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Abstiact—End-to-end congestioncontrol mechanismshave been
critical to the robustnessand stability of the Internet. Most of to-
day's Internet traf ¢ is TCP, and we expectthis to remain soin the
future. Thus, having “TCP-friendly” behavior is crucial for new
applications. However, the ememgenceof non-congestion-contolled
realtime applicationsthr eatensunfair nessto competing TCP traf ¢
and possiblecongestioncollapse.

We presentan end-to-end TCP-friendly Rate Adaptation Pro-
tocol (RAP), which employs an additive-increase, multiplicati ve-
decrease(AIMD) algorithm. It is well suited for unicast playback
of realtime streamsand other semi-reliable rate-basedapplications.
Its primary goalisto befair and TCP-friendly while separatingnet-
work congestioncontrol from application-level reliability.

We evaluate RAP through extensie simulation, and conclude
that bandwidth is usually evenly sharedbetweenTCP and RAP traf-
c. Unfairnessto TCP traf ¢ is directly determined by how TCP
divergesfrom the AIMD algorithm. Basic RAP behavesin a TCP-
friendly fashion in a wide range of likely conditions, but we also
deviseda ne-grain rate adaptation mechanismto extendthis range
further. Finally, we show that deploying RED queue management
canresultin anideal fairnessbetweenTCP and RAP traf c.

|. INTRODUCTION

The Internethasrecentlybeenexperiencingan explo-
sive growth in the use of audio and video streaming.
Suchapplicationsare delay-sensitivesemi-eliable and
rate-based Thus they requireisochronousprocessing
and quality-of-service(QoS) from the end-to-endpoint
of view. However, today's Internetdoesnot attemptto
guarante@nupperboundon end-to-endlelayor alower
boundon availablebandwidth.As a result,the quality of
deliveredserviceto realtimeapplicationss neithercon-
trollable nor predictable. Lack of supportfor QoS has
not preventedrapid growth of realtimestreamingappli-
cationsandthis is expectedto continue. Many of these
applicationsplaybackstoredvideo or audiofor a client
over the network. Examplesinclude continuousmedia
seners, digital libraries, distantlearningand shopping.
Theseplaybackclients can afford to slightly delay the
playbackpoint and buffer somedatato partially absorb
variationof the network bandwidthandend-to-endlelay
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In a sharednetwork such as the Internet, all end-
systemsare expectedto reactto congestiorby adapting
their transmissiomates to avoid congestiorcollapseand
to keepnetwork utilizationhigh[6]. Anotherimportantis-
sueis inter-protocolfairness:the rateadjustmenshould
resultin a fair shareof bandwidthfor all the o ws that
coexist alongthe samepath. Applicationsthatadapttheir
transmissiorratesproperly and promptly are known as
“good network citizens”. Sincea dominantportion of
today's Internettrafc is TCP-basedijt is crucial that
realtime streamsperform TCP-friendly congestioncon-
trol. By this, we meanthat a realtime o w shouldob-
tain approximatelythe sameaveragebandwidthover the
timescaleof asessiorasa TCP o w alongthe samepath
underthesameconditionsof delayandpacletloss[13].

We havebeenworkingonanarchitecture g. 1) for de-
livery of layered-encodestoredrealtimestreamsverthe
Internet[20].0urgoalis to makerealtimeplaybackappli-
cationshegoodnetwork citizens.A typicaltargetapplica-
tion could be a web-serer or a video-on-demandener
that provides accesdo a variety of multimediastreams
for a large numberof heterogeneouslients. The idea
is to separatecongestioncontrol from error (and qual-
ity) control becausehe former dependson the stateof
the network while the latter is applicationspeci c. The
sener's transmissiomateis continuouslyadjustecdoy the
RateAdaptationProtocol(RAP) in a TCP-friendlyfash-
ion. The RAP moduleis exclusively in chage of con-
gestioncontrol and loss detection. The layer manager
adaptghequality of transmittecstreamdbasedntherate
speci ed by the RAP module. Thereare mary waysto
adjustthe quality, but the onewe are investigatingis to
uselayeredencoding.The layer managetriesto deliver
the maximumnumberof layersthatcan t in the avail-
ablebandwidth. Rateadaptatiorhappensn atimescale
of round-triptimesbut layersareaddedanddroppedon
alongertimescaleby usingrecever buffering to accom-
modatetemporarymismatche®etweertransmissiorand
consumptiorrates. Buffering at the client sidealsopro-
videsthe opportunityfor selectve retransmissioras de-
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Fig. 1. RAPIn atypical end-to-endarchitecturdor realtimeplaybackapplicationsn the Internet

terminedby theretransmissiomanagerNotethattheag-
gregatebandwidthusedby the sener, including retrans-
mission,shouldnotexceedthebandwidththatis speci ed
by RAP Thisapproacltopeswith bandwidthheterogene-
ity amongclients without recodingthe streamfor each
client.

Currently mostinternetrealtimeapplicationdackend-
to-endcongestiorcontrol or arenot TCP-friendly Wide
deploymentof theseapplicationswill have severe nega-
tive impact, rangingfrom unfairnessto competingTCP
traf c to the potentialfor congestiorncollapse. One so-
lution would be to make realtime o ws useresenations
or differentiatedservice. However, evenif suchservices
becomewidely available,therewill remaina signi cant
group of userswho are interestedn using realtimeap-
plicationsat low cost. Evenin a network that supports
resenation, differentusersthatfall into the sameclassof
serviceor sharearesenrationstill interactasin besteffort
networks. Thuswe believe that congestioncontrol for
theseapplicationss critical for the healthof the Internet.

This paperpresentghe designand evaluationof the
RAP protocolthroughsimulation. RAP is anend-to-end
rate-basedatongestioncontrol mechanisnthat is suited
for unicastplaybackof realtimestreamsaswell asother
semi-reliablelnternetapplications. We are alsoinvesti-
gatingtheuseof RAP aspartof areliablemulticastcon-
gestioncontrolschemeThegoalsof RAP areto bewell-
behaedandTCP-friendly

It hasbeenshavn thatthe Additive IncreaseandMul-
tiplicative Decreasg(/AIMD) algorithm ef ciently con-
vergesto afair state[4]. RAPadoptsaanAIMD algorithm
for rateadaptatiorto achiese inter-protocolfairnessand
TCP-friendliness RAP performsloss-basedate control
anddoesnot rely on ary explicit congestiorsignalfrom
the network sincepaclet lossseemso be the only fea-
sible implicit feedbacksignalin the Internetdueto the
presencef competingTCPtrafc. However, if the net-
work supportedxplicit congestiorsignaling,RAP could

exploit thisto behae moreef ciently.

We extensvely evaluatedperformancef RAP through
simulation. Our resultsshaov that RAP is TCP-friendly
aslong asTCP's congestiorcontrolis dominatedoy the
AIMD algorithm. The more TCP's congestioncontrol
divergesfrom AIMD, the lessbandwidthis obtainedby
the TCPtrafc. We identi ed the contribution of TCP's
inherentlimitationsto this unfairness.Our obsenations
leadusto concludethat RAP behaesin a TCP-friendly
fashionover a wide rangeof scenarios.To furtherim-
prove RAP, we have alsodeviseda ne-grain rateadap-
tation mechanisnthatenablest to exhibit TCP-friendly
behaior overanevenwider range.Our resultsshow that
deploying RED [7] queuemanagemenesultsin anideal
fairnesdbetweenTCPandRAP trafc. Finally, weinves-
tigatedself-limiting issuesin RAP and did not obsene
ary evidencethatimpliesinherentinstabilityin RAP.

The restof this paperis organizedasfollows. We re-
view someof therelatedwork in sectionll. In sectionlll,
we presentwariousaspect®f the RAP protocol. Detailed
descriptionof our simulationresultsarepresentedh sec-
tion IV. Finally, sectionV concludeghe paperanddis-
cussesomeof our futurework.

Il. RELATED WORK

Congestiorcontrolis nota new topic anda largebody
of work hasaccumulatediescribingvariousmechanisms.
However, the critical work for TCP-friendly congestion
control mechanisnin best-efort networks is somavhat
morelimited.

Jacobet al.[10] proposean architecturefor Internet
video applicationsthat usesa TCP variantmodi ed so
asnotto performretransmissionHowever, no detailsof
thesemodi cationsaregiven,soit is dif cult to tell how
thesechangesffect performanceMoreover, thisscheme
still inheritsTCP's bursty behavior.

A commonapproacHor rateadaptations adaptve en-
codingthroughthe adjustmenbf codecquantizatiorpa-



rametershasedon stateof the network. Many of these
studieshave notaddresseihter-protocolfairnessijnstead
they strive to improve the perceptualjuality. However,

work in [23] proposesan adaptve codingschemepsing
the formula presentedn [13] and[15] that captureghe
macroscopibdehaior of TCR. This shavs promise but it

hasyetto be shavn thatthis formulaor themoredetailed
variantof it in [18] canbe usedin a wide rangeof situa-
tions without introducingpossiblelarge-scaleoscillatory
behaior. Moreover, it is CPU-intenste for a sener to

adaptvely encodea large numberof streamssimultane-
ouslyfor all active clients.

Cen et al.[2] presentthe SCP protocol for media
streaming. This is a modi ed versionof TCP that per
forms TCP Vegas-like rate adjustmentin steadystate.
Their resultsshav that SCPis not TCP-friendly This
may be dueto its rate adjustmenimechanisnusing the
shortestRTT that has been measuredsince this may
widely varyfor different o ws.

Thereare mary commercialmediastreamingplayers
thatarecurrentlydeplosed over the InternetsuchasRe-
alplayer[17]and Microsoft Netshav[9]. Although they
claimto beadaptve, no analysids availableto verify ary
claims. Work in [3] describeghe VDP protocolthatis
deployedin Vosaic. Their adaptatioralgorithmis clearly
not TCP-friendly

Our study differs from previous studiesof realtime
streamingover best-efort networks. We develop a rate
adaptationmechanismthat will resultin interprotocol
fairnessaand TCP-friendlybehaior. The majority of pre-
vious work either doesnot addresdairness,or hasnot
examinedsufcient casedo nd the boundswherethey
ceasdo befair(e.g.[22]).

I1l. THE RAP PrOTOCOL

The RAP protocol machineryis mainly implemented
at the source. A RAP sourcesendsdata paclets with
sequencaumbers,and a RAP sink acknavledgeseach
paclet, providing end-to-endfeedback. Eachacknavl-
edgmeni{ACK) paclet containghe sequenceumberof
the correspondinglelivereddatapaclet. Usingthe feed-
back, the RAP sourcecan detectlossesand samplethe
round-trip-time(RTT). To designarateadaptationmech-
anism threeissuesnustbeaddressefil2]. Thesearethe
decisionfunction, the increase/de@asealgorithm, and
thedecisionfrequency

DecisionFunction

The rate adaptatiorschemecanbe summarizedy its
decisionfunctionasfollow:

If no congestioris detectedperiodically increasethe
transmissiomate;

If congestionis detected,immediately decreasethe
transmissiomate.

RAP considerdossesto be congestiorsignals,anduses
timeouts,andgapsin the sequencsepaceo detectioss.

Similar to TCR, RAP maintainsan estimateof RTT,
called , and calculatesthe timeout basedon the
Jacobson/Kared'algorithm.However, it detectghetime-
out lossesdifferently becauseRAP is not ack-clocled.
Unlike TCP, a RAP sourcemay sendseveral pacletsbe-
fore receving a new ACK to updatethe RTT estimate.
Thus RAP couplesthe timer-basedoss detectionto the
paclet transmission.Before sendinga new paclet, the
sourcecheckdor a potentiattimeoutamongthe outstand-
ing paclets usingthe updatedvalue of the esti-
mate.

The ACK-basedloss detectionmechanismin RAP is
basedon the sameintuition as fast-recoery in TCP If
a RAP sourcerecevesan ACK thatimplies delivery of
threepacletsafterthe missingone,the pacletis consid-
eredlost. RAP requiresa way to differentiatethe lossof
an ACK from the lossof the correspondinglatapaclet.
We have addedredundang to the ACK pacletsto specify
thelastholein thedeliveredsequencapaceandprovide
robustnessgainssingleACK lossesNotethatthetime-
out mechanisnis still requiredasa backup for critical
scenariosuchasa burstof loss.

Increase/decreagdgorithm

RAP usesan AIMD increase/decreasdgorithm. In
theabsencef pacletloss,thetransmissiomateis period-
ically increasedn a step-like fashion. The transmission
rateis controlledby adjustingheinterpaclet-gap( ).
To increasethe rate additively, mustbe iteratively
updatedasedn equation(1) [11]:

E— — )

)

where and denotetransmissiorrateandstepheight
respectiely. is aconstantwith the dimensionof time.

Upon detectingcongestionthe transmissiorrateis de-
creasednultiplicatively, by doublingthe valueof

3)

DecisionFrequeng

Decisionfrequeng speci eshow oftento changethe
rate. The optimal adjustmenfrequeny dependson the
feedbacldelay Feedbacklelayin ACK-basedschemess
equalto oneRTT. It is suggestethatrate-basedchemes
adjust their rates not more than once per RTT [13].
Changingtheratetoo oftenresultsin oscillationwhereas
infrequentchangdeadsto unresponsie behaior.



RAP adjuststhe onceevery using (1).
The time betweentwo subsequenadjustmentpointsis
calleda step If no lossis detected, is decreased
andanew stepis started.Adjustingthe onceevery

hasa nice property;packetssentduringonestep
arelikely to be acknavledgedduringthe next step. This
allows the sourceto obsene the reactionof the network
to the previous adjustmenbeforemakinga new adjust-
ment. If the valueof is updatedonceevery
andwe choosethevalueof to beequalto , the
numberof pacletssentduring eachstepis increasedy
1 every step. Sincethe lengthof eachstepis and
the heightof eachstepis inverselydependenon ,
the slopeof the transmissiorrateis inverselyrelatedto

(4)
()

TCP's slopeof linearincreasds relatedto RTT in the
sameway in the steadystate. Thusa RAP sourcecan
exploit RTT variationsand adaptvely adjustits rate in
thesamemannerasTCP Theadaptve rateadjustmenin
RAP is meantio emulatethe coarse-graimateadjustment
in TCR The steplengthin RAP is analogougo thetime
it takesfor TCPto senda full window worth of paclets.

RAP is “unfair” to o wswith longerRTT in thesame
way that inter-TCP unfairnesshas frequently beenre-
ported[8]. RAP connectionsvith shorterRTTs aremore
aggressie and achieve a larger shareof the bottleneck
bandwidth.In general othermeasuresf fairnesscanbe
only achieved by implementingthe requiredmachinery
in the network[21]. As long asthe unfairnessproblemis
not resohed amongTCP o ws, being TCP-friendlyim-
pliesacceptinghis unfairness.Dueto lack of spacewe
have not discussedstartupbehaior of RAP, but asit is
designedor relatively long-livedsessionsits startupbe-
havior is notcrucial.

A. ClusteedLosses

In a sharedbest-efort network with a high level of sta-
tistical multiplexing, the obsenedlosspatternhasa near
randombehaior[1] thatis determinedby the aggreyate
traf c pattern.Thusit is generallyhardfor anendsystem
to predictor controlthe lossrateby adjustingthe trans-
missionrate.Endsystemsareexpectedo reactto conges-
tion at mostonceper RTT aslong asthey reactproperly
andpromptly[13].

To achieve this, RAP requiresa mechanisnto identify
a clusterof losseghatarepotentiallyrelatedto the same
congestiorevent. Right afterlossof paclet
thatresultsin a back-of, the outstandingpacletsin the
pipe, called a cluster have a sequencenumber ,

within thefollowing range:

(6)
where is the lastpaclet that hasbeentrans-
mitted. Any paclet in the cluster can be potentially
droppeddueto the recentcongestiorevent that was de-
tectedby thelossof . As the sourcehasal-
readyreactedo thecongestionlossof otherpacletsfrom
the clusteraresilently ignored. This clusterloss-modes
triggeredby aback-of andterminatecassoonasanACK
with sequenc@umbergreateror equalto is
receved. This mechanisms similar to thatemployedin
TCP-Sack.

B. Fine-Grain RateAdaptation

The AIMD rate adaptatioralgorithmdoesnot neces-
sarily resultin a TCP-friendlybehaior whenTCP's per
formanceis degradeddueto heary load. The motivation
for ne-grain rateadaptations to make RAP morestable
andresponsieto transientongestiomwhile still perform-
ing the AIMD algorithmata coarsegranularity

A short-termexponentialmoving averageof the RTT
capturesshort-termtrendsin congestion. However, we
requireadimension-lesgen-mearfeedbaclsignalto be
independendf theconnectiorparameterandhasawider
applicability Theratio of the short-ternto the long-term
exponentialmoving averageof the RTT signal exhibits
thesedesiredproperties We have exploitedthe RTT sig-
nal and devised a continuousfeedbackfunction that is
de ned as: , Where and

arethe valueof shortandlong term exponential
moving averageof RTT samplesespectiely.

At eachtuning point, the value of is modulated
by the ne-grain feedbaclsignalandthe resultingvalue,

, is usedfor thetransmissiotimer:

)
Thevalueof is adjustednceperstepiteratively and
actsas a basetransmissiorrate. Thus, during one step
the basetransmissiomateremainsunchangedHowever,
theactualinter-paclet-gap, , adaptvely varieswith
the short-termcongestiorstate. Note thatthe ne-grain
feedbackdoesnot have a cumulative effect.

C. Randonkarly DetectionGatevays

Thereseemdo begenerabhgreemenin thecommunity
on deplgying RandomEarly Detection (RED)[7] gate-
waysto improve both fairnessand performanceof TCP
trafc. RED queuemanagemernitries to keepthe aver
age queuesize low and, by preventingthe buffer from
over owing, it alsoaccommodatesurstsof paclets.One
of the main problemsfor TCP's congestiorcontrolis to
recover from multiple losseswithin a window [5]. This
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occursmainly dueto buffer over ow in drop-tailqueues.
Ideally, RED shouldbe con gured suchthat each ow
experienceat mostonesinglelossperRTT. Underthese
circumstances[CP o ws canefciently recover from a
single loss without experiencinga retransmissiontime-
out. Intuitively, aslong asa RED gatavay operatesn its
idealregion,RAP andTCPobtainanequalshareof band-
width sincebothusethe AIMD algorithm. Nevertheless,
if theaveragequeudengthexceedghe maximumthresh-
old, RED startsto drop pacletswith a very high proba-
bility. At this point, RAP and TCP startto behae dif-
ferently Whenregular TCP experiencesnultiple losses
within a window, it undegoesa retransmissiotimeout
andits congestiorcontroldivergesfrom the AIMD algo-
rithm. RAP, however, follows the AIMD algorithmand
reactsonly onceto the rst lossin anRTT.

We expectto obsene substantialmprovementin fair-
nessby deploying RED evenif it only preventsthebuffer
from over owing andcausingourstof loss. Thisbehaior
limits the divergenceof TCP's congestioncontrol from
the AIMD algorithm.

SinceRED parameterarecloselydependentnthebe-
havior of aggrejatetraf c, it is hardto keepa RED gate-
way in its ideal region asthe traf ¢ changeswith time.
Thus,con gurationof RED is still aresearclissue.

IV. SIMULATION

In this sectionwe presenta summaryof our simula-
tion results.More detailscanbefoundin [19]. Our main
goal is to explore the propertiesof RAP, namely TCP-
friendliness,ability to copewith backgroundTCP traf-
¢, interactionwith RED gatevaysandthe behaior of
the ne-grain rate adaptatiorover a reasonabl@arame-
ter space. Our simulationsdemonstrateéhat RAP is in
generalTCP-friendly We have simulatedRAP usingthe
ns2simulator{16], andcomparedt to TCP Tahoe Reno,

NewReno[5], Sack[14] andalsorun real-world experi-
ments.Fig. 2 shavs thetopologyof our simulations.The
link between and is alwaysthebottleneckand
is the bottleneckpoint. The switchesimplement
FIFO schedulingand drop-tail queuingexceptin RED
simulations. RAP connectiongrom sources
to recevers sharethe bottleneckbandwidthwith
TCP ows from sources to recevers
DataandACK pacletsizesaresimilar for RAPandTCP
o ws. For afair comparisonall connectiondave equal
end-to-enddelay The buffer size at is four times
the RTT-bandwidthproductof thebottlenecKink, except
where otherwisestated. All simulationswere run until
they exhibited steadystatebehaior. All TCP ows are
“FTP” sessionsvith anin nite amountof data.The TCP
receverwindow is largeenoughthat TCP o w controlis
notinvoked. Theaveragebandwidthfor eacho w is mea-
suredby the numberof deliveredpacletsduringthe last
threequartersof the simulationtime to ignore transient
startupbehavior. Simulationparametersresummarized
in tablel.

Tablel
Paclet Size 100Byte
ACK Size 40 Byte
BottleneckDelay 20ms
B/W perFlow 5 KByte/s
B/W of SideLinks 1.25MByte/s
Tot. Delayof Side-Links | 6 ms
SimulationLength 120sec
TCP MaximumWindow 1000
TCPTimeoutGranularity | 100ms

A. EvaluationMethodolay

In anenvironmentwith largenumberof parameterst
is generallyhardto isolatea particularvariableandstudy
its relationwith a particularparametebecausef existing
inter-dependengamongvariables.In particular TCPis
a moving target. It's behaior changedrasticallywith
con guration parameterand it has someinternal con-
straints. During our simulations,with someexceptions,
we attemptedto minimize theseproblemsby using the
following guidelines:

1. To identify the impactof TCP's constraint§rom the

inter-protocoldynamiconourresultswe have compared
RAP with different a vorsof TCR

2. Welimited theside-efectof bottleneckandwidthand
buffer spacecontentionby scalingup resourcegpropor

tional to the numberof o ws so thatthe amountof re-

sourceshareper o w remains x ed acrosssimulations.
Sincethe bandwidthandthe buffer sizeof the bottleneck
link arescaledup equally the maximumqueuingdelay
doesnot changeacrosssimulations. The impactof re-

sourcecontentionis alsostudiedseparately
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3. We chosecon guration parameterso that the TCP

congestiorwindow tendsto besufciently largeandTCP

remaingn its well-behaedmode.

4. We have exploreda reasonablgortion of the param-
eterspaceto examineinter-protocolfairnessover a wide

rangeof circumstances.

5. As a baselinefor comparison,we occasionallyre-

placedall the RAP o wswith TCPandranthesamesce-
nariowithoutary RAP o w. We call this TCPbase-case
The TCP basecasemay help us to separateahosephe-
nomenorthatarepurelyrelatedto TCPtraf c.

B. ExperimentandResults
B.1 TCP-friendliness

The rst set of simulations examines the TCP-
friendlinessof RAP without ne-grain rate adaptation.
Fig. 3 shavs the averagebandwidthshareof RAP and

TCPTahoe o ws coexisting over thetopologydepicted
in g. 2. Theresourcegi.e. the bottleneckbandwidth
and the buffer size) are scaledup linearly with the to-
tal numberof ows. Therangeof the bandwidthshare
amongRAP and TCP o ws are representedby vertical
barsaroundthe averagevalue. This resultimplies that
RAP is not terribly TCP-friendly acrossthesesimula-
tions. The obsered unfairnesscanbe dueto TCP's in-
herentperformancdimitations, an artifact of con gura-
tion parametersyr unfairnessmposedy coexistingRAP
o Wws.

TCP suffersfrom someperformancdimitations[5]. In
particularwhenTCPexperiencesnultiplelosseswithin a
window or thewindow is smallerthan4, it is constrained
to eitherwait for retransmissiorimeoutor go through
slow-start.As aresult, TCPmaytemporarilyloseits ack-
clocking andits congestiorcontrol mechanisndiverges
from the AIMD algorithm. The severity of the problem
variesamongdifferent a vorsof TCPandmainlydepends
onwindow sizeandlosspatterns.TCP Sackis ableto re-

cover from the multiple loss scenarioeasierthan other
avors of TCP whereasRenos performancds substan-
tially degraded5]. Generally TCP's ability to ef ciently
recover from multiple lossesincreaseswith its window
size. ThemoreTCP divergesfrom the AIMD algorithm,
thelessbandwidthit obtains.

We exploitedthedifferenceamongvariousTCP avors
to assesshe impact of TCP's performanceproblemon
the obsered unfairness.We have repeatedhe sameex-
perimentwith RAP againstReno,NewReno[5]andSack
TCR Ourresultscon rm thatthelarge-scaldbehaior of
TCP trafc is in agreementvith the behaior reported
in [5]. Theseexperimentsalsoreveal that TCP's inher
ent performanceproblemspartially contribute to unfair-
ness.We would like to limit theimpactof the TCP's per
formanceproblemsandfocuson the interactionbetween
RAP andTCPtrafc. Thereforewe choseTCP Sackas
anidealrepresentatie for TCP o ws. For therestof this
paperwheneerwe referto TCP, we meanTCP Sackun-
lessexplicitly statedotherwise.

Sincewe are unableto exhaustvely examinethe pa-

rameterspacewe focusour attentionon parametershat
play key rolesin protocols' behaior. RTT and TCP's
congestionwindow are particularly important. RTT is
crucialbecausd affectsrateadjustmenin bothRAP and
TCPR TCP's congestiorwindow is a primaryfactorin the
performancef the TCP protocol. We introducethe term
inter-protocol fairnessratio thatis the ratio of the aver-
ageRAP bandwidthcalculatedacrossall the RAP o ws
overtheaveragel CP bandwidthcalculatedacrossll the
TCP o ws. We changedhe delayof the bottlenecKink
to controlthe valueof RTT. The bandwidthwaslinearly
scaledup with thetotal numberof o ws andthe buffer-
ing was adjustedaccordingly Otherparametersrethe
sameastablel. Fig. 4 depictsthefairnesgatioasafunc-
tion of the bottlenecKink delayandthe total numberof
ows. Eachdatapoint is obtainedfrom an experiment
wherehalf of the o ws are RAP andthe other half are
Sack TCP This revealsseveral interestingtrendsin the
fairnesgatio:

For a particularvalueof the bottleneckdelay increas-
ingthenumberof o wsimprovesthefairnesgatioexcept
for the smallestvalueof delay(20ms)in which theratio
never corvergesto one. This gure illustratesthatexcept
for smallsimulationsRAP exhibits TCP-friendlybeha-
ior. The differentbehaior in small simulationshasto
dowith TCP's burstinessandlosspatternin thesescenar
i0s[19].

Excluding simulationswith a small bottleneckdelay
aswell assmall simulations the fairnessratio is mostly
closeto oneandis not a function of the RTT. The prob-
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lem with shortbottleneckdelayin small simulationshas
to dowith thesmallsizeof TCP's congestiorwindow. In
thesescenarios,TCP hasa smallercongestionwindow
and frequently experiencesretransmissiotimeout. As
the bottleneckdelay increasesboth the bottleneckpipe
sizeandthe buffer sizeincrease.This allows TCP o ws
to have a larger numberof pacletson-the- y and main-
tain their ack-clocking. We conductedanotherset of
simulationsto obsene the primary effect of TCP's con-
gestionwindow onthefairnesgatio. Thecongestiorwin-
dow is dependenon severalparametersuchasavailable
bandwidthper o w, buffer size,meanqueuesize,queue
managemergchemeandnumberof o ws. We adjustthe
bottleneckbandwidthas a primary factorto control the
valueof congestiorwindow. We decidedto measureghe
numberof outstandingT CP paclets per o w insteadof
congestiorwindow for two reasons Firstly, TCP's con-
gestionwindow may not be full duringthe fast-recwery
period. In thosecases,TCP's behaior dependson the
numberof outstandingpaclets. Secondly sinceRAP is
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not a window-basedmechanismthe numberof paclets
on-the- y seemgo bethe only commonbaseof compar
ison from the network's point of view. Fig. 5 shaws the
variationof the fairnessratio asa function of the num-
berof ows andthe amountof allocatedbandwidthper
ow. Sincethe numberof outstandingpacletsis depen-
denton both variables,we have usedthe meannumber
of outstandingaclets(averagedacrossall the TCP o ws
in asimulation)asthex coordinatefor the corresponding
datapoint insteadof the amountof allocatedbandwidth
per o w. Thisgraphclearlycon rms our hypothesighat
TCP's performancas directly in uenced by the number
of outstandingpacletsin transit. As the numberof out-
standingpaclets grows, the fairnessratio improves ex-
ceptfor simulationswith a smallnumberof ows( =1).
Thereforeunderaheary load,if thenumberof outstand-
ing pacletsfor a TCP ow dropsbelov a threshold,its
performances substantiallydegraded. Underthesecir-
cumstancesRAP can easily utilize the available band-
width becausé decouplesongestiorcontrolfrom error
controlandonly performsthe former.

Fig. 5 alsoimpliesthatthe numberof coexisting o ws
doesnothave avisibleimpactonfairnessvhenresources
arescaledappropriatelyexceptfor very smallnumbersof
O WSs.

B.2 Fine-grainrateadaptation

We have theorizedthat ne-grain rate adaptationat-
temptsto emulatea degreeof congestioravoidancethat
TCP obtainsdueto ack-clocking. To investigatethe ef-
fectof ne-grain rateadaptatioron TCP-friendlinesswe
exploredthe parametespaceover a wide range. Fig. 6
shaws the fairnessratio asa function of bottlenecklink
delayandthe total numberof coexisting o ws. Half of
thetraf c consistsof RAP o ws. Comparisorwith g. 4



revealsthat ne-grain rate adaptatioronly improvesthe
fairnessamongconnectionsvith small RTT (i.e. small
TCP window) while it doesnot affect otherareas. This
resultimplies thataslong as TCP o ws do not diverge
from the AIMD algorithm, the fairnessratio is primar
ily determinedy TCP's behaior andthelarge-scalée-
havior remainsintact. This is indeeda desiredproperty
However, for thosescenariosvhereTCPtraf ¢ is vulner
ableto lossof ack-clockingandachiezesa smallershare
of thebandwidth the ne-grain rateadaptatiorenhances
resolutionof rateadaptatiorfor RAP o ws by preventing
them from overshootingthe available bandwidthshare.
Thisin turn, reduceghe probability of experiencingoss
of ack-clockingacrossall the TCP o ws. Consequently
TCPtraf c obtainsafair shareof bandwidth.

B.3 RED Gatavays

The main challengehere was to con gure the RED
gatevay so that it behaesuniformly acrossall simula-
tions. RED's performanceclosely dependson the be-
havior of theaggreyatetrafc. Sincethis behaior could
changewith the numberof o ws, it is hardto obtainthe
sameperformancever a wide rangewithoutrecon gur-
ing the gatavay. Table2 summarizeour con guration
parameters:

Table2
Min. Threshold 5 Paclets
Max. Threshold | 0.5* Buffer
BottleneckB/W 5 KByte/s* No. of Flows
BottleneckDelay | 20ms
Buffer Size 12* RTT * BottleneckB/W
g-weight 0.002

Half of thetrafc consistsof RAP o ws with ne-grain
adaptationWe providedsufcient bufferatthebottleneck
to eliminatebuffer over ow. Fig. 7 shavs thefairnesga-
tio for differentvalueof (i.e. maximumprobabil-
ity of loss)asthe numberof o ws changes.This graph
clearlyillustratesthreeinterestingpoints:
1. Thereexists a rangefor whereRAP and TCP
evenly sharethebottleneckbandwidth.
2. Exceptfor small simulations,the fairnessratio does
notchangewith simulationsize.
3. The behaior of the aggrejatetrafc is substantially
differentin smallsimulations.
Fig. 7 demonstratethat RED is ableto evenly distribute
the lossesacrossall the o ws andavoid buffer over ow
over awide range. ThusRED haseliminatedthe unfair-
nesscausedy TCP's burstinessThe higherthe valueof
_, themorelikely RED is to drop a packet before
thebuffer becomedull, andsothe lowerthe meanbuffer
utilization is. Fig. 5 hasalreadyshowvn that TCP per
forms poorly with small congestiorwindow, andhigher

Variation of faimes:
T T

s Ratio with max. drop probability
T T T

aimess Ratio

120 140

100

60 80
Total number of flows

Fig. 7. Impactof RED onthefairness

values of _ tendto reduceTCP's meanconges-
tion window. RAP takes advantageof this, and a de-

greeof unfairnesgresults. As long asthe averagequeue
sizeremainsin RED's operatingregion (below ),
the bandwidthsharebetweerRED andTCPis quitefair.
However, if the value of is too small, the average
gueuesizereaches , andRED thenstartsdropping
all pacletsuntil the averagequeuesize decreasebelon
again.This processepeatandoscillationsoccut
with the loss probability alternatingbetween and
one. RED shouldnot be operatedn this region, andthe
cunein gure 7 shaws this effectwhen
The differencedetweerRAP andTCP aredueto TCP S
burstinessnteractingwith periodicoscillationsof the av-
eragequeuesize about . With smallsimulations,
the oscillation period is long, and both TCP and RAP
losewhole RTT worth of paclets. TCPtakesaverylong
time to recover, while RAP recorerscomparatrely eas-
ily. With large simulations,the period of theseoscilla-
tionsis muchshorterandalthoughafew TCP'smaylose,
on averagea TCP is lesslikely to be hit by one of the
lossperiodsthana RAP o w which spacedts pacletsout
evenly. Hence pnaveragel CPperformsetterthanRAP.
It shouldbe emphasizedhat this RED regime will im-
poseterrible losshurstson realtime o ws, andshouldbe
avoidedatall costs.Figures8 and 9 graphthe measured
RTT for small simulations,and demonstratéheseoscil-
lationsin g. 8 with versusnormalRED
behaior in g. 9 with . We concludethat,
with appropriatetuning, RED cansigni cantly improve
thefairnesdbetweerRAP andTCP. Howeverthataggres-
sively pushingfor very low buffer utilization is counter
productvewhenRAP andTCPsharealink becausd CP
thendivergesfrom AIMD.

V. CONCLUSIONS AND FUTURE WORK

We have presentedrateadaptationprotocolandexten-
sively examinedits interactionwith TCPthroughsimula-
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tion. Although achieving TCP-friendlinesover a wide

rangeof network parameterss extremely challenging,
RAP reasonablyachiesesthis goal. We devisedandeval-

uateda ne-grain rate adaptatiormechanisnto emulate
TCP's ack-clockingproperty Our resultsshowv thatthe
ne-grain rate adaptatiorextendsinter-protocolfairness
to a wider range. Divergenceof TCP's congestiorcon-
trol from the AIMD algorithmis oftenthemaincauseor

the unfairnessto TCP in specialcases.This problemis

pronouncednore clearly with Renoand Tahoewhile it

hasa morelimited impacton Sack.We obsenredthatthe
biggerTCP's congestiorwindow is, the closerit follows

the AIMD algorithm.Properlycon gured RED gatevays
canresultin anidealinter-protocolsharing.

We plan to continueour work in several directions.
We have developeda prototypeto examineRAP's perfor
mancein arealnetwork. RAP is just a core component
of the end-to-endarchitecture( g. 1) for unicastplay-
backof realtimestreamsover best-efort networks. We
have also developeda “quality adaptation’mechanism
that smoothly adjuststhe quality of a layeredencoded
playbackvideo while its transmissiorrate is controlled
by RAP.
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