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t. We propose an improvement of our RLS (Re
eiver-drivenLayered multi
ast with Syn
hronization points) proto
ol, 
alled CIFLfor \Coding-Independent Fair Layered mulati
ast", along two axes. InCIFL, ea
h re
eiver of a layered multi
ast transmission will try and �ndthe adequate number of layers to subs
ribe to, so that the asso
iatedthroughput is fair towards TCP and stable in steady-state. The �rstimprovement is that CIFL is not spe
i�
 to any 
oding s
heme. It 
anwork as well with an exponentially distributed set of layers (where thethroughput of ea
h layer i equals the sum of the throughputs of all layersbelow i), or with layers of equal throughputs, or any other s
heme. These
ond improvement is the ex
ellent stability of the proto
ol whi
h avoidsuseless join attempts by learning from its unsu

essful previous attemptsin the same (or better) network 
onditions. Moreover, the proto
ol triesand rea
hes its ideal TCP-friendly as soon as possible by 
omputingits target throughput in a 
lever way when an in
ipient 
ongestion is
on�rmed.1 Introdu
tionContrary to the 
urrent 
ompression standards (e.g. JPEG, MPEG-x,H.26x), wavelet-based 
ompression te
hniques (e.g. JPEG 2000) allowfor 
exible and highly s
alable (in resolution, time and quality) formats.Although inter-frame wavelet video 
oding is still an open resear
h area,it will enable very s
alable video transmission where the data stream
an be split into several hierar
hi
al layers whose bit 
ontents (and thusthroughputs) 
an be de�ned in a very 
exible manner. Therefore, webelieve that any 
ongestion 
ontrol proto
ol dedi
ated to video trans-mission to an heterogenous set of re
eivers should be independent fromthe relative and absolute throughputs of ea
h layer. It should behave aswell with an exponentially distributed set of layers (where the through-put of ea
h layer i equals the sum of the throughputs of all layers belowi), or with layers of equal throughputs, or any other s
heme.A multi
ast 
ongestion 
ontrol proto
ol has to allow all re
eivers to rea
htheir optimal level as qui
kly as possible. By optimal, we mean a fair
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share of the available bandwidth. We 
onsider intra-session fairness (i.e.among re
eivers of the same session) and inter-session fairness (i.e. to-wards other sessions of the proto
ol or towards TCP 
onne
tions).A re
eiver-driven layered multi
ast (RLM) approa
h to solve the hetero-geneity problem was �rst proposed by M

anne in [8℄. In RLM, everylayer represents an IP multi
ast group and subs
ription to a layer im-plies subs
ription to all the lower layers. The re
eiver adds and dropslayers a

ording to the network state. This re
eiver-driven approa
h isprobably the most elegant way to solve the multi
ast problem. It waslater used in RLC [13℄, MLDA [12℄ and PLM [4℄. The main 
on
ern ofRLM was the intra-session fairness. To a
hieve it, a 
oordination me
h-anism between re
eivers has been designed. RLM was not designed tobe TCP-friendly (i.e. fair towards TCP), nor to guarantee inter-sessionfairness. RLC was designed to be fair towards TCP 
onne
tions whoseround trip time (RTT) was 
lose to one se
ond, but not in general. RLCand MLDA support some form of inter-session fairness, in the sense thattwo 
ompeting RLC ( MLDA) sessions will get the same number of layersin steady-state, whi
h means that both sessions get the same throughputonly in 
ases where the two sessions have partitioned their layers so thatthey have the same throughputs in all layers. This 
annot be the 
ase ingeneral.In an earlier work, we have proposed a proto
ol, 
alled RLS [3℄, thatprovides intra-session and inter-session fairness guarantees. For example,for a large range of RTTs, the ratio of throughputs between RLS andTCP remains in the interval [ 13 , 3℄, whi
h is ex
ellent 
ompared to RLMand RLC. However, we noted that RLS, though stable, still performedtoo many unsu

essful join experiments. Moreover, RLS was designed towork with exponentially distributed layers only. In this paper, we proposea better proto
ol, 
alled CIFL, whi
h improves RLS along the followinglines:{ We make no hypothesis on the throughputs of the layers, they 
anhave any value.{ The re
eivers rea
h the optimal level qui
kly.{ The stability is better, be
ause the re
eivers learn from their pastfailures to join some layers under some 
onditions. This makes there
eived throughput very smooth, and improves fairness too.The paper is organized as follows. We �rst remind some basi
 
on
eptsin se
tion 2. We explain the prin
iples of CIFL in se
tion 3, and showits simulated performan
e results in se
tion 4.2 Basi
 
on
epts2.1 TCP-FriendlyTCP is the most widespread traÆ
 in the internet and any new 
onges-tion 
ontrolled proto
ol has to be designed to be TCP-friendly, whi
hmeans that it gets an average share of the bandwidth (approximately)equal to the average share TCP would get in the same 
onditions. AsTCP is uni
ast and we are 
onsidering multi
ast proto
ols, the de�nitionshould be re�ned as follows. A multi
ast proto
ol is TCP-friendly if ea
hre
eiver gets an average share of the bandwidth equal to the average



CIFL 3share a TCP 
onne
tion, between that sour
e and that re
eiver, wouldget.In Best-e�ort networks, there is no reason to favour video transmissionover TCP given the importan
e of the latter. In Integrated Servi
es net-works where re
eivers 
an reserve some (minimum) bandwidth for thevideo stream, one 
ould let re
eivers get more bandwidth provided thatthis extra share is fairly allo
ated. In Di�erentiated Servi
es networkswhere video stream 
an be aggregated with others and may, not be inthe same 
lass as TCP 
ows, inter-sessions fairness will be a
hieved if allvideo 
ows adopt the same de�nition of fairness (and TCP-friendlinessmay be a good 
andidate for that). So in all 
ases, TCP friendlinessseems a good requirement to ful�ll.The throughput of TCP (in bps) in steady-state, when the loss ratio isbelow 16%, is roughly given by the following formula [6℄:Bt
p � C:sppRTT with C =r32 = 1; 22 (1)where s is the pa
ket size (in bits), RTT is the mean round trip time (inse
) and p the pa
ket loss ratio. A more pre
ise formula that takes TCPtimers into a

ount 
an be found in [9℄.The TCP 
y
le is the average delay between two pa
ket losses in steady-state. So we have one pa
ket loss per 
y
le, whi
h 
an be formulatedas: p = sBt
p:Cy
le ; (2)where s is the pa
ket size in bits and Cy
le the duration of the TCP
y
le as des
ribed above. From (1) and (2), we derive:Cy
le = Bt
p:RTT 2C2s (3)2.2 Coordination of re
eiversIt was pointed out in [8℄, that a multi
ast 
ongestion 
ontrol proto
ol
annot be e�e
tive if the subset of re
eivers behind the same router a
twithout 
oordination. Indeed, if a re
eiver 
reates 
ongestion on a linkby requesting a new layer, another re
eiver (re
eiving less layers) mightinterpret its resulting losses as a 
onsequen
e of its (too high) level ofsubs
ription and may end up dropping its highest layer unne
essarily(be
ause this layer will 
ontinue to be re
eived by other re
eivers). So
oordination is ne
essary, RLM has proposed to use announ
ement mes-sages, and RLC to use syn
hronization points (SPs). SPs are spe
ialpa
kets in the data stream. Re
eivers 
an only join a new layer just afterre
eiving an SP. In RLC, ea
h layer has its own SPs, and the re
eiver
an only join layer i + 1, when it re
eives an SP in layer i. [10℄ showsthat the presen
e of SPs leads to a low redundan
y and gives better fair-ness. That is the reason why RLS and CIFL build their 
oordination ofre
eivers on the existen
e of SPs. The SPs will also 
ontain informationabout the number of layers and their respe
tive throughputs.
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3 The CIFL proto
olOur goal is to 
reate a layered multi
ast 
ongestion 
ontrol proto
olwhi
h is:1. TCP-friendly.2. Stable: as few unsu

essful join experiments as possible.3. Generi
: independent from the throughput of ea
h layer. To a
hievethat CIFL will estimate the ideal throughput, and will join, or leave,one or several layers at on
e to rea
h a throughput whi
h is 
lose tothe 
omputed target, based on estimations of the RTT and the lossratio.4. Careful before adding layers at SPs, but qui
k at removing layerswhen an in
ipient 
ongestion is 
on�rmed. This is to be 
omparedwith the Additive In
rease Multipli
ative De
rease (AIMD) s
hemeof TCP.3.1 Estimation of the Round Trip TimeEa
h re
eiver has to estimate its RTT to the sour
e. The 
lassi
al s
hemeis to ping the sender from time to time, e.g. ea
h time the re
eiver joins orleave a layer, or more frequently. However, for large sessions, the sender
an be 
ooded by ping requests. If routers are a
tive, a solution based on[1℄ 
an be used, but we are looking for a solution that does not involverouters. If the sender knows the number r of re
eivers and the numberp of ping requests it 
an pro
ess between two SPs, it 
an provide thesenumbers in the SPs.Knowing these values, re
eivers 
an ping the sender with probability pr .We do not require that ping requests be immediately followed by a pingresponse from the sender. To a
hieve that, we implement a s
heme similarto RTCP [11℄. Suppose a re
eiver sends a ping request at time Rs whi
his re
eived by the sender at time Sr. The sender stamps the ping requestat its arrival, and when it is able to send a ping response, say at Ss, itstamps the response with that time value. If the sender is qui
k, Ss willbe (almost) equal to Sr, but in any 
ase the time spent at the sender 
anbe 
omputed as Ss � Sr. At Rr the re
eiver will get the ping responseand perform the following operations:Re
 Send = (1� g)Re
 Send+ g(Sr �Rs)Send Re
 = (1� g)Send Re
+ g(Rr � Ss)RTT = Re
 Send+ Send Re
If all the data pa
kets are timestamped, the re
eiver 
an 
ontinouslyestimate the Send Re
 value by using all the pa
kets it re
eives. Betweentwo pings, the Re
 Send 
an 
hange without being noti
ed though, whi
hrequires that pings are not too distant from ea
h other. This is also usefulto 
ompensate 
lo
k drift.



CIFL 53.2 The joinSyn
hronization points. As said before, we use the SPs to 
o-ordinate the re
eivers. Contrary to RLC, SPs are only present in the�rst (base) layer and not in all of them. When a SP is re
eived and ifthe de
ision to join is not taken, the re
eiver remains deaf to 
ongestionduring a deaf period Td. This is ne
essary be
ause this 
ongestion 
anbe indu
ed by another re
eiver that has used that SP to get more layers.In pra
ti
e the distan
e between SPs is at least 4 se
onds. This distan
eis enough to be greater than any 
ommon deaf period (see next se
tion).However, to avoid all kinds of syn
hronizations, the distan
e betweenSPs is randomized. It will vary between 4 and 16 se
onds.In
rease of the throughput. The re
eiver tries and estimates thebandwidth TCP would get in a similar situation. To do so, it will useformula (1) whi
h requires to know its loss ratio. But the latter has ameaning only when it is 
omputed over a duration 
lose to a TCP 
y
le.Indeed, remember that formula (1) is only valid in steady-state. So, there
eiver will refrain from using an SP to get more layers if it did notstay at least one TCP 
y
le at the 
urrent level. When it is the 
ase, there
eiver 
omputes the bandwidth it 
an get as follows:Bnext = CsRTTpP
y
le :with P
y
le the loss ratio 
omputed over the last TCP 
y
le (see formula(3)). If there were no loss, the throughput 
an be doubled. That is smi-lar to TCP whi
h would have doubled its window after a 
y
le. Whenthe re
eiver has 
omputed its optimal bandwidth, it joins the suitablenumber of layers to get the 
losest possible to the 
omputed through-put. To do so, it is ne
essary that the SPs 
ontain information about thethroughputs of all the layers.Stabilization. When the re
eiver has no good estimation of its RTT,e.g. be
ause there is a large number of re
eivers and the pings are doneless frequently, the estimated bandwidth 
an be overestimated. In this
ase, the re
eiver would join layers that it would leave soon after. Theseunsu

essful join experiments 
an be avoided if the re
eiver 
an learnsomething from past failures. To this end, the CIFL re
eiver will re
ordthe network state1 as it was just before any unsu

essful join experiment.To do this, every re
eiver maintains a square matrix QD with one row(and one 
olumn) per layer. Ea
h element QDi;j of the matrix representsthe minimum queuing delay the re
eiver has ever monitored before anyunsu

essful join experiment from level i to level j.When a re
eiver at level 
urrent wants to join level target, it 
he
ksits matrix to see if it has already failed to join any layer below target1 The network state is measured by the mean queuing delay 
omputed over an equiv-alent TCP 
y
le
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with a queuing delay that was below the 
urrent queuing delay. It 
anbe 
omputed as follows:tested = 
urrent + 1while (tested <= target &&
urrent_queuing_delay < QD(
urrent,tested)){ joinin
r tested }When the re
eiver has rea
hed a stable level and is subje
ted to very few(or no) losses, it basi
ally spends its time 
omputing estimations of theRTT, the queuing delay and the loss rate, refraining from joining at SPs.3.3 The leaveIf the de
ision to join layers 
an be done at (not so frequent) SPs andafter a 
y
le has elapsed at the 
urrent level, the de
ision to abandonlayers when 
ongestion appears should be taken more qui
kly. So, whenthe re
eiver dete
ts a potential in
ipient 
ongestion by a pa
ket loss, itwill start monitoring the loss ratio PTm over a short interval (denotedTm), and then the re
eiver will 
ompute the number of layers it de
idesto abandon. We will dis
uss the value of Tm later, but we know it hasto be short, say very few RTTs to �x ideas. The problem is that Tm isin general short 
ompared to a TCP 
y
le, whi
h makes it impossible touse equation [6℄ to 
ompute a new (lower) target throughput. In orderto propose another formula to 
ompute that throughput, we will requirethat, when the suitable number of layers are abandoned, the re
eiverwill not join any layer before a minimum amount of time (denoted T
)has elapsed. Clearly, T
 should be larger than an equivalent TCP 
y
le,as before any join experiment, and should end at an SP. However, thedistan
e between SPs being random, the future o

urren
es of SPs areunknown. In the 
al
ulation however, we will 
onsider that all SPs areequally spa
ed out of 10 se
, whi
h is the average spa
ing between SPs.To derive our formula, we de�ne{ Tm is the monitoring period starting at a probable in
ipient 
onges-tion dete
ted by a pa
ket loss in steady-state (or indu
ed by a joinexperiment of the re
eiver).{ T
 (
 for 
ompensation) is the minimal period during whi
h there
eiver will have to stay at its new level before joining any layer. Itis 
omputed as des
ribed above.{ B
urrent is the 
urrent throughput, whi
h will remain so during Tm,{ Btarget is the unknown throughput the re
eiver will request afterleaving some layers, and will keep during at least T
.To 
ompute Btarget, we require that CIFL should get a TCP-friendlythroughput over the Tm + T
 interval.Figure 1 shows the parameters we use, and illustrates also that T
 �nishesat an SP arriving after the expiration of the 
y
le.Let � = B
urrentBtarget , the mean throughput of the re
eiver is:B = TmB
urrent + T
BtargetTm + T
 = Tm�+ T
�(Tm + T
)B
urrent
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Fig. 1. A monitoring period followed by its 
ompensation periodWe suppose that there is no loss during T
, whi
h means that the lossratio p over Tm + T
 is:p = pa
kets lost during (Tm + T
)pa
kets sent during (Tm + T
) = pa
kets lost during Tmpa
kets sent during (Tm + T
)Whereas: pa
kets sent during (Tm + T
) = (Tm + T
)Band: pa
kets lost during Tm = PTmTmB
urrent = PTmTm:�(Tm+T
)�Tm+T
 BA simple repla
ement gives: p = PTm �Tm�Tm+T
 ;TCP, whi
h has a loss ratio equal to p, re
eives in average:Bt
p = sCRTTqPTm �Tm�Tm+T
If we equate both throughputs, i.e. B = Bt
p, we derive that:� = PTmTmT
(Tm + T
)2 C2s2RTT 2B2
urrent � Tm2PTmRe
apitulation. When the re
eiver dete
ts an in
ipient 
ongestion,or just after joining a layer, it monitors the loss ratio during Tm and then
omputes �.{ If it is greater than 1 2, the re
eiver leaves the suitable number oflayers to get a throughput 
lose to B
urrent� . Then the re
eiver ignoreslosses during the deaf period Td, whi
h is ne
essary to let the networkrea
h its new state and monitor it. Initially, the deaf period is equalto 1RTT , but it is updated ea
h time a layer is added or removed asfollows. Knowing timedrop, the time at whi
h layers were abandoned,and timelast, the re
eption time of the last pa
ket belonging to oneof the dropped layers, the re
eiver makes an exponential smoothingof Td with the new value \timelast � timedrop".{ Else, it does nothing as it treats the losses as resulting from a smalltransient 
ongestion.Su
h a s
heme would not be easily adapted to TCP itself be
ause TCPmay not re
eive enough segments during an RTT (when its window issmall) to 
ompute � a

urately.Note also that if a re
eiver is in a leave evaluation when an SP is re
eived,and a deaf period is started, the leave evaluation is 
an
elled. Otherwise,the re
eiver may be falsely 
onfused by a transient 
ongestion due to ajoin experiment by another re
eiver.2 The development we have made is meaningless if � is less than 1.
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The Tm value. In this se
tion, we brie
y dis
uss the 
hoi
e of Tm.We know that: Bt
p = TmB
urrent + T
BtargetTm + T
 ;So, when Tm in
reases, Btarget de
reases and BtargetBt
p de
reases too. IfBtarget � Bt
p the re
eiver at the end of T
 will normally in
rease itsbandwidth to rea
hBt
p. To avoid this os
illation, we needBtarget ' Bt
p.As T
 and � are �xed,Btarget ! Bt
p implies Tm ! 0So Tm has to be short. However, as TCP takes de
isions at every RTT ,if the CIFL re
eiver evaluates its loss ratio over a duration shorter thanRTT , it will get a bad estimation. For this reason, Tm has been �xed to1RTT .3.4 Start-up phaseWe have explained how the CIFL re
eiver behaves in steady-state. How-ever, this behaviour is unsuitable at the very beginning, be
ause it tendsto mimi
 TCP in 
ongestion avoidan
e, instead of a TCP in the slow-start phase. Therefore, when TCP and CIFL start together, CIFL wouldnot get its fair share, or only after a mu
h longer period.In this se
tion, we des
ribe the start-up phase of CIFL. In this phase,the re
eiver uses all the SPs to join new layers, so that it doubles itsthroughput at every SP. For a set of exponentially distributed layers,this would mean adding a layer (but only) at every SP. In other s
hemes,the re
eiver may join several layers at on
e. This mimi
s the exponentialtakeo� of TCP, whi
h 
ontinues until the throughput of subs
ribed layersis greater than the peak throughput a
tually re
eived. On
e this stateis rea
hed, the re
eiver drops all layers above the maximum re
eivedthroughput and exits the start-up phase.Moreover, this more aggressive phase is used to estimate the bottlene
k
apa
ity by measuring the smallest delay between two re
eived pa
kets.Knowing this bottlene
k 
apa
ity, the re
eiver will not attempt to joinlayers that would lead to a throughput above this value. This will redu
ethe number of unsu

essful joins, 
ompared to other proto
ols like [13℄,[8℄, [12℄.If, later during the session, pa
kets happen to transit through anotherpath with more bandwidth, or if the network is simply less 
ongested,the re
eiver will dis
over it, be
ause it will 
ontinue to estimate thebottlene
k 
apa
ity as follows:estimate bwi = max(estimate bwi�1; pktsizet re
vi � t re
vi�1 )On the other hand, if the traÆ
 is routed to less provisioned or more
ongested links, it is not a real problem, be
ause this estimated bottle-ne
k 
apa
ity will just be
ome overestimated, and thus a bit less usefulto avoid unsu

essful join experiments.3.5 S
alabilityWhen the number of re
eivers is large, re
eivers will ping the sour
e lessfrequently, whi
h means that the RTT estimation may be less a

urate.
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k drift and delay variations on the returnpath as explained in se
tion 3.1.Note also that a less a

urate estimation of the RTT will simply lead to abandwidth target whi
h is less TCP-Friendly (see formula (1)). Moreover,some experien
es performed over internet have shown us that during 1hour the ratio between the longest RTT and the shortest one is rarelygreater than 2.4 SimulationsFor our simulations we use the network simulator NS ([7℄). We will startby showing that the re
eiver, on
e at its optimal level, does not makeunsu

essful join experiments. Then we will show that intra-session andinter-session fairness are ful�lled, both towards TCP and towards otherCIFL sessions.
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Fig. 3. Two di�erent CIFL re
eivers beginning at di�erent times4.1 Several re
eiversIn this se
tion, we will show the importan
e of the deaf periods. Tothis end, we use the topology of Figure 2(b). We see on Figure 3 thatwhen re
eiver R2 starts, re
eiver R1 has already rea
hed its optimalthroughput. The new
omer will 
reate 
ongestion on theN1�N2 link andR1 will be subje
ted to this 
ongestion. Without deaf periods, re
eiverR1 would rea
t by leaving some layers. This de
rease would be uselessbe
ause the layers it would leave would 
ontinue to transit through thebottlene
k. In se
tion 4.4 of [3℄, we showed that without deaf periodsand when the delay to R1 is larger than the delay to R2, R1 loses itsfair share. With deaf periods, re
eiver R1 does not rea
t to losses 
ausedby R2. We 
an see by the same o

asion that the re
eivers rea
h qui
klytheir optimal level thanks to the qui
k start-up phase. They also �ndthat they 
annot go over the bottlene
k 
apa
ity. They leave some layersand maintain the optimal throughput until the end of the simulation.
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k sharing between TCP and CIFL4.2 TCP versus CIFLReminder. Previous studies ([5℄ and [2℄) have shown that the mostsevere situations to get fairness towards TCP are the following:{ Either TCP begins before the multi
ast proto
ol, when the RTT isshort,{ Or TCP begins after the multi
ast proto
ol, for long RTTs.In the �rst 
ase, TCP is so aggressive that it prevents the multi
astproto
ol (RLM, RLC) to get a reasonable share of the 
apa
ity. In these
ond 
ase, TCP is so slow and so vulnerable that it 
annot get a reason-able throughput. This happens be
ause TCP's 
lo
k is its RTT, whi
his not the 
ase for the other multi
ast proto
ols. We will see that CIFLperforms mu
h better in the extreme 
ases.
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Fig. 5. RLM, RLC and CIFL a

ording to the one way delaySimulations. We use the topology of Figure 2(a) with one TCP sour
eand one CIFL re
eiver to test the behaviour of both traÆ
s. The param-eter values are: B0 = 64 kbps and Bi+1 = Bi +B0 i.e. 8iLi = L0 = B0.Figure 4(a) shows the sharing in the �rst extreme 
ase, i.e. a short RTT(1 ms) and TCP begins before CIFL. We see that CIFL is so aggressivein the beginning that it 
an take more bandwidth than TCP. After this,it de
reases its throughput to get exa
tly what TCP gets. In the mediumterm, the sharing ratio, rateTCPrateCIFL , is 1. For the se
ond extreme 
ase, theRTT is approximatively equal to 2 se
. Figure 4(b) illustrates this 
aseand shows that when TCP begins, CIFL halves its throughput by leaving8 layers, and does not perform any future attempt. TCP pays for itsgreediness. In fa
t, every time TCP wants to have more bandwidth thanthe optimum, it 
reates 
ongestion and has to de
rease its throughput.And sin
e the RTT is large, TCP needs a long time to rea
h again itsfair share of the bandwidth. That is why the ratio is around 0.6 for longRTTs, while it remains slightly below 1 for short RTTs.To better illustrate the dependen
e of the sharing ratio a

ording to theRTT, we 
arried out several experiments where we 
hanged only the
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eiver when TCP disappearspropagation delay. We have done it for RLM and RLC too (for moreresults 
on
erning these two proto
ols, refer to [5℄). The results are il-lustrated on Figure 5. The CIFL 
urve remains 
lose to 1, 
ontrary toRLM and RLC whose ratios 
onverge to zero for long RTTs and are farabove 1 for short RTTs.Now we show that a CIFL re
eiver 
an �nd a better optimal level, when a
ompeting TCP 
onne
tion stops. We 
onsider topology 2(a) with TCPand CIFL beginning simultaneously. After both proto
ols have rea
hedtheir fair bandwidth, TCP stops. There are two possibilities:1. If the next SP arrives more that a 
y
le after TCP has disappeared,the CIFL re
eiver is unlikely to have su�ered loss during the last
y
le. If so, it will double its bandwidth (limited to the bottlene
k
apa
ity it had 
omputed).2. If the next SP arrives less than a 
y
le after TCP has disappeared,the CIFL re
eiver 
an still have noti
ed some losses during the last
y
le. This 
ase is illustrated in Figure 6. The CIFL re
eiver 
om-putes its new estimated fair share and de
ides to join a 
ertain num-ber of layers (in our 
ase, 2 layers). When the next SP arrives, theCIFL re
eiver behaves as in the previous 
ase.4.3 Fairness towards another CIFL sessionWe will show that CIFL ful�lls this requirement. This is so be
ause allCIFL sessions try to be TCP-friendly. We use two di�erent sessions,one with B10 equal to 64 Kbps and the other one with B20 equal to 124Kbps. To be in a diÆ
ult 
ase, the session with the smallest base layerbegins when the other one has already rea
hed its optimal level. Figure 7illustrates the result. We see that both sessions get the same bandwidth,although these bandwidths 
orrespond to di�erent number of layers inthe two sessions.5 Con
lusionWe have proposed a 
ongestion 
ontrol proto
ol for layered multi
asttransmission, 
alled CIFL, that ensures:{ intra-session fairness,{ fairness towards TCP, the ratio TCPCIFL is 
lose to 1{ fairness between sessions in terms of throughput (instead of levels),{ stability, the re
eiver uses its past failures to performs a sort ofreinfor
ement learning.We have simulated our proto
ol in di�erent situations, and the obtainedresults show that intra- and inter-session fairness is ful�lled even whenthere are several TCPs and several CIFL in 
ompetition.
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