdle de congestion cao,avec le paradigme FS sera stable.

efficacité : avec les contraintes de la partisgau et de la partie sgstes terminaux, gme
un algorithme d’optimisation simple convergera rapidement versquilibre de Nash.
Cependant, cetduilibre de Nash ne sera pas un optimum de Paret@siral; il ne le
sera que si tous les utilisateurs ont l@me fonction d'utili€ ou s'il y a collaboration
entre tous les utilisateurs [79]. ERSUN&, un protocole de cortlé de congestion caui,
avec le paradigme FS ne sera pasaig@iment efficace dans tous les cas.

équité : la contrainte de la partieeseau garantit unequi# max-min en moyenne. Par cers’
qguent, un protocole de coote de congestion cau,avec le paradigme FS serquitable
[36].

robustesse aux attaques la contrainte de la parti@seau garantie la robustesse d’un protocole
de contole de congestion caw,avec le paradigme FS [20].

robustesse aux facteurs dchelle : étant done’que la contrainte sur les sgetés terminaux
est tes faible, on a une grande flexibdipour concevoir des protocoles de colgrde
congestiorevolutifs.

faisabilité : un Fair Schedulerde type HPFQ [4] @& inclus dans des routeurs gigabits. Par
congquent, I'application de la contrainte sur kEseau est possible techniquement. De
plus, méme un algorithme simple donnera un protocole efficace. Un protocole simple
sera plus facile concevoir et tester.

Le paradigme FS ne permet pas de concevoir des protocoles delea®rcongestion avec
une efficacit’idéale dans tous les cas. Cependant, I'effieegitfantie par le paradigme FS est
toujours tes sugrieurea celle garantie par le paradigm€P-friendly En effet, la contrainte
sur le Bseau garantie de pouvoir faire un compromis efficace entre bande passkantd, mErte
[65].

D’autre part,etant done’que I'on n’a fait aucune hypotlse sur le mode de transmission
utilisé, le paradigme FS s’applique aussi beeha conception de protocoles de cahdrde
congestion poird point qua la conception de protocoles de cahgrde congestion multipoints.
La conception des protocoles de cadrfie congestion multipoints est grandement faslpar
le paradigme FS; par exemple, on n'a plus besoin d'ajouter @esnismes gxifiques pour
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garantir I'équi# du protocole, m¢anismes qui, la plus part du temps, nuisehefficacit du
protocole. On va expliquer au paragraphe suivant comment appliquer le paradigme FS pour la
conception d’un nouveau protocole de coigrde congestion et en particulier par la conception
d’un protocole de contié de congestion multipoint.

3.2.5 Conclusion

On vient de éfinir un nouveau paradigme, le paradigme FS, pour la conception de proto-
coles de conbie de congestioand-to-endOn a monte'que ce paradigme permettait de conce-
voir des protocoles de conle de congestion presqueerlix (au sens des propis que I'on
aénon& au§ 3.2.3). Avec le paradigme FS, notre contribution majeure est que lmoaé
avec le néme formalisme matthatique uneefinition de la notion de congestion, les pr@pri”
tés requises pour un protocole de colgrde congestion &Hl et un nouveau paradigme pour la
conception de protocoles de carir de congestion. De plus, ce formalisme nous a permis de
prouver que le paradigme FS permettait de concevoir des protocoles deleaigtiCongestion
presque idaux. Ainsi, le paradigme FS est le premier paradigme introduit et primmiel-
lement. En annexe B.3.2, on donne quelques remarques sepleiathent de la contrainte
réseau et en annexe B.4, on compare lesites respectifs du paradigme FS et du paradigme
TCP-friendly

Cependant, comment integiet le paradigme FS pour concevoir un nouveau protocole de
contdle de congestion? La contrainte du paradigme FS sur lesmsgstierminaux est d’avoir
des utilisateursgastes et qui ne collaborent pas. De plus, cette condition est suffisante. Lors de
la conception d’'un nouveau protocole de cofgrde congestion avec le paradigme FS, on doit
uniguement s’occuper des besoins de l'utilisateur et non des ptépigue I'on souhaiterait
pour le protocole. Ces degries seront automatiguement garanties par le paradigme FS. En fait,
on n’a pas besoin de prendre en compte leediffites propeites d’'un protocole de cordi€ de
congestion commedqui€ ; on doit juste trouver un etanisme qui satisfasse I'utilisateur. Le
paradigme FS ne donne pas ceaanisme mais simplifie congidiblement la conception du
protocole A la difference du paradigmieCP-friendly il permet de oeer un schisme entre les
propriétés requises pour un protocole de cofeérde congestion et les besoins de l'utilisateur,
les proprétesétant garanties par le support deseau. Ce schisme donne une grande latitude
lors de la conception d’un nouveau protocole de cmatde congestion.

Pour avoir une validation pragmatique du paradigme FS, on va concevoir un nouveau proto-
cole de conwle de congestion multipoirst cCouches cumulatives en se basant sur Eelgnce
acquise avec RLM et RLC (volf 3.1). On a vu que le principal pradtie avec RLM et RLC
venait de leur raCanisme de atouverte de la bande passante. En effet, casam$mes sont
bags sur des signaux de congestion, caslire que leur seule information sur la bande pas-
sante disponible est au travers des sighaux de congestion. Un signal de congestiormsaén g”
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une perte ou un signal ECNE&rly Congestion Notification29]. Cependant, quel que soit le
moyen pour signaler la congestion, ueecahisme deefouverte de la bande passantectmas”
un signal de congestion aura toujours lesnmes faiblesses:

— la file d’attente du goulot @tranglement doiteldorder pour que le signal de congestion
soit geréré ;

— le signal de congestion estctepar le gcepteur longtemps ag8 ‘que la congestion a
commene’au goulot détranglement;

— un signal de congestion ne permet pas d'avoir des informations sur la bande passante
disponible.

La technique de I'envoi de paquets par paire introduite par Keshav [44] permet d’obtenir
une notification explicite de la bande passante disponible. Il s’agit donc ddeamsme simple
qui n’a aucun des incomvients des signaux de congestion. Dé&gle paradigme FS, on devrait
pouvoir concevoir facilemeng partir de la technique de I'envoi de paquets par paire, un nou-
veau protocole de comtlé de congestion multipoint presqueal” On va écrire au paragraphe
suivant un nouveau protocole de caérde congestion multipoirt couches cumulatives s’
sur la technique de I'envoi de paquets par paire et on va montrer qu'’il a desqtéeprs
proches de celles d’'un protocole de colgrde congestion &Hl, validant ainsi le paradigme
FS.

3.3 PLM: une validation du paradigme FS

3.3.1 Introduction

La distribution de contenu multiediaa un large groupe d'utilisateurs®rogenes est un des
problémes les plus ardus pour le caerte congestion. Des protocoles comme RLM et RLC
ont ét# proposs, mais ils souffrent de nombreux comportements pathologiquess(golr).
Cependant, ils ont permis delofoussailler le terrain en proposant des choixegigties :

— la transmission multipoint est parfaitement aéaatla diffusiona un large groupe;

— I'envoi du contenu en couches cumulatives agsacih protocole orieetiécepteur offre
une solution efficace pour les groupestdnogenes (le§ 3.1.1 donne une introduction
sur les notions de couches cumulatives et de protocoles esiguepteur, et on pourra
également consulter I'annexe C.3.1).

Pour valider le paradigme FS, on va concevoir un nouveau protocole deleatgronges-
tion pour la distribution de contenu multediaa un large groupe d’utilisateurs. Ce protocole
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sera un protocole de cootg de congestion multipoirst couches cumulatives et orien€cep-

teur. Contrairemend RLM et RLC, on ne va pas utiliser unaeténisme de efouverte de la
bande passante lmsur des signaux de congestion, mais wecamisme de etouverte de la
bande passante kesir des notifications explicites de la bande passante disponible qui utilisent
la technique de I'envoi de paquets par paire. Cette technique est rendue possilela Gr”
contrainte €seau du paradigme FS.

3.3.2 Latechnique de I'envoi de paquets par paire

La technique de I'envoi de paquets par paire — dans la suite on parlera plus simplement de la

technique PP paeférencea Paquet par Paire —ed€’introduite par Keshav [44] pour permettre
a une source deedouvrir la bande passante disponible. Deux paquets esyay paire — on
parlera plus simplement d’'un PP — sont deux paquets @svayssi rapidement que possible.
On dit, de margre image, que les deux paquets sont eregglosa dos back-to-back Lorsque
I'on envoie un PP dans ueséeaurair Schedulerles paquets du PP seront esgmal €cepteur
en fonction de la bande passante disponible sur le chemin entre la sourceadgeedt. En
envoyant fEquemment des PP, on peut suiveyBlution de la bande passante.

Keshav utilisa la technique PP dans une version a&@sturce: la source envoie deux
paquets par paire, lecepteur acquitte les deux paquets et la source mesure I'espacement des
acquittements. Cependant, s’il y a un goulatdanglement sur le chemin entre é&eepteur et
la source — goulot @franglement pour les acquittements —, les acquittements seronegspac”
en fonction de la bande passante disponible sur le chemin enteedpteur et la source et,
par congquent, la source mesurera la bande passante disponible sur le mauvais chemin, c’est-
a-dire celui des acquittements et non des paquets deedend’autre part, Keshav utilisa la
technique PP pour un ajustement de la bande passante avec une geafinkarit’eut donc
besoin d’estimateurs complexes pour filtrer le bruitardrita la technique PP. Ce bruit — des
erreurs dans les estimations — peut avoir de nombreuses sources: un geubrigiEment
sur le chemin des acquittements, la politique d’ordonnancement queessseirement une
approximation d’un ordonnancement de type GPS, le partage de ch@adéaglancing, etc.
Onétudie plus enélail I'impact du bruit sur la technique PP en annexe C.3.2.

On va utiliser la technique PP d’une mare differente, moins sensible au bruit. Prene+
ment, on va consieler une version oriee€ Ecepteur de la technique PP qui supprime tous les
problémes dus au goulot effanglement sur le chemin des acquittementsait, par cons-
quent, considfablement le bruit inérenta la technique PP [67]. Dewdiiement, on va utiliser
cette technique pour un ajustement de la bande passante avec une large grakulagftét,
on va l'utiliser pour choisia’quelles couches s’abonner ou ssalionneEtant done’que les
couches ont une granulai€n bande passante large, de petites erreurs dans I'estimation de la
bande passante ne conduiront pagh’changement de couche et, par egougnt, n'auront pas
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Entrée de la
file FS: Q A
(PP)
PP, PP, PP, PP, PP PP, PP,
Sortie de la FS
fleFS: Q
B/2 B/3 temps

FiG. 3.1 —lllustration de la technique PP dans un exemple simple.

d’'impact sur notre protocole utilisant la technique PP.

Mais la caraafistique la plus remarquable de la technique PP aéegtepteur — cette
carackristique existe toujours, mae moindre titre, pour une version oriest'source — est
gu’un récepteur vaelfecter la congestion avant que la file d’attente du gouttdtahglement ne
se remplisse et bien avant que la file mbdfde ; c’esa dire, bien avant qu'’il n'y ait des pertes.
Les PP sont des notifications explicites de la bande passante disponible ; payussrisun PP
signal de congestion sera un PP qui indiquera une bande passante dispositdenafiu dbit
actuel de la source pour legépteur qui regit ce PP. Si I'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 goulotetfanglement ags que la congestion a commersera
un signal de congestion. Leeldi entre le ébut de la congestion et le moment le récepteur
est inforn€ de cette congestion correspond approximativementkai dé transmission d’'un
paquet entre le goulot dtfanglement et leecepteur! Pour montrer les performances de la
technique PP, on va donner un exemple illestta figure 3.1. Ce dessin reggeénte I'entee et
la sortie de la file d’attente — file FS — du gouloetfanglement. En erde de la file, il y a trois
flux: Fy, I, et I5. Le flux F;, rep@sente le flux utilisant la technique PP pourégalverte de la
bande passante. Avant que le flixn’ait des paqueta l'entrée de lafile FS, les PP sont espac’
en fonction la bande passante dispon@leUn cycle duFair ScheduleFair Scheduler roungd
apres que le premier paquet dg est ente’dans la file — soit le temps de servir trois paquets —,
un PP quitte la file, espadle la nouvelle bande passante dispon@al@e plus, le PP signal
de congestioetait dgja dans la file avant que le premier paquet du fibx’y entre ; ce PP est
ent® dans la file alors que la bande passante dispoeible’g’, mais est sorti de la file, espac”
de la bande passante disponible au moment de son service (au nivEau S8ahedule) soit
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g. D’autre part, le PP a quétla file alors qu’il n’y avait qu’un seul paquet du flék dans la
file, c’esta-dire bien avant que la file neldérde.

En résung, la technique PP permet deabuvrir la bande passante et dagira la conges-
tion avant que la file neaborde, c’esk-dire sans aucune perte induite.

3.3.3 Le protocole PLM

Le protocolePacket Pair Layered Multicagtu PLM est un protocole de conte’de conges-
tion multipointa couches cumulatives et orientcepteur bassur la technique de I'envoi de
paquets par paire; on fait donc I'hypese que I'on a uneseau qui autorise la transmission
multipoint et on suppose que les de®sa envoyer peuvergtfe dscougges en couches cumula-
tives. PLM est un protocole con d’apes le paradigme FS; on fait donc I'hypete que I'on
a un EseatkFair Scheduler

La source PLM est simple: elle envoie chague couche dans un groupe multipangliff”
et elle envoie les paquets de chaque couche par paire. En fait, la source n’envoie que des PP.
Chaque PP @y par un ecepteur fournit une estimation de la bande passante disponible sur le
chemin entre la source et cece€pteur. On obtient I'estimation de la bande passante en divisant
le temps d’interarrie’des paquets de la paire par la taille d’'un paquet. Le protocole au niveau
du récepteur est le suivant:

— chaque fois qu’unecepteur regit un PP, c’esk-dire les deux paquets de l&mé paire, il
regarde si la bande passante disponible estipar ce PP est plus petite que la bande pas-
sante demare¥ par le ecepteur en fonction du nombre de couches auxquelleéps”
teur est abona’Si c’est le cas, leeCepteur va immdiatement seasabonner du nombre
de couchesecessaire pour que la bande passante qu’il demande swieunféa’ la bande
passante disponible est® par le PP.

— le récepteur n'ajoute des couches qu’en fonction de I'estimation minimooerdyrant
une @Eriode de dwréC (Check valugsi toutes les estimations fournies par les PP sont
supgrieuresa’la bande passante demaadLe Ecepteur ajoutera autant de couches qu'il
faudra pour que la bande passante qu’il demande soit la plus haute possiblesssed”
la valeur doneé par I'estimation minimum cele durant la efiode de dwéC'.

En résung, un Ecepteur se @sabonnea des couches en se basant sur un seul PP, mais
s’abonnea des couches en se basant sur la valeur minimum de tous lesPdeant une
période de dwéC'. De plus, un ecepteur peut s'abonner ou ssdbonnea plusieurs couches
a la fois en fonction de la bande passante disponible ; touselesigisur le protocole PLM
sont dones en annexe C.3.3. On note que ce pataed est le seul parastre de PLM. Le
plus marquant avec ce protocole est sonaxrsimplici€’ qui semble corroborer la validitiu
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paradigme FS. Cependant, pour valider le paradigme, il faut eneoifeev que PLM ait des
propriétés proches de celles d’un protocole de coletde congestion &kHl.

3.3.4 Evaluation du protocole PLM

On aévalg le comportement de PLM dans un grand nombre de configurations. Tous les
détails sont dones en annexes C.4 et C.5. On trace ici les grandes lignes deematuafion de
PLM.

On a commene parévaluer PLM dans des sparios simples, qui ne sont pas dessia”
étre Balistes mais permettre de comprendre le comportement de PLM dans des cas simples.
On a commene par considfer une seule session PLM sur une topologiefdogene en bande
passante et eretti. Dans ce smario, tous lesatepteurs de cette session PLM convergergsapr-
une Eriode de duéC (Check valugvers la bande passante optimale sans aucune perte induite.
Cette convergence est igpgéndante de la granulaitfes couches, du nombre de couches et des
autres ecepteurs dans laenie session quel que soit le nombre deepteurs. De plus, les
récepteurs resteatcette bande passante optimale durant toute la simulation sans aucune perte
induite.

On voit donc que dans deses@rios statiques, c’estdire sans variation de la bande pas-
sante disponible, PLM se comporteaément. Dans une auteri& de simulations, on a consi-
déré trois sessions PLM partageant le goula@ttihglement avec trois flux CBRE¢nstant Bit
Ratg. On utilise ces flux pour simuler uneepdde de forte congestion. On constate que: les
sessions PLM partageatiitablement la bande passante ; &xepteurs PLM convergent vers
la bande passante disponible optimale ; Exepteurs PLM s’adaptent inediatemenéala pg-
riode de congestion eée par les flux CBR et reprennent la bande passante disponitds,.apg”
période de duéC, lorsque les flux CBR s’aetent. Mais le plus remarquable dans censtio,
c’est qu’'aucunecepteur PLM n’observe de pertes durant toute la simulatiemenpendant la
période de forte congestion. Dans &xig suivante de simulations, oretude le comportement
d’une session PLM partageant le goulo¢tldnglement avec deux flux TCP. On observe exac-
tement les rafes esultats que @d@&demment: la session PLM s’adaptestrapidement aux
variations de bande passante disponible sans aucune perte induite.

On voit donc que pour cesecarios simples PLM se comporteeaément, il s’adapteds
vite aux variations de la bande passante disponible sans aucune perte induittu@®a dans
une autre efie de simulations le comportement de PLM lorsque I'on augmente le nombre de
sessions PLM partageant leemé goulot detranglement. On observe un bon comportement de
PLM, mais avec, dans certains cas, un faible taux de pertes induites. On note, cependant, que
ce s&nario avec uniquement un grand nombre de sessions PLM est pathologique: il n'y a que
des flux avec une adaptatiaria bande passangelarge granularé= protocolea couches. Or,
PLM n’a paseté corcu pour fonctionner dans un tel environnement, mais dangsearbest
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effortavec d’autres flux ayant une adaptat#la bande passarngdine granularé’comme TCP.

Dans la stie suivante de simulations, on a corsile méme sehario mais en glangeant aux
sessions PLM des flux TCP. Dans ce cas, PLM retrouve son comporteraahs&ths aucune
perte induite.

Pour finir les sties de simulations pour deesarios simples, onevallg le comportement
de PLM lorsqu’il partage le goulot dtfanglement avec des flux constituide paquets de taille
differentes 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 deeduire considfablement, et mhe de supprimer, les pravhes I€s aux tailles
de paquets.

En résun€ de ces smarios simples, PLM a un comportemergatt” il converge &S ra-
pidement vers la bande passante disponible, il suit les variations de celle-ci sans aucune perte
induite, méme lorsqu’ily a dee/eres griodes de congestion. Cependant, le trafic ereglans
un réseau eel est loin d&tre aussi simplié‘que dans les soarios pecdents. 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 kgits du sehario qui permet d’obtenir un
trafic autosimilaire et multifractal sont doesmdans I'annexe C.5.1. Le comportement de PLM
dans un environnemengaliste aussi complexe est excellent: la session suévekitions de
la bande passante disponible sans aucune perte induite durant les 4500 secondes de simulation.
Etant done’que PLM est un protocoke couches cumulatives, son seul moyen de s’adapter °
la bande passante disponible est de s’abonner ou dessbalinea des couches. Or, comme
le trafic exo@he variea’de nombreuseschelles de temps, la session PLM va devoir s’adapter
a 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 I'expliquer, ces
oscillations ne sont pas lesultat d’'une instabilt de PLM, mais bien leesultat de sa grande
efficaci#. L'oscillation des abonnements aux couches peut avoir deurgoesces efastes :

— dans le cas ou PLM est utiéigdour la transmission de contenu audio ouevides os-
cillations se traduisent par deefjients changements de quabl€ qui peutefre irritant
pour un utilisateur. Cependant, le but d’'un protocole de ctmtié congestion est d’of-
frir la plus grande satisfaction possible aux utilisateurs ; par exemple, un ébitifpdur
les applications multimdias. On affirme donc que c’est lele de I'application de lisser
ces changements de quel{t8] et non le ofe du protocole de cordlé de congestion
de diminuer son effica@t”Cependant, si cela este€ssaire, on pourraes facilement
diminuer le nombre d’'oscillations en augmentant le pataet’ (check valugsans pour
autant diminuer radicalement I'efficagitle la transmission. Par exemple, pour une de
nos simulations, on a obtenu, sur 4500 secondesghbit dioyen de 733 Kbit/s et 2090
changements de couches pdur= 1 seconde et unabit moyen de 561 Kbit/s et 417
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changements de couches p6ut 5 secondes.

— les changements de coucheggrent du trafic au niveau du protocole de routage. Ce
trafic de contole peut avoir un cot’non régligeable. Cependant, siI'on reprend I'exemple
précédent, pour un ebit de 733 Kbit/s, on a environ un message de obatidutes les
deux secondes, ce qui est modeste. De plus, une simple augmentation datpafam”
permet de faire chuter le nombre de messages deateattin toutes les dix secondes, ce
qui est rEgligeable.

L'oscillation des abonnements aux couches est$eitat de la grande efficagitie PLM. Mais,
si cela est acessaire, elle peut facilemegité €duite.
En résun€, on a tes’PLM dans une grande vaté" de configurations et on a traeigue
PLM était capable de suivre levdlutions de la bande passante disponible sans aucune perte
induite, méme dans un environnement autosimilaire et multifractal.

3.3.5 Conclusion

On a applige’le paradigme FS pour la conception d’'un nouveau protocole deot®di”
congestion multipoin& couches cumulatives et oriernécepteur : PLM, bassSur la technique
de I'envoi de paquets par paire. La conception de ce protocole devait permettre de valider le
paradigme FS. Et, en effet, PLM a biet# une validation du paradigme FS. On rappelle que
I'id'ee directrice du paradigme FS est qu’il suffit de trouver ecamisme qui satisfasse les
utilisateurs, le paradigme FS garantit alors toutes les mtégrd’'un protocole de corti€ de
congestion presqueadl. On a effectivement troeviin n€écanisme qui satisfasse les utilisa-
teurs, la technique de I'envoi de paquets par paire, et on eucon protocole de cordlé de
congestion autour de cette technique sans seqauper des promtes sgcifiquesa un pro-
tocole de contle de congestion. On va maintenasetifier si PLM a bien les propetés d’'un
protocole de contie de congestion presquesal’comme le garantit le paradigme FS. PLM a
les proprétés suivantes :

stabilité : les Bcepteurs PLM convergent rapidement égaune pfiode de’' secondes) et les
oscillations des abonnements aux couches ne sont pas dunesinstabilié’du protocole
maisa une grande efficaeitde ce dernier.

efficacitée : les Bcepteurs PLM eouvrent tes rapidement la bande passante disponible et
sont capables de suivre legolutions de la bande passante disponible e pes. PLM
surpasse RLM et RLC.

équité : une session PLM esfjuitable 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
contmle de congestion.

robustesse aux facteurs dchelle : PLM est robuste aux facteursathelle gate au principe
des couches cumulatives avec une gestion aéeBtepteur.

faisabilité : PLM est un protocole simple qui peut facilemetite€vallg. De plus, PLM &
introduit dans la distribution du simulateur ns [62] ; il peut donc facilenetr@etudi.

En conclusion, PLM efifie bien les propgtés dfinies dans 1§ 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 paanpoint se pose la question de I'allocation
de la bande passante entre ces flux. En effet, comment allouer la bande passante d'un lien entre
un flux pointa point ne servant qu’un sewdaépteur et un flux multipoint servant un million de
récepteurs? Cette question, loirett¥ triviale, peut avoir de nombreuseponses selon le but
gue I'on recherche et suivant que I'on adopte le point de vuesdeau ou le point de vue des
utilisateurs.

Si I'on se place du point de vue deséau, ou plus pcigment du point de vue du four-
nisseur d’aces, I'utilisation de la transmission multipoint permeeddhomiser de la bande
passante et deegloyer de nouveaux services comme la diffusiam grand nombre d'utilisa-
teurs de contenu audio et @d. Cependang cause de son abélewg, la transmission multipoint
n’est rentable, pour un fournisseur d’as¢ que si I'on consiele de grands groupes. Pour de
petits groupes, la transmission pompoint sera plus rentable [21]. Dans ce contexte, lorsque
I'on parle de la rentabilé’de la transmission multipoint, c’est toujours par rappdattransmis-
sion pointa point; la transmission multipoint est rentable scbnomie eali€e avec le gain de
bande passante — par rappmla bande passante utdispour le nafne service en poiatpoint —
compense le ad'du Bploiement de la technologiecéssaire pour avoir un service multipoint.
Dans cette notion de rentabditon ne tient pas compte dergfice appor”par I'ajout d’'un
nouveau service qui ne serait pas possible avec une transmissiora gamirit. Par exemple,
un fournisseur d'aas qui offre un service de diffusion audio et ealattirera de nouveaux
utilisateurs ; cependant, ce type dmfice est difficilea’évaluer et n’est pas le propos de cette
these.

SiI'on se place du point de vue des utilisateurs, le mode de transmission — multipoint ou
pointa point — importe peu. Un utilisateur veut simplement augmenter sa satisfaction. Tous les
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béréfices de la transmission multipoint sont transparents pour I'utilisateur, sauf dans le cas 0"
la transmission multipoint offre un service qui serait impossébfeurnir avec la transmission
pointa point. Le fait que la transmission multipoint permetteaihomiser les ressources du
réseau peut conduire diminuer le prix du service, ce qui aura un impact sur la satisfaction
des utilisateurs. Cependant, il s'agit de coesationseconomiques et commerciales qui sont
eégalement hors du propos de cettest.”

On vient de voir ce que la transmission multipoint pouvait app@ten fournisseur d’ac-
cés eta un utilisateur. On n’a cependant pas expigomment allouer la bande passante entre
flux multipoints et flux poin& point.Etant done’que la transmission multipoint peetré ren-
table pour un fournisseur d’aes mais que ce mode de transmission est transparent pour un
utilisateur, il faut inciter les utilisateurs se servir de la transmission multipoint. Lincitation
peut€tre purement finanere : un service utilisant la transmission multipoint sera moins cher
gu’un service utilisant la transmission poapoint. Cependant, il nous est apparermsssant de
mettre de ofé cet aspect purement commercial pour se concentrer sur une incéattdiser
la transmission multipoint bag”sur I'allocation de la bande passante entre flux multipoints et
flux pointa point. Notre principale motivation est de redonner aux flux multipoints une partie
de la bande passante qu'dsdnomisent; bien que cela nous semble raisonnable, cette motiva-
tion peutétre indfiniment a&fbattue. On va montrer qu’en redonnant aux flux multipoints une
partie de la bande passante quatohomisent, on peut largement augmenter la satisfaction des
utilisateurs de la transmission multipoint sans pour autant diminuer desreaignificative la
satisfaction des utilisateurs de la transmission paipbint. C'esta notre avis, un argument
convaincant en faveur d’une politique d’allocation de la bande passante qui prenne en compte
le nombre deecepteurs.

Le paradigme FS permet de concevoir des protocoles deoteule congestion multipoints
et pointa point. Par corexjuent, la question de l'allocation de la bande passante entre flux
multipoints et flux poin&’point est pertinente dans le contexte du paradigme FS. D’autre part, la
contrainte principale de ce paradigme est d’avoirasedUrair Scheduler or unFair Scheduler
est un necanisme d’ordonnancement perél c’'esta-dire un neécanisme 0 1'on peut grer
I'allocation de la bande passante entre les flux en fonction de poidedareiiaque flux. Le
paradigme FS permet donc d’appliquer facilement de nouvelles politiques d’allocation de la
bande passante.

On va, dans la suitettdier trois politiques qui allouent localement sur chaque lien la bande
passante entre les flux multipoints et les flux p@ingoint. Apes avoir introduit dans le para-
graphe suivant les trois politiques d’allocation de la bande passante et é&ge<ctitili€s pour
les comparer, on va, dans e3.4.3, donner les principauesultats sur Bvaluation des trois
politiques.
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3.4.2 [Efinition des politiques d’allocation de la bande passante

On va considfer trois politiques pour allouer la bande passante de chaquedienflux
passant par ce lien. L'allocation de la bande passante va se faire en fonction du nombre de
récepteurs en aval du lignOn ddfinit le nombre deeCepteurs pour un flux en aval d’un lien
[ commeetant le nombre deecepteurs qu'il y a apss ce lien, dans le sens soureefpteurs,
pour le flux considfé. On va consiéfer les trois politiques d’allocation de la bande passante
suivantes (lesefinitions matlematiques sont doees en annexe D.2.2):

indépendant des ecepteurs (RI) : on alloue de maeire€gale la bande passante du liemtre
flux multipoints et flux pointa’ point traversant ce lieh indépendamment du nombre
de récepteurs en aval de ce lien. Cette allocation neeggmte aucun changement avec
I'allocation actuelle. Cette politique va donc nous servirefénénce.

dépendant lineairement du nombre de Eecepteurs (LINRD) : on alloue la bande passante du
lien [ entre les flux avec une fonction queéénd litairement du nombre decépteurs
pour chaque flux en aval de ce lien. Cette allocation correspdadande passante qui
serait doneé aux flux point.’point récessaires pour servir leemes utilisateurs — c’est-
a-dire une connexion poirt point differente entre la source et chageeapteur —, s'il
n'y avait pas de service multipoint, .

dépendant de mangére logarithmique du nombre de recepteurs (LogRD): on alloue la
bande passante du liérentre les flux avec une fonction quépénd de maere loga-
rithmique du nombre deecepteurs 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, afidit la notion de gain multipoint et en an-
nexe D.3.2 on discute I'impact global d’'une politique d’allocation locale de la bande
passante.

On a conser@’les notations anglaises pour ne pasodter le lecteur habieua ces notations
et pour faciliter la lecture des annexes. On utilise Rl pRaceiver IndependeritinRD pour
Linear Receiver Dependeat LogRD pouiLogarithmic Receiver Dependent

Ces trois politiqgues sont des regentants de classes de politiques d’allocation de la bande
passante. On ne @end pas qu’elles sont les meilleures esaritants des classes ni que les
classes sont optimales, on dit simplement que ces troisseptants permettent de couvrir un
large spectre de politiques d’allocation de la bande passante et surtout de comprendre comment
introduire le nombre deacepteurs dans l'allocation de la bande passante.

Pourévaluer et comparer ces trois politiques d’allocation de la bande passante, on a besoin
de cri€res de comparaison. On cher@éhaugmenter la satisfaction des utilisateurs sans pour
autant diminuer significativemengkjuig. On dfinit le critere de satisfaction d’un utilisateur
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commeetant la bande passante qu’il obtienteié s'il existe d’autres cetes pouevaluer la
satisfaction des utilisateurs comme &dal‘ou la gigue, la bande passante est ueipertinent
pour un grand nombre d’applications. Oefidit le crittre déquie entre des utilisateurs comme
I"ecart type de la bande passante vue par e@aes utilisateurstant done qu'il s'agit d’une
notion globale qui peut cacher quelques utilisateurs ayant esefdible satisfaction, on va
considrer, en plus de notre ceite déquig, le cas du pire utilisateur, c’eatdire le Ecepteur
qui voit la bande passante la plus faible. Lannexe D.2e3@nte une discussioetdillée de ces
criteres de comparaison.

3.4.3 Evaluation des politiques

On a dans un premier temgvdllg les trois politiques avec deux nmalds analytiques
simples. Le premier madé est une topologie egtdile : on considre une session multipoint
partageant un mrhe goulot detranglement avec plusieurs sessions paipbint. Le deuxéme
mockle est une topologie en ana™ on considre une session multipoint partageant plusieurs
liens avec des sessions paanpoint (une session poiatpoint par lien). La description ecise
des seharios se trouve en annexes D.3.3.1 et D.3.3.2. Notre choix deslesaahalytiques
considrés aeté guids par le fait qu’'un €seau complexe est une composition de topologies en
étoile et en chaie. La grande concordance entre lesultats obtenus avec les neteks ana-
lytiques et les eSultats obtenus avec les simulations sur une large topologie montre que nos
mocEles analytiques, bien que simples, permettent d’avoir une bonnehagusion de laed-
lite.

L'analyse deseSultats obtenus avec nos netek analytigues nous a permis d’arriver aux
conclusions suivantes (une discussi@iaillée se trouve en annexes D.3.3.1 et D.3.3.2): les
deux politiques.in RD et Log RD offrent une plus grande satisfaction aux utilisateurs que la
politique R/ mais offre une moins bonnequi€ ; de plus, la politiqud.:in RD est celle qui
donne la plus grande satisfaction mais la plus mauwveigee ; la politiqueLog RD, quanta
elle, donne une satisfaction moindre que la politigee 2 D mais une meilleurequig. On en
a conclu que la politiquéog RD était le meilleur compromis entre satisfactiorequie.

Pour approfondir lesesultats obtenus avec nos neteb analytiques, on a fait des simu-
lations sur une large topologiednérchiqueRT (Random Topology qui repgsente les trois
niveaux d’interconnexion que I'on peut trouver dans eseau : les WANWide Area Network
les MAN (Metropolitan Area Networket les LAN (Local Area Network RTinterconnecte 180
LAN. Ce type de topologies ararchiques est cong comme un bon made de I'internet
[9, 23, 90]. On a cher@éhdans ces simulatiorssétudier l'introduction d’un service multipoint
dans un environnement poiatpoint. On a commescpar dimensionner I'environnement point
a point qui consiste en des paires soumsgpteur positiorges atatoirement sur les LAN de la
topologieRT. On a troue que 2000 sessions pomfpoint permettaient d’avoir un environne-
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ment pointa point qui soit peu sensibkel'emplacement @atoire des paires souroe¢epteur
(voir annexe D.4.1).

On a gali€ deux sfies de simulations: la preere considre une seule session multi-
point, dont on augmente la taille (deal6000 Ecepteurs), introduite dans I'environnement
pointa point; la deux@éme considre plusieurs sessions multipoints de taille fixe, dont on aug-
mente le nombre, introduites dans I'environnement paimoint. On parlera de satisfaction
globale lorsque I'on conse@téera la moyenne de la satisfaction de tous les utilisateurs; on par-
lera d'équi€ globale lorsque I'on calculeraelart type de la satisfaction des utilisateurs sur
tous les utilisateurs. De @emie, on parlera de satisfaction multipoint (resp. paipoint) lorsque
I'on considdrera la moyenne de la satisfaction sur uniquement les utilisateurs multipoints (resp.
pointa point) ; on parlera @quig multipoint (resp. poina point) lorsque I'on calculeradtart
type de la satisfaction des utilisateurs multipoints (resp. @opdint).

On commence paresumer la prenere €rie de simulations. Les politiquesinRD et
LogRD offrentune plus grande satisfaction globale que la politi§demais offrent une moins
bonneequig globale. Par contre, lorsque I'on fait une distinction entre utilisateurs multipoints
et utilisateurs poind point, on trouve que la politiquen R D 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 poird point pour de grandes tailles de groupes. La politiugeR D, quanta
elle, augmente la satisfaction des utilisateurs multipoints, mais ne diminue pas la satisfaction
des utilisateurs poina point — par rappora la politique de eférencek/ —, méme pour les
grandes tailles de groupeseljuig des trois politiques est laanie pour les utilisateurs point
a point, puisque les politiques ne font de distinction qu’en fonction du nombrecdpteurs.

L equi€ des politiguesk! et LogRD est proche pour les utilisateurs multipoints, alors que
I"equi® de la politiquelin RD est plus mauvaise. Si I'on regarde la cas du paéeepteur, on
constate que la politiquéin RD diminue tes fortement la bande passante pourexepteur
lorsque I'on augmente la taille du groupe multipoint, alors que la bande passante vue par le pire
récepteur avec la politiquiog R D est tes proche de celle vue avec la politighé, méme pour

une grande taille de groupe. Eestng, la politiqueLogRD est la seul@ augmenter la satis-
faction des utilisateurs multipoints sans pour autant diminuer significativement la satisfaction
des utilisateurs poird point et en gardant uregjli€ proche de celle de la politique/.

La deuxeme gTie de simulations va confirmer cesstiltats. On a fait des simulations avec
soit des tailles de groupes de 2epteurs, soit des tailles de groupes de @epfeurs. Dans
les deux cas on arrive auxemies conclusions. La satisfaction etqlii€ globale sont proches
pour les trois politiques. Par contre, les deux politigii@ésRk D et LogRD donnent une satis-
faction pluselevée pour les utilisateurs multipoints. La politiqié: R D diminue la satisfaction
des utilisateurs poirg point par rappor la politiqueR/ alors que la politiqué.og R D conduit
a une satisfaction proche de celle obtenue avec la politijude plus, la bande passante vue
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par le pire Ecepteur estés proche pour les politiquéd et LogRD, alors qu’elle est beaucoup
plus basse pour la politique:n 2D que pour la politiqug?/. Pour cette &fie de simulations,

la politiqgue LogRD est la seulea’augmenter la satisfaction des utilisateurs multipoints sans
diminuer significativement la satisfaction des utilisateurs paipbint.

En résung, la politiquelLogRD est le meilleur compromis entre satisfactioreqtii€. De
plus, on a mont&'que cette politique permettait d’'augmenter largement la satisfaction des uti-
lisateurs multipoints sans pour autant diminuer significativement la satisfaction des utilisateurs
pointa point et tout en gardant uegui€ proche de celle de la politique/.

En annexe D.5, on discute plusieurs aspees U @ploiement pratique de la politique
LogRD comme l'estimation du nombre deaépteurs en aval d’un lien, l'introduction de la
politique LogRD dans un eseaurair Scheduleret le dploiement progressif de la politique
LogRD.

3.4.4 Conclusion

On a introduit eevallg trois politiques d’allocation de la bande passante. On aauplisir
I"evaluation des maaés analytiques simples mais pertinents et des simulations sur une large
topologie hérarchique. On en a conclu que la politiqgue; R D offrait le meilleur compromis
entre satisfaction etqui. Cette politique permet d’aghibrer consiérablement la satisfaction
des utilisateurs multipoints sans pour autant diminuer deenasignificative la satisfaction des
utilisateurs pointe’point. Par corexjuent, elle permet d’inciter les utilisatearse servir de la
transmission multipoint et cela, sans un effet de baf@ste pour les utilisateurs poepoint.

De plus, cette politique a permis d’apporter uspanseelégantea’la question x Comment
allouer la bande passante d’un lien entre un flux paipbint ne servant qu’un sewdaépteur et

un flux multipoint servant un million deecepteurs? Une allocation de la bande passante qui
prend en compte de maae logarithmique le nombre deaépteurs est une allocation qui offre
une solution raisonnable au prebie de I'allocation de la bande passante entre flux multipoints
et flux pointa point.
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Chapitre 4

Conclusion

4.1 Resune des contributions

Une des clefs de I'amlioration de la qualé’de service pour leeseauxbest effortest le
contdle de congestion. On a expirdans cette #se, une voie de recherche peu expit”
comment araliorer les propet#s des protocoles de coole”de congestion — poird point
et multipoints — dans leseseauxbest efforten s’'affranchissant du paradigr€P-friendly?
Notre étude des protocoles RLM et RLC nous a permis d’identifier quelques comportements
pathologiques fondamentaux de ces protocoles qui rendentdploidment difficile. Ces com-
portements pathologiques sont diffici@sorriger dans le contexte actuel de l'internet, c’est-
a-dire en respectant le paradigm€P-friendly Ceci nous a condud réflechir au proldme
du contole de congestion dans le contexte plesggal des eseauwbest effort On a, avec le
méme formalisme matmatique, reefini la notion de congestiongfini les proprétés requises
pour un protocole de comtté de congestion &Hl et &fini un paradigme, le paradigme FS,
pour la conception des protocoles de colgrde congestion presqueealix. Le paradigme FS
est le premier paradigme pour la conception de protocoles deot®mle"congestionafini et
prouvé formellement. Pour valider de mané pragmatique le paradigme FS, on aagmydce
a ce dernier, un nouveau protocole de coletrde congestion multipoirg couches cumula-
tives et orieng’récepteur : PLM. Ce protocole est capable de suivrevetutions de la bande
passante disponible sans aucune perte induiggpendans un environnement autosimilaire et
multifractal. PLM surpasse RLM et RLC et valide le paradigme FS. On a finalersént dhe
nouvelle politique d’allocation de la bande passante entre flux pgagint et flux multipoints
qui s'integre parfaitement dans la contrainte dsgau du paradigme FS. Cette politique permet
d’améliorer consiérablement la satisfaction des utilisateurs multipoints sans nuire aux utilisa-
teurs poin@a point. Cette politique apped.og R D donne une solution performantesd¢gante
au probeme de I'allocation de la bande passante entre flux ogdint et flux multipoints.
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4.2 Discussion sur les contributions

Depuis plusieurs ara&s, on annonce leegloiement de solutions multipoints dans l'inter-
net. Cependang part quelques exceptions, force est de constater que la transmission multipoint
n’est pas accessible au grand public. Le multipoint dans I'internet estsa@sP multipoint qui
n'a paseté corcu avec I'idde détre exploi€ commercialement [21]. De nombreuses fonction-
nalitts manquené 1P multipoint: la gestion de groupes multipoints, Ecwfi€ multipoint,
I'allocation d’adresses multipoints, la facturation de services multipoints, etc. Bien que d’ac-
tives recherches soient me®® dans tous ces domaines, la commundas eseaux se divise
entre ceux qui pensent quet tbu tard le multipoint seraeploye dans l'internet et ceux qui
pensent que le multipoint n’est plus qu’un sujet aradjue sans aucun avertitant done’
gu’une grande partie de cetteetie est sur la transmission multipoint, doit-on coestd hotre
travail comme inutile si la transmission multipoint ne devient pas une fonctioamdiéite au
grand public?

D’autre part, pour appliquer le paradigme FS il faut avoir asedu FS, c’esd-dire un
réseau o tous les routeurs impeientent une politique d’ordonnancement de type FS. Or, il
s’agit d’une hypotkse forte puisque, actuellement, soit les routeurs needess pas un ey’
canisme de type FS, soit les routeurs pdssit effectivement un ecanisme de type FS mais
qui n’est pas acti. Doit-on considfer le paradigme FS comme un paradigmesiliste et par
congquent sans ietét?

Notre Bponsea ces deux questions eshon! » Trop souvent, les pressioesdnomiques
et politiques poussent la communawgtientifiquea consi@rer que les recherches qui ne sont
pas applicablea court terme ne sont pas dignes ctiét. Cette habitude est dangereuse car il
est ties difficile, en travaillana court terme, d’apporter dessié$ originales. Or c’est justement
le réle des chercheurs d’apporter desad originales qui permettent de trouver de nouvelles
orientations pour demain.

La transmission multipoint a pes$t pose toujours de grandsfiga la communagt 'scien-
tifique. Cependant, lessultats de recherche sur la transmission multipoint ont souvent un
champ d’application beaucoup plus large que la transmission multipoint etieem”exemple
le plus flagrant est celui desgéawoverlay (overlay network Cette technique permet, entre
autres choses, la diffusion de contenus mutiias sur l'internet. Or si I'on regarde qui sont
les pionniers deseseauxoverlay, on retrouve des ggialistes de la transmission multipoint
(par exemple Steven McCanne aveast Forward Network$25] ou Brg Nonnenmacher avec
Castify Network$10]). La technique desseawoverlay, actuellement appliqe€ dans I'inter-
net, n'aurait sans doute pat possible sans la comgdrénsion du prokine de la diffusion de
contenus multiradias avec la transmission multipoint.

Le paradigme FS, bien que lgasir une contrainteeseau qui n’est pagalisable pour le
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moment, a permis de montrer queddit possible de consadablement simplifier et agliorer la
conception des protocoles de caéréle congestion. Cesultat fondamental montre qu’il peut
étre tes profitable de prendre du recul par rapport au paradigbiefriendlyet va, on I'espre,
encourager les recherches dans cette voie.

En conclusion, bien que cettestbe ne pESente pas de solutions que I'on puisse directement
appliquer au contexte actuel de l'internet, elle donne un@pdes solutions qui feront, on
I'espere, le suces deseseawbest efforide 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 layeredtimu
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
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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 caleted 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. Thefii€@Rrily 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,7op;, 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 topoldgy;., consists of one source andreceivers.

For all the simulations, the linksVy, Ry,) have a bandwidth uniformly chosen [i500, 1000]

Kbit/s and a delay uniformly chosen [i, 150] ms. We evaluate the scalability with respect
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Figure A.1: Simulation Topologies.

to session size. The last topolodihp,, consists ofM/ multicast sources (with one receiver),
and %k unicast sources. For all the simulations, the ligks;, Vi), (Su, Vi), (N2, Ra), and

(N2, Ry) 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)
gueues 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 RLC

LAnother 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.

RLM Layer subscription RLM Layer subscription

— R1
R2

4r --- R3

0 200 400 600 800 1000 0 200 400 600 800 1000

Time (s) Time (s)

(a) Layer subscription for each RLM receivers, (b) Layer subscription for each RLM re-

10 Kbit/s layers. ceivers, exponential layer8i(- 32K bit/s, i =
0,1,2,3,--9.

Figure A.2: Speed, accuracy, and stability of RLM convergence for a single se%sjan,

The first simulation evaluates the speed, the accuracy, and the stability of RLM convergence
on Top;. 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. Recekseneeds 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
gueue). 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 distributior 82,64,128,256,512,102&bit/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 receiVeps,

The second experiment evaluates the scaling of a single RLM session with respect to the
number of receivers on topolodipp.. We consider 50 Kbit/s layer granularity. For this simu-
lation, we consider the linkSy,, V1) with a bandwidth of 280 Kbit/s and a delay of 20 ms. We
start 20 RLM receivers at time= 5 s then we add one receiver every five seconds fren205
stot = 225 s, and at = 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 threceiver synchronizatiorDue 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
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Figure A.5: RLM and CBR flows sharing the same bottleneck, FIFO scheduling,

The third experiment considers a mix of RLM and CBR flowsiap,. We consider a layer
granularity of 20 Kbit/s. We comment this experiment for both FIFO and FQ scheduling. For
FIFO scheduling, we considédd = 3 RLM sessions and = 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 times = 50,100, 150 s and the CBR source at time= 300 s; we stop the CBR
source at = 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
resultin 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 schedling,

For FQ scheduling, we considéf = 3 RLM sessions and = 3 CBR flows. The band-
width of link (N, N,) is 200 + M = 600 Kbit/s and the delay is 20 ms. We start each of the
three RLM receivers respectively at time= 50, 100, 150 s. We start the CBR sources at time
t = 300 s and stop the CBR sourcestat 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 betiveet0 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,op;.

The fourth experiment considers a mix of one RLM session and TCP flowpn We
considerdM = 1 RLM session and: = 2 TCP flows and a layer granularity of 20 Kbit/s. The
bandwidth of link( Ny, Ny) 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
att = 0 s, then TCP1 at = 300 s, and TCP2 at = 600 s. In a second set of simulations,
we start TCP1 first at = 0 s, then RLM att = 300 s, and TCP2 at = 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% t@a@&86rding 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 petnliarbehavior 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 receiveys,.

For all the simulations with RLC, we just indicate the ratgof the base layef,. The rate
of layer L; is B; = 2! - By. 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 foffop,. 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 foR,, the dashed line is foks, the dotted line is forR,, and
the dashed-dotted line is fdt,. This simple experiment shows one of the most fundamental
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problem with RLC. For instance, whef, 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 overflo; and
infers that he can join layer 5. After a short period of tine,will experience a large number

of losses and will drop the layer. For receiver, 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,
gueue overflow happens in our simulati@ry 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 topolodipp.. For this simulation we consider the liik;, V1) 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 time¢ = 5 s then we add one receiver every five seconds frocm30 s to
t =50s,and at = 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 receiliess,

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 |dyeare a subset of the SPs at layer, (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 annotatidif3 indicate the occurrence of some relevant SPs. In this
simulation, the bandwidth inference using bursts never succeeds, i.e. the bursts never make the
gueue overflow, and the receivers join an additional layer that the network cannot support. We
observe a new pathological behavior of RLC. Between30 s andi = 50 s late joiners start.
Around? = 60 s, at the synchronization poist’;, some late joiners join layer’sand the

others join layer 4. But, as the synchronization pdift is synchronized withb P;, the first
receivers (that join at = 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 &t, which is not synchronized with an upper layer

SP. We observe the same pathological behavior with the late joiners that startSts. 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 layersdt, . However, the late joiners cannot join

an upper layer atP; 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 |#yedistance
between the SPs i - 8 - 5., Wheres is the packet size anfl, is the throughput of the base
layer. ForB, = 16 Kbit/s ands = 256 bytes, the distance between the SPs at layeroughly
2 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 bottleifiegk,

The fourth experiment offop; considers a mix of RLC and TCP flows. We considér= 1
RLC session and = 2 TCP flows. The bandwidth of linkNy, N;) 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 = 0s, TCP1 at = 50 s, and TCP2 at = 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 linkVy, V;) 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
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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 (N, V;) 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 hak/V;) 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 Schedulemetwork 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 congestion control 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 dParadigm for Congestion Contr@s 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 throughplitaccording to the equation:

T CxMTU
" RTT Vl0oss

where,C' is a constantMT'U is the size of the packets used for the connecti®fi’ is the

round trip time, andoss is the loss rate experienced by the connection. To compute the through-
put7’, one needs to measure the loss rate andithi#'. 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 throughput” 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

(B.1)
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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 bii&aiy

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|thae
applications adopt the same congestion control behavior based on Eg. (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 xXDSL 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 devisaewefficient 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 amplicit definition of the problems to aexplicit 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 uséne satisfaction of decreases
due to anincreasein network load”. Our only one point of disagreement with Keshav is about
the influence of network load. He says that onlyiacreasein network load that results in a
loss of satisfaction is a signal of congestion, whereas we claim tmatdfication(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 {lsender
S; and receivel;) has a weight of 1, the flow, (senderS; and receiverk,) has a weight of
2, the flow F; (senderS; and receiveris) has a weight of 1. In a first time the three sources
have data to send, the satisfaction/ifis £, the satisfaction ofz, is 2 and satisfaction of2;
is 2. ThenS; stops sending data, the satisfactionffbecomes; and the satisfaction aks
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Figure B.1: Example for the definition of congestion.

becomes,. So whens; stops to send data, the network load decreases, but the satisfaction of
R5 decreases too. We consider this case as a congestiéh fioour 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 Bash equilibriumf, when every user acts selfishly, nobody can increase its
own satisfaction. The bandwidth allocation A in a networRaseto optimaif 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 expresssoenptionsnade 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 WR 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:

e For the NP of the paradigm we assumEar Schedulemetwork, i.e. a network where
every router implements a Fair Scheduler policy;

e 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) paradignvith 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 fairnbgsonly 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-
riumis 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

ILike 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 alll
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 uséers  ([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 TopologRT.

We give a brief description of the topology used for all the simulations. The random topol-
ogy RTis generated withiers  v1.1 using the command line parametigess 1 20 9
52131111.AWAN consists of5nodes 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 df + 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 from: 50 to £ = 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 throughpubver the whole simulation for each TCP flows
i=1,..,k.

We consider three measures to evaluate the results:

o the mean throughput = { "=} F;. 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.

veey

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.

o the standard deviation= /1 Y2i=}(F, — B)? 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 throughputor 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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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
gueue 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={ 1000) the mean throughput 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 capal®®s 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 probability” (as P 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 Schedulemwill 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 probability’) 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 & 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 th&l'T". 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.



B.5. RELATED WORK 103

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 madieé(v paradigmto 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, Lefelhocet al. explain why theybelievethe four mechanisms are necessary and
sufficient, we develop the formalism needeagbowwhy 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 paradigmtise separation between the properties required by the designer of
the protocol and the requirements of the end syst€here 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
guality and to transfer files to a large number of heterogenesaeivers. Miticast 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 reew and efficienttechnique 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 layereeaeiver-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 areceiver-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 protocphcket 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 expresasshiemptionsnade 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 tNetwork Partof the paradigm (NP) — and the
assumptions that involve the end systems — we call thiktite System Pavf the paradigm
(ESP).

The assumptions required for the FS paradigm are:

e For the NP of the paradigm we assumEawr Schedulemetwork, i.e. a network where
every router implements a Fair Scheduler.

e 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 (i) 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 ev@malecongestion 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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R1 R2
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 @umulative layerd.,, - - -, L,, simply means
that each subsdt’L,, - - -, L; }:<, has the same content but with an increase in the quality as

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 subsefl,,---, L;} 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 terminologyticast group
andlayerfor 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 bottlend¢k receiverk; will infer that it should reduce its
number of layers. As we use cumulative layers we can only drop the highestiayétowever
this layer drop will not reduce congestion at bottlenésk 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
guality, 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 abowraeto infer

the available bandwidth. We defingexeiver-driverversion of packet pair. Let theottleneck
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 idoes not require lossedndeed, 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 WR 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 WHR 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 W 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 estimaté 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
gueue 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 lossaghen 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 pattermloes not adversely impaleP measurements. A PP leaving the bottleneck
gueue 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.eall the packets on all the layers are sent in pginge 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 P P; be the bandwidth inferred with the packet pair received at timaed let5,, be the
current bandwidth obtained with cumulative layersB,, = >-7_, L; where layer carries data
at a bandwidttt.;. Let B. 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, atttithe receiver sets the
check-timerf. := ¢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 both. and(’) because whefh. expires after a period @f seconds
the receiver checks whether he must add or drop layers. When the receiver sees a packet pair a
timet;:

o if PP, < B,then /[*drop layers*/
- Tc = ti —|— C
—until B, < PP,;do (1)
« drop layem
* n.=n-—1

e elseif PP, > B,and T, < t; [*have received PPs during at least
C' units of time*/
then /*add layers*/

- B, = ming,_c<<, PP, [*take the minimum bandwidth
estimate*/
- Tc = ti —|— C

—if B.> B,then while B, <B.do (2)
+ add layem + 1

* n:=n-+1

In summary, we drop a layer each time we have a sarfiplevalue lower than the current
layer subscriptior3,,, but we add layers according to the minimut#, value received during
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a periodC (if all the samples aré’ P, > B,, 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 titheiill 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
PP, < B,) 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.

e 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.

e The check valu€’': A larger(C' leads to a higher stability as we can add layers only once
each(' interval, but leads to a lower speed of convergence.

e The burst size: In section C.3.3 we only consider PP, packet bursizeofwo 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.

C4.2

Initial Simulation Topologies

Fig. C.2 shows the four topologies simulated to evaluate the PLM behavior. The first topology
Top, 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 topologipp, consists of one PLM source amd PLM receivers. We
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evaluate the scalability of PLM with respect to session size. The third topdlegy 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
Top, consists ofM/ PLM sessions (with one receiver), ahdinicast 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 valué'is= 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
topology 7Top;. 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 sessiontat 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 valteand stays at this rate with no loss
induced.

Our second simulation on topolodipp. 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 (Sas, IVy ) with a bandwidth of 280 Kbit/s and a delay of 20 ms. The liks, Eas) have
a bandwidth uniformly chosen [A00, 1000] Kbit/s and a delay uniformly chosen|ify 150] ms.

The first set of experiments considersreceiversyn = 1, ..., 100 all started at = 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 sekgign,

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 tirae5 s then we add one receiver every five
seconds front = 30 stot = 50 s, and at = 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 véluge 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 topolagy 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 topology consider
dynamic scenarios. The links';, N1), (Su, N1), (N2, Rar), and( Ny, Ryr) 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 topolog§bp, 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 receiliers,

M = 3 PLM sessions and = 3 CBR flows for the experiment plotted in Fig. C.5. The
bandwidth of link( Ny, Ny ) is 200 + M = 600 Kbit/s and the delay is 20 ms. We start each of

the three PLM receivers respectively at time 10, 20, 30 s. We start the three CBR sources at
timet¢ = 40 s and stop the CBR sourcestat 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, $@ * 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 granularityy00/M Kbit/s whereM is the number of PLM sessions. When the

CBR sources start, the PLM sessions share the bottleneck at raiogihiiy}/ + &) 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 shate0igs = 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 valué’ (hereC' = 1 second). Moreover during the whole simulation (and even
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Figure C.5: PLM and CBR flows sharing the same bottlenéol, .

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 sessiond/{ = 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 topolodyp, considers a mix of a PLM sessions and TCP
flows. We conside/ = 1 PLM session and = 2 TCP flows for the experiment plotted in
Fig. C.6. The bandwidth of linkV,, N,) is 100 * (M + k) = 300 Kbit/s and the delay is 20 ms.
We start the first TCP flow at= 0 s, then we start the PLM sessiontat 20 s and finally start
the second TCP flow d@t= 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 valdeand 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



C.4. INITIAL SIMULATIONS 123

PLM with TCP, bandwidth increment 2s
300f -/ ‘ ‘ ‘
I

— PLM
TCP1 ||
- TCP2

N

ul

o
T

N

o

o
T

Throughput (Kbit/s)
=
a1
o

0 20 40 60 80 100
Time (s)

Figure C.6: PLM and TCP flows sharing the same bottlenéaj, .

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 topdlegy. The links

(Sa, N1), and( Ny, Rar) have a bandwidth of 10 Mbit/s and a delay of 5 ms. The {iNk, V)

has a bandwidth at00 + A Kbit/s where M is the number of PLM sessions. All the sessions
start randomly ir5, 10] seconds. We do a measurement from 20 s to¢ = 100 s. For this
experiment we vary the value of (1 and 5 seconds), the value of the Brst 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 plogs ferl,

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 packeis;.

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 experinaset Event
in Fig. C.8(a)) and the total number of events to change lay#ange evenin Fig. C.8(a)).

For instance, if a receiver is at layer 2 and at tinme infers enough available bandwidth to join
layer 5, we say that dtthere 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,Top;.

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 chedk value
significantly reduces the number of losses (see Fig. C.9(b)) and the number of oscillations (see
Fig. C.9(a)). In areal 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,.
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Figure C.10: PLM layer subscription and losses, Burst of 4 pacKejs.,.

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 ¥glaed 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 topolog¥op, considers a mix of PLM sessions and TCP flows. We
considerM PLM andk = M TCP sessions. The bandwidth of liGK;, N;) is 100 (M + k)

Kbit/s and the delay is 20 ms. The links,, Ny), and (N, Ry) have a bandwidth of 10
Mbit/s and a delay of 5 ms. We start the TCP flows random[.ih0] s and the PLM sessions
randomly in[20, 25] s. We do the measurement between 30 s and: = 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 value§' (= 1, 5), burst sizes (2, 3, and 4 packets), and bandwidth
granularities (20 Kbit/s and 50 Kbit/s). We plot the resultsdo& 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 with = 1 and can be significantly reduced with
C' = 5. We have few oscillations, and these oscillations leaatéossfor 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.
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the packet size of the flows is diffe?entjf 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
(seeP P, for flow F3). If we are not in the case of small packets, the PP can never overestimate
the available bandwidth.

inferred by P P5 of I} is t1300 = erfiﬁer = 20 <« B |n this simple example, when
B

However, there are ways to avoid this problem. First, itis 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 topologyTop,, the links(Sxs, N1), (Su, N1), (N2, Rar), and( Ny, Ryy) have a bandwidth
of 10 Mbit/s and a delay of 5 ms. The lifikV;, V) has a bandwidth of00 Kbit/s and a delay
of 20 ms. We consider 20 Kbit/s layers. We hale = 1 PLM session, and = 1 CBR
flow. We start the PLM session at= 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=at( s a
CBR flow with packets of 50 Bytes. At= 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 siz&pp, .

has a different packet size. We use topoldby,, the links(Sxs, N1), (Su, N1), (N2, Rar),
and(N,, Ryy) have a bandwidth of 10 Mbit/s and a delay of 5 ms. We consider 20 Kbit/s layers.
We haveM = 1 PLM session, anél = 1,20 TCP flows. The link N, N;) has a bandwidth of

100 * (k + M) Kbit/s and a delay of 20 ms. We start the PLM sessioh-at5 s and randomly

start the TCP flow(s) ifi0, 5] s. The PLM packet size is 500 Bytes, the TCP packet size is 1000
Bytes. Fig. C.15(a) shows the plot for= 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, itis 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.16: Simulation topologYop; 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{%;et = 1,...,40}
be the set of web servers af&,,: = 1,...,420} be the set of web clients. Client and server
communicate with a ns version of HTTP 1.0 and of TCP Reno. Netbe 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 detalils).

Topology Top; has 4 bottlenecks, the link$V;, Ns), (N3, Ns), (N4, N5), and(Ns, Ng). 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 nodg, and a PLM receiver at nodg,,,. The bottleneck
link for the PLM flow is the link( N5, Ng). If we do not specify, the bottleneck link always
refers to the PLM bottleneck link. For all the simulations we start the PLM sessibg-&t0
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 withs = 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 (€ {0.2,0.5,1,5}), 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:Ngs = 100, C' = 1, 1000 bytes PLM packet size, exponential layers.

to send (the TCP source is at natlg and the TCP receiver at nodg,). We call this TCP
flow the benchmark TCP flow, or TGPFor 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 TGRand PLM) is 3 Mbit/s.
Fig. C.17 shows the results of a simulation with a lightly loaded background traffic{
100). The PLM check value i8' = 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 at 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 valug’ = 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 lower3thar?.

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 receivers .., R, we observed that PLM
could achieve for each receivBr a throughputz/"2M that is higher than the throughpgf “”
obtained by a single unicast TCP connection betwgeand that receiver?;. This was not
case for any previously proposed multicast congestion control protocol MCC where there was
always, for at least one receivét;, BM““ < BI“P. 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 vakse
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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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 scenafipo-£ 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-fairrfess
RobustnessPLM robustness is guaranteed by the FS network.

Scalability PLM s 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 mechanisrim 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 véaluée 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-friendlyeceiver-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 thettleneckbandwidth. The bottleneck bandwidth
gives at most an upper bound for theailablebandwidth. 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.
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Bandwidth Allocation Policies for Unicast
and Multicast Flows

Abstract

Using multicast delivery to multipleeceivers reduces the aggregate bandwidth required
from the network compared to using unicast delivery to each receiver. Howeltgastis
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, calledLog R D, 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.kdge? D 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 thieéléoeck 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 establishiiesegthat 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 onlgigle 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. GRegceivers, thenulticast 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 fheeceivers 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 is

R o—1

logo(B) - 57—+ —

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 té tneighst 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 nuilbérunicast
sources, a given number of multicast sources, a different numh&f of receivers per mul-
ticast source, and a different bandwidthfor 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 flsythrough an outgoing link. i) Knowl-
edge in every network node about the number of receikéfs, [) for flow S, reached via an
outgoing link{. 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{ has a link bandwidti’;. We compare three different strategies for allocating
the link bandwidth; to the flows flowing across link Letn; be the number of flows over a
link [. Each of the flows originates at a sourge: € {1,...,n;}. We say that a receiveris
downstreamof link [ if the data sent from the source to receivas transmitted across link
[. Then, for a flow originating at sourc€, R(S;,!) denotes th@umber of receivers that are
downstream of link /. For an allocation policy, B,(5;,!) denotes the bandwidth shared of
link [ allocated to the receivers 6f that are downstream of

The three bandwidth allocation strategies for the bandwidth of a singlé &rdk

¢ Receiver Independent (RI): Bandwidth is allocated in equal shares among all flows
through a link — independent of the number of receivers downstream. At &, ledch
flow is allocated the share:

1
Bprr(Si, 1) = n_zcl

The motivation for this strategy is: the/ 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.

e Linear Receiver Dependent (LinRD): The share of bandwidth of linkallocated to a
particular flow.S; depends linearly on the number of receivé(ss;, () that are down-
stream of link: R(S:.1)

Bringp(Si, 1) = ——"2
L RD( ) 2/21 R(S]‘,l) [
The motivation for this strategy is: giveireceivers forS; downstream of link, the ab-
sence of multicast forces the separate delivery to each of #hoseeivers via a separate
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unicast flow. For a multicast flow, we allocate a share that corresponds to the aggregate
bandwidth of? separate unicast flows.

e Logarithmic Receiver Dependent (LogRD):The share of bandwidth of linkallocated
to a particular streami; depends logarithmically on the number of receivi(s;, /) that
are downstream of link

1+1In R(SZ, l)

>ji(L+1In R(5;,1))

Blrogrp (Si, 1) = C

The motivation for this strategy is: multicast receivers are rewarded with the multicast
gain from the network. The bandwidth of lidlallocated to a particular flow is, just like
the multicast gain, logarithmic in the number of receivers that are downstream éf link

Our three strategies are representativesla$sesof strategies. We do not claim that the
strategies we pick are the best representatives of each class. Itis 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 dfittear Receiver
Dependenpolicy. We have two multicast flows originating &f and .S, with three receivers
each (see Fig. D.1).

For link 1, the available bandwidth, is allocated as follows: Sinc&(S;,1) = 3 and
R(S3,1) = 3, we getBrirp(S1,1) = Brinrp(Sa2,1) = 375C1 = 0.5C,. For link 4, we have
R(S1,4) = 2 andR(Ss2,4) = 1. Therefore we geB;,rp(51,4) = %(14 and Bri,rp(52,4) =
+C4. Given these bandwidth allocations, the bandwidth seen by a particular recésvéte
bandwidth of the bottleneck link on the path from the source t6or example, the bandwidth
seen by receiveR? is min(1C, 2C4, 2C5).

The way we allocate bandwidth could lead to scenarios where bandwidth needs to be reallo-
cated, we call this thbandwidth reallocation problemmagine three flow$’, F,, andF; with
only one receiver each. The flow$ and F; share a link. of bandwidthC', and flowsF, and F3
share a Ilnldc of bandwidthS.. With any of the three poI|C|es the bandwidth allocated on link
lois = O for Fl and F;, and the bandwidth allocated on Inilk is & Y for I, and F5. Therefore [,
cannot use its allocated bandwm@hon link [. However, as we consider static scenarios with
constant bit rate flows, the bandwidth that is not usedpgannot be reallocated ;. This
is thebandwidth reallocation problemrhis problem could adversely impact the results of the

3We assume shortest path routing in the case of unicast and multicast.
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e
IR E E T T r TSI R Vo) .
S, 3/6=1/2C
 Node
— Redl link
— How$§
Flow S,

S; Sourcei
R receiverj of sourcei
G, Capacity of link k

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 megsceiver satisfactionhowever, not at the detriment &dir-
ness In order to evaluateeceiver satisfactiomndfairness 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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measuregeceiver satisfactionas the bandwidth an average receiver &dest r be a receiver of
asources and let(/4, (3, ..., [;) be the path of. links from the source to, then, the bandwidth
seen by the receiveris:

B, = ,_nlqinL{Bp(S, Ly p€{RI,LinRD, LogRD?}

veey

With the total number of receivers of all sources we define theean bandwidth B, as:
_ 1B
By =+ 2 B, p € {RI, LinRD, LogRD} (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 fa€towhereR is the
number of receivers antl < o < 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 polickdg R D) 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.

1 &

o= \l 17 > (B, — Bryz p €{RI, LinRD, LogRD} (D.2)
r=1

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 amd> 0.

Optimality

The question now is how to optimize batceiver satisfactiomndfairness For the strategy

p and the scenaris, leto(p, s) be the function that defines our fairness criteria &g, s) be

the function that defines our receiver satisfaction. An accurate definitiemsofs + p defines

the full knowledge of all parameters that have an influence on receiver satisfaction and fairness.
Sos defines all the parameters without the strategwe define

Omaz($) = n%in o(p,s)

and

Biaz(s) = max B(p, s)
P

We want to find a functionf’(s) such asv s: o(F(s),s) = Gpmas(s) and¥ s: B(F(s),s) =
B,.-(s). If such a functionF'(s) exists for alls, it means that there exists a pair(s), s)

that defines for alk an optimal point for botheceiver satisfactiomndfairness Feldman [26]
shows thatreceiver satisfactioris inconsistent withfairness, which means it is impossible

to find such a functior¥'(s) that defines an optimal point for bothceiver satisfactiorand
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 bothB ando.

Therefore, we evaluate the allocation policies with respect to the tradeoff betawsver
satisfactionandfairness Of course, we can define criteria that can apply in our scenarios, for
instance, strategyt is better than strategy if 7+ < L, andg—g > I, wherelL is the maximum
loss offairnessaccepted for strategyt and/; is the minimum increase oéceiver satisfaction
for strategyA. But, the choice of.; and/, 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 betweeceiver satisfactiorand 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 thébandwidth costas the sum of all the bandwidths consumed on all the links
of the tree. We define thienk cost as the sum of all the links used on the tree; we count the
same linkn times when the same data are sertimes on this link. LetC; be the unicast
bandwidth/link cost from the sender to all of the receivers@gdhe 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.Let
andCy; be the link cost for unicast and multicast, respectively. We define the multicast gain as
the ratiog—;. 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 capéacityet C;; andCy; be
the bandwidth cost for unicast and multicast, respectively. Unfortunately, for the bandwidth-
limited case, the multicast gain defined%ﬂ? 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 satisidétien
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global cost
global satisfaction

Now, we define the multicast gain @% whereG By and(' By, 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 LANSs, 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.

that tells us how much bandwidth we invest to get a unit of satisfaction.

D.3.2 Insights on the Global Impact of a Local Bandwidth Allocation Pol-

icy
In section D.2.2, we suggest thiegRD 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 thé:n R D policy and not thd.og R D policy as expected. If we reward
multicast with its real gain using th&in RD policy, we will give to multicast the bandwidth
that corresponds to the aggregate bandwidtlk aleparate 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 usétidgparate 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 thé:n RD is a very aggressive policy for unicast flows
while the Log RD 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 whekaunicast flows need to share the link bandwidtlwith a single
multicast flow withm downstream receivers, see Fig. D.2.
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SU : Unicast source
Ry : Unicast receiver
Sy Multicast source
R M : Multicast receiver

Figure D.2: One multicast flow andunicast flows over a single link.

With the R strategy, the bandwidth share of a Iinl;;ﬂ:sfc for both a unicast and a multicast
flow. The Lin RD strategy gives a share efl—C to each unicast flow and a share ¢4 C
to the multicast flow. The.og RD strategy results in a bandwidth giTC for a unicast
flow and%(] for the multicast flow.

The mean receiver bandwidths over all receivers (unicast and multicast) for the three policies

are:

B _ 1 o C
Bk dm = k+1 k+1
_ 1 k C o m(C k+ m?
Brin = —
LinRD k—l—m(;m—l—k—l_zm—l—k) (k 4+ m)?
k

5 B 1 S C i (I+Inm) \  k+m(l+1nm)
Pt e m \Sk+ (U +lam) | Sk+(+lam))  (k+m)(k+1+m)

=1 =1

By comparing the equations for any number of multicast receivers, 1, and any number
of unicast flows: > 1 we obtain:

BLz’nRD > BLogRD > BRI (D.3)

The receiver-dependent bandwidth allocation stratedieésfzD and Log RD, outperform
the receiver-independent strategy 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 normalizdgpyin which case
the values depicted express the bandwidth gain of any policy@ver

Fig. D.3(a) shows the mean bandwidth far= 60 multicast receivers and an increasing
number of unicastg = 1,---,200. The receiver-dependent policiésn kD and LogRD
show an increase in the mean bandwidth when the number of unicasts is small compared to
the number of multicast receivers. The increase with theRD policy is less significant
than the increase with thien R D policy since thel.og RD policy gives less bandwidth to the
multicast flow than thd..n RD 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 bin KD and LogRD 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 increasimng- 1, - - -, 200 and becomes much higher than
the number of unicasts: (= 60). Fig. D.3(b) shows that the mean bandwidth for. RD and
LogRD is increasing to multiples of the bandwidth 67 .

We saw that the receiver-dependent policies significantly reward multicast receivers and
that theL:n RD policy is better than théog R D 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:

O'R[:O
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Figure D.4: Standard deviation for the Star topology. Increasing thessizel, ..., 200 of the
multicast group% = 60 unicasts.

k-m
. _ 1
oLnrp = Olm V(mm):’v(mm—m
B C-lnm k-m
TLogRD = E+1+Inm\ (E+m)(k+m—1)

By comparing the equations for any number of multicast receivers, 1, and any number
of unicast flows: > 1 we obtain:

OLinRD > OLogRD > ORI (D.4)

While the Lin RD 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 £ = 60 unicast flows and an increasing multicast group= 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 far the
strategy. For thd..n RD strategy a multicast receiver receivastimes more bandwidth than
a unicast receiver and for theog RD strategy a multicast receiver recei@s+ Inm) times
more bandwidth than a unicast receiver. The standard deviation for all the receivers is slightly
increased with théog R D policy compared to th&/ policy, and is more significantly increased
with the Lin RD policy compared to thé/ policy (see Fig. D.4).

The high bandwidth gains of thein RD strategy result in a high unfairness for the unicast
receivers. ForL.ogRD, the repartitioning of the link bandwidth between unicast and multicast
receivers is less unequal than in the casd.ofRD. 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 stratdgie8 /) makes the best tradeoff
between receiver satisfaction and fairness.
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SU : Unicast source
R : Unicast receiver
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Figure D.5: One multicast flow andunicast 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, wheneast
flows need to share the bandwidth with a single multicast flow leadingreceivers. 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, theR! strategy allocates i§C' for both the unicast flow and the multicast
flow. The LinRD strategy results in a share %{HC for the unicast flow ang2-C" for the
multicast flow. ThelLogRD strategy results in a share ?LleC for the unicast flow and a
share oflrn™ ¢ for the multicast flow.

2+Inm
The mean receiver bandwidth for the three cases is:

_ 1 Mmoo

By = —— S =2

R k+m;2 2
_ 1 k C " o k+ m?
Bin = =
LinRD k—l—m(;m—l—l ;m—l—l) (k+m)(m+1)
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_ 1 (k C mC(l—l—lnm)) k+m+m-Inm
Brogrp =

k+m Z;Z—I—lnm—l_; 24+ 1nm _(k—l—m)(Z—l—lnm)

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 receiverg, = m, then all policies result in the same average receiver

bandwidth ofC'/2. For all other cases, with > 1 andm > 1 we have:

Brr > BLogRD > BrinrD ; k>m
Brinrp > BLogRD > Brr kE<m (D.5)

The receiver-dependent policiésn KD and LogRD perform better than th&/ 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 polici bver

Fig. D.6(a) shows the mean bandwidth far= 30 multicast receivers and an increasing
number of unicast sessiorts = 1,...,200. As the number of unicasts increases, receiver-
dependent policies become worse thiah policy. Fig. D.6(b) shows the mean bandwidth
for £ = 30 unicast receivers and an increasing number of multicast receivers. The receiver-
dependent policies perform worse than #e 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 size= 30, the three policies lead
to the same mean bandwidth, for the multicast groupssize 50, the Lin RD policy yields to
more than 20% gain over th/ policy and theLogRD policy yields to more than 15% gain
over theR! 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:

opr = 0
C(m—1) k-m
R | Wmm)(mm—l)
C-Inm [k-m
TLogRD = 2—|—hﬁm¢k—|—mk—l_m_1

By comparing the equations for any number of multicast receivers, 1, and any number
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Figure D.6: Normalized mean bandwidth for the Chain topology.

of unicast flows: > 1 we obtain:

OLinRD > OLogRD > ORI

(D.6)
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Figure D.7: Standard deviation for the Chain topology as a function of thersaethe multi-

cast group fok = 30 unicasts.

The Lin RD policy, as for the star topology, has to the worst fairness. Fig. D.7 shows the

standard deviation fot = 30 unicast flows and an increasing multicast group= 1, ..., 200,
For R, unicast receivers and multicast receivers obtain the same shafeé;#®D a multicast
receiver receives: times more bandwidth than a unicast receiver andifar? D a multicast

receiver receive$l + Inm) times more bandwidth than a unicast receiver. As the multicast

session size: increases, the unicast flows get less bandwidth undér:ithg D and thelL.og RD
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strategy, while the?/ strategy gives the same bandwidth to unicast and multicast receivers. The
LinRD policy leads to a worse fairness than the; R D policy, however, the gap between the
two policies is smaller that with th8tartopology (compare Fig. D.7 and Fig. D.4).

We conclude that among the three strategies/ihgi D strategy achieves for large group
sizes the best compromise between receiver satisfaction and fairness. HoweverCloaitine
topology the superiority of théog R D policy is not as obvious as for ti&tartopology.

This simple analytical study allowed to identify some principal trends in the allocation be-
havior of the three strategies studied. TheyRD 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 useers  [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 witlers  and the used parameters the reader is referred to
Appendix D.9.

D.4.1 Unicast Flows Only

Ouir first simulation aims to determine the right number of unicast flows to define a meaningful
unicast environment. We start with our random topol&Jyand 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 plét% 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, unicast flows on that link obtain a bandwidth %f
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; = [50, ..., 4000].

the random locations of the unicast hosts have a great impact on the bandwidth allocated. The
number of LANSs 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.

e 2000 unicast sources and 2000 unicast receivers are chosen at random locations among
the hosts.

¢ One multicast source ard- - -, 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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e 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 bgrs is used.

e 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.

e Ateach 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 strategiesk/, LinRD, andLogRD.

¢ In order to determine the bandwidth seen by a receiyéhe minimum bandwidth al-
located to a flow on all the links along the path from source to receiver is taken as the
bandwidth) seen by- for strategyp (see section D.2.3).

The result of the simulation gives the mean bandwigftior 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 sizesn( = [1,...,100]), then large groups sizesn( =
[100, ...,3000]), and finally evaluate the asymptotic behavior of our policies (=
[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 size 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 sizen = [1, ..., 6000], & = 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 size= [1, ..., 6000], £ = 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 the Lin RD policy, while the decrease of bandwidth is negligible for the;RD policy

(Fig. D.10(a)) even in the asymptotic case. In conclusion,/iheR D 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 size= [1, ..., 6000], & = 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)). Faim RD and LogRD, o 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
the Lin RD policy decreases faster than for they R D 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 oveuriloastre-
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 fon the
policy, whereas the minimum bandwidth for ttheq R policy remains close to the one for
the RI policy even in the asymptotic part of the curve. We can point out another interesting
result: the minimum bandwidth for thB/ policy stays constant even for very large group
sizes; theL:n RD 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 multicagteatly improves the worst case bandwidth allocativve
see in Fig. D.12(b) that the minimum bandwidth increasesmolticastreceivers with the size
of the multicast group for the receiver-dependent policies. In conclusion,:thD policy
leads to important degradation of the fairness when the multicast group size increases, whereas
the Log RD policy always remains close to th&l policy.

For the R 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 &fitpelicy (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 groupisizd 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 receivéfs= [10, ..., 50] groups), and the third

part indicates the asymptotic behavior of our policiés € [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)).
The LogRD 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 the:RD strategy gives worse results than thegRD and theR/[
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 ithg? D policy over theR[
policy first slightly increases as the number of multicast groups increases {rtil10), and
then decreases with the number of multicast groups. oK 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 curvesX/ > 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 sessiohs; 2000 , M = [2, ..., 100}, m = 100.

Mean bandwidth with confidence interval (95%)

Mean bandwidth with confidence interval (95%)
2 \ 2 .
— RI
RI LinRD
LinRD --- LogRD
1.5 - LogRD 1 1.5 1
I I I
5 T | e
% 1 % 1 R L |
c c Sy 1
] © RN
o) o) >

10 10 10" 10°
number of multicast groups number of multicast groups

(a) Unicast receivers. (b) Multicast receivers.

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

terval (95%) for an increasing number of multicast sessiéns; 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 thdith& D policy gives

roughly the same bandwidth than tRé policy for unicast receivers whereas th&: R D 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 sessiéns, 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 segsioR8()0
, M =[2,...,100], m = 100.

policies significantly reward the multicast receivers compared td:thpolicy. 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 with. 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.
The Lin RD policy gives very little bandwidth to unicast receivers, wheread.ihg? D policy
allocates roughly the same minimum bandwidth than Atiepolicy. Fig. D.16(b) shows the
minimum bandwidth for multicast receivers is slightly better for the receiver-dependent policy
than for R/ 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), butihyg? D 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. Itis 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 they R D policy in a real network without
starving unicast flows. In section D.4, we show that even in asymptotic casésdReé 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 theg R D policy that allocates to the multicast flows never more
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than K’ 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 withop& D 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 toitheR D 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 depldydhg D 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
WAN:Ss that use thd.og RD policy compared to théi/ 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 tlag £ D 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 fsog RD if

all the routers use theog R D policy. The simulation consists in varying the number.of R D

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 are/). 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 2520Kbit/s around the

mean bandwidth.

The main behavior we see in Fig. D.17 is th&erdependencyf the parameters perLAN,
perMAN, and perWAN on the mean bandwidth for the multicast receivers. An isolated de-
ployment of theL.og RD in just the LANs, MANs, or WANs does not allow to achieve a mean
bandwidth close to the mean bandwidth obtained when the whole netwbuok i8D. For in-
stance, the perMAN parameter does not have a significant influence on the mean bandwidth
whenper LAN = 0. However, whemper LAN = 100 andperW AN = 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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Mean bandwidth for multicast receivers Mean bandwidth for multicast receivers

bandwidth

MAN (%) 00 LAN (%) MAN (%) 00 LAN (%)

(a) 100% ofR ! links in the WAN (b) 100% ofLog R D links in the WAN

Figure D.17: Influence on the mean bandwidth (Mbit/s) for the multicast receivers for an hier-
archical incremental deployment of theg R D policy, £ = 2000, M = 20, m = 50.

In conclusion, to reap the full benefit of theyg RD policy, a coordinated deployment is
necessary. However, as the lack of links using the R D 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 thabgieD
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
LANSs. 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. They R D policy provides the best tradeoff between
the receiver satisfaction and the fairness among receivers. Indeetlhdld) policy always
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leads to higher receiver satisfaction than thepolicy for roughly the same fairness, whereas
the Lin RD policy leads to higher receiver satisfaction than tle £ D 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 calledLog RD that gives a real incentive to use multicast. Also, /g D 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 théog R D 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 heiglit. We assume the sender to be at the root, so there are
R = o" receivers otV = o" LANs with Ry receivers on each LANK = Ry - N). We define
thebandwidth cost as the sum of all the bandwidths consumed on all the links of the tree. We
define thdink cost as the sum of all the links used on the tree, we coutiines the same link
when the same data are sentimes on this link. Let”;; be the unicast bandwidth/link cost
from the sender to all of the receivers arigl 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 bandwidthCrLeand('y; be the link cost
for unicast and multicast, respectively.
If we consider one receiver on each leaf of the tree we have:

CUzoh—l—oh_l-o—l—---—l—ol-oh_l:h-oh:h-R:R-logo(R) (D.7)

h h+1
. [ — 0 [
=1

R—1)
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We define the multicast gain as the ratio:

Cy R o—1

Y~ log,(R)——— .
Cum Og(R)R—l )

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'ZOQO(N)

Oh—l—1 — 0 o

h
Cu =0 = = (N -1)
=1

o—1 o—1
We define the multicast gain as the ratio:

Cur o—1 1
U Ry - log,(N
CM 0 N 1 Og( )

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 capacity. Let Cy andC'y; be the bandwidth cost for unicast and
multicast, respectively.
If we consider one receiver on each leaf of the tree we have:

C
Cv = 0-CHo*—+0" =
0

h
Cy = CYo=Cc.Z—"2=cC.

The multicast gain is:

This means that there is a multicast gain smaller than 1 for large R. But, of course, Iin
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 gairmakes 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 employGB = global cost To compute the global satisfaction, we add the

_ — global satisfaction "~ ) _ _
satisfaction over all receivers. Let the global satisfactiofbéor unicast and’,; for multicast.

Su = R-C-Ohl_l:R-C-O%:R-C-%:C-o
Suy = R-C
ThenGB = glog;cl)ts)gltlg?asétloﬁS:
apg= G 2 C0lonl®)
G T

Now the new multicast gain is:

GBU o—1 R
GBuy o R—1 +log, (1)

The gain depends logarithmically on the number of receivers.
If we consider one LAN on each leaf of the multicast tree we have:

C C C
Cv = 0-C+02-—+03-—2—|—---—|—0h- — = C-0-log,(N)
0 0 0
hoo ot —o 0
= Z: . = . N—l
Cum CZZ:;O C o C 0_1( )
The multicast gain is:
Cuy log, (V)

— —(o—-1
oy TN
Once again the multicast gain smaller than 1 for lakgelhe global satisfaction is:

1
Sy = R-C-mzc'o
Sy = R-C
___globalcost ..
ThenG'5 = gishar satistactior®
GBy = @ = logo(N)
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CM_N—I 0

GBy = = .
M Sy By-N o-—1

Now the new multicast gain is:

GBU o—1 RNN
= . log,(N
GBy ~ o N1 lowN)

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
LANSs 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 i’y = & - R (see Eg. D.7). Now we consider the multicast link cost for
the RI, the LinRD, andLogRD policies. For instance when there are 2 receivers downstream
of link [, the Lin RD policy allocates the equivalent of 2 units of bandwidth and theR D
policy allocates the equivalent oft In(2) units of bandwidth compared to ti#& policy which
allocates 1 unit of bandwidth.

The multicast link cost for thé/ policy is:

RI A 0
= Z: —1
C ;0 0_1(R )

The multicast link cost for thé.:n kD policy is:

C]{} RD:0_3+02,0_2_|_..._|_0h.0—h:h-R—CU
The multicast link cost for théog R D policy is:
R & R
O LosRD _ .u+mﬁﬂw?u+mgﬂ~m+ 1+m——=2d1+m—
Ie} [¢] =1

We havel + InZ < Z andl +InZ < £ for £ £ 1. So forh > 1 ando > 1 we have
CLogRD < CLmRD

In conclusion we see that the policy that rewards multicast with its gain iithg D policy
and not thel.og RD 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 withiers  v1.1 using the command line parametéess 1 20 9 5
2131111. AWAN consists of 5 nodes and 6 links and connects 20 MANSs, each
consisting of 2 nodes and 2 links. To each MAN, 9 LANs are connected. Therefore, the core
topology consists df + 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 topolodT

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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Resuneg

Une des clefs de I'aglioration de la qualé’de service pour legeseauxbest effortest le contole de
congestion. Dans cettedbe, on &fudié le probeme du contrfe de congestion pour la transmission
multipoint dans lese$eauxbest effort Cette tlese pesente quatre contributions majeures. On a com-
men& paretudier deux protocoles de coolie"de congestion multipoints RLM et RLC. On a idemtifi”
des comportements pathologiques pour chaque protocole. Ceux-ci semextent difficiles corriger
dans le contexte actuel de l'internet, c'@stlire en respectant le paradigi€P-friendly On a alors
réflechi au proldime du conule de congestion dans le contexte plesdyal des eseauxbest effort

Ceci nous a condud redfinir la notion de congestiongfinir les proprétés requises par un protocole
de contole de congestion il et a@finir un nouveau paradigme pour la conception de protocoles de
contidle de congestion presquesilix. On a introdui cet effet le paradignieair Schedule(FS). L'ap-
proche que l'on a utilisé pour @finir ce nouveau paradigme est purement formelle. Pour valider cette
approche thoérique, on a cary grace au paradigme FS un nouveau protocole de olendi€ congestion
multipointa couches cumulatives et orien€cepteur: PLM, qui est capable de suivredgslitions de

la bande passante disponible sans aucune perte ind@teerdans un environnement autosimilaire et
multifractal. PLM surpasse RLM et RLC et valide le paradigme FS. Comme ce paradigme permet de
concevoir des protocoles de caslr le congestion multipoints et poimpoint, on a dfini une nouvelle
politique d’allocation de la bande passante entre flux multipoints et flux pgdatint. Cette politique,
appe€e Log RD, permet d’ameliorer consiérablement la satisfaction des utilisateurs multipoints sans
nuire aux utilisateurs poirat 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 callegl? D allows to increase

the multicast receiver satisfaction without significantly decreasing the unicast receiver satisfaction.



