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Abstract—End-to-end congestioncontrol mechanismshave been
critical to the robustnessand stability of the Internet. Most of to-
day's Internet traf�c is TCP, and we expectthis to remain soin the
futur e. Thus, having “TCP-friendly” behavior is crucial for new
applications. However, the emergenceof non-congestion-controlled
realtimeapplicationsthreatensunfairnessto competingTCP traf�c
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 realtimestreamsand other semi-reliable rate-basedapplications.
Its primary goal is to befair and TCP-friendly while separatingnet-
work congestioncontrol fr om application-level reliability.

We evaluate RAP through extensive simulation, and conclude
that bandwidth isusuallyevenly sharedbetweenTCP andRAP traf-
�c. Unfairnessto TCP traf�c is directly determined by how TCP
divergesfr om the AIMD algorithm. BasicRAP 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 queuemanagement
canresult in an ideal fairnessbetweenTCP and RAP traf�c.

I . INTRODUCTION

The Internethasrecentlybeenexperiencinganexplo-
sive growth in the use of audio and video streaming.
Suchapplicationsare delay-sensitive, semi-reliable and
rate-based. Thus they require isochronousprocessing
and quality-of-service(QoS) from the end-to-endpoint
of view. However, today's Internetdoesnot attemptto
guaranteeanupperboundonend-to-enddelayor a lower
boundon availablebandwidth.As a result,thequalityof
deliveredserviceto realtimeapplicationsis neithercon-
trollable nor predictable. Lack of supportfor QoS has
not preventedrapid growth of realtimestreamingappli-
cationsandthis is expectedto continue. Many of these
applicationsplaybackstoredvideo or audio for a client
over the network. Examplesinclude continuousmedia
servers, digital libraries, distant learningand shopping.
Theseplaybackclients can afford to slightly delay the
playbackpoint andbuffer somedatato partially absorb
variationof thenetwork bandwidthandend-to-enddelay.

This work wassupportedby DARPA undercontractNo. DABT63-
95-C0095andDABT63-96-C-0054aspartof SPTandVINT projects.

In a sharednetwork such as the Internet, all end-
systemsareexpectedto reactto congestionby adapting
their transmissionrates,to avoid congestioncollapseand
to keepnetwork utilizationhigh[6]. Anotherimportantis-
sueis inter-protocolfairness:the rateadjustmentshould
result in a fair shareof bandwidthfor all the �o ws that
coexist alongthesamepath.Applicationsthatadapttheir
transmissionratesproperly and promptly are known as
“good network citizens”. Sincea dominantportion of
today's Internet traf�c is TCP-based,it is crucial that
realtimestreamsperform TCP-friendlycongestioncon-
trol. By this, we meanthat a realtime�o w shouldob-
tain approximatelythesameaveragebandwidthover the
timescaleof a sessionasa TCP�o w alongthesamepath
underthesameconditionsof delayandpacket loss[13].

Wehavebeenworkingonanarchitecture(�g. 1) for de-
liveryof layered-encodedstoredrealtimestreamsoverthe
Internet[20].Ourgoalis to makerealtimeplaybackappli-
cationsbegoodnetworkcitizens.A typicaltargetapplica-
tion couldbe a web-server or a video-on-demandserver
that providesaccessto a variety of multimediastreams
for a large numberof heterogeneousclients. The idea
is to separatecongestioncontrol from error (and qual-
ity) control becausethe former dependson the stateof
the network while the latter is applicationspeci�c. The
server's transmissionrateis continuouslyadjustedby the
RateAdaptationProtocol(RAP) in a TCP-friendlyfash-
ion. The RAP moduleis exclusively in charge of con-
gestioncontrol and loss detection. The layer manager
adaptsthequalityof transmittedstreamsbasedontherate
speci�ed by the RAP module. Therearemany waysto
adjustthe quality, but the onewe are investigatingis to
uselayeredencoding.Thelayermanagertries to deliver
the maximumnumberof layersthat can�t in the avail-
ablebandwidth.Rateadaptationhappenson a timescale
of round-triptimesbut layersareaddedanddroppedon
a longertimescaleby usingreceiver buffering to accom-
modatetemporarymismatchesbetweentransmissionand
consumptionrates.Buffering at theclient sidealsopro-
videsthe opportunityfor selective retransmissionasde-
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Fig. 1. RAP in a typicalend-to-endarchitecturefor realtimeplaybackapplicationsin theInternet

terminedby theretransmissionmanager. Notethattheag-
gregatebandwidthusedby theserver, includingretrans-
mission,shouldnotexceedthebandwidththatis speci�ed
byRAP. Thisapproachcopeswith bandwidthheterogene-
ity amongclients without recodingthe streamfor each
client.

Currently, mostInternetrealtimeapplicationslackend-
to-endcongestioncontrolor arenot TCP-friendly. Wide
deploymentof theseapplicationswill have severenega-
tive impact, rangingfrom unfairnessto competingTCP
traf�c to the potentialfor congestioncollapse. Oneso-
lution would be to make realtime�o ws usereservations
or differentiatedservice.However, even if suchservices
becomewidely available,therewill remaina signi�cant
groupof userswho are interestedin using realtimeap-
plicationsat low cost. Even in a network that supports
reservation,differentusersthatfall into thesameclassof
serviceor shareareservationstill interactasin besteffort
networks. Thus we believe that congestioncontrol for
theseapplicationsis critical for thehealthof theInternet.

This paperpresentsthe designand evaluationof the
RAP protocolthroughsimulation.RAP is anend-to-end
rate-basedcongestioncontrol mechanismthat is suited
for unicastplaybackof realtimestreamsaswell asother
semi-reliableInternetapplications.We arealso investi-
gatingtheuseof RAP aspartof a reliablemulticastcon-
gestioncontrolscheme.Thegoalsof RAPareto bewell-
behavedandTCP-friendly.

It hasbeenshown that theAdditive IncreaseandMul-
tiplicative Decrease(AIMD) algorithm ef�ciently con-
vergesto afair state[4]. RAPadoptsanAIMD algorithm
for rateadaptationto achieve inter-protocolfairnessand
TCP-friendliness.RAP performsloss-basedratecontrol
anddoesnot rely on any explicit congestionsignalfrom
the network sincepacket lossseemsto be the only fea-
sible implicit feedbacksignal in the Internetdue to the
presenceof competingTCPtraf�c. However, if thenet-
work supportedexplicit congestionsignaling,RAPcould

exploit this to behavemoreef�ciently .
Weextensively evaluatedperformanceof RAPthrough

simulation. Our resultsshow that RAP is TCP-friendly
aslong asTCP's congestioncontrol is dominatedby the
AIMD algorithm. The more TCP's congestioncontrol
divergesfrom AIMD, the lessbandwidthis obtainedby
the TCP traf�c. We identi�ed thecontribution of TCP's
inherentlimitations to this unfairness.Our observations
leadus to concludethatRAP behavesin a TCP-friendly
fashionover a wide rangeof scenarios.To further im-
prove RAP, we have alsodeviseda �ne-grain rateadap-
tationmechanismthatenablesit to exhibit TCP-friendly
behavior overanevenwider range.Our resultsshow that
deploying RED[7] queuemanagementresultsin anideal
fairnessbetweenTCPandRAPtraf�c. Finally, we inves-
tigatedself-limiting issuesin RAP and did not observe
any evidencethatimpliesinherentinstability in RAP.

The restof this paperis organizedasfollows. We re-
view someof therelatedwork in sectionII. In sectionIII,
wepresentvariousaspectsof theRAPprotocol.Detailed
descriptionof oursimulationresultsarepresentedin sec-
tion IV. Finally, sectionV concludesthe paperanddis-
cussessomeof our futurework.

I I . RELATED WORK

Congestioncontrolis not a new topic anda largebody
of work hasaccumulateddescribingvariousmechanisms.
However, the critical work for TCP-friendlycongestion
control mechanismin best-effort networks is somewhat
morelimited.

Jacobet al.[10] proposean architecturefor Internet
video applicationsthat usesa TCP variant modi�ed so
asnot to performretransmission.However, no detailsof
thesemodi�cationsaregiven,soit is dif�cult to tell how
thesechangesaffectperformance.Moreover, thisscheme
still inheritsTCP'sburstybehavior.

A commonapproachfor rateadaptationis adaptiveen-
codingthroughtheadjustmentof codecquantizationpa-
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rametersbasedon stateof the network. Many of these
studieshavenotaddressedinter-protocolfairness;instead
they strive to improve the perceptualquality. However,
work in [23] proposesanadaptive codingscheme,using
the formula presentedin [13] and[15] that capturesthe
macroscopicbehavior of TCP. Thisshowspromise,but it
hasyet to beshown thatthis formulaor themoredetailed
variantof it in [18] canbeusedin a wide rangeof situa-
tionswithout introducingpossiblelarge-scaleoscillatory
behavior. Moreover, it is CPU-intensive for a server to
adaptively encodea large numberof streamssimultane-
ouslyfor all activeclients.

Cen et al.[2] present the SCP protocol for media
streaming. This is a modi�ed versionof TCP that per-
forms TCP Vegas-like rate adjustmentin steadystate.
Their resultsshow that SCPis not TCP-friendly. This
may be due to its rateadjustmentmechanismusing the
shortestRTT that has been measuredsince this may
widely vary for different�o ws.

Therearemany commercialmediastreamingplayers
thatarecurrentlydeployedover the InternetsuchasRe-
alplayer[17]and Microsoft Netshow[9]. Although they
claimto beadaptive,noanalysisis availableto verify any
claims. Work in [3] describesthe VDP protocol that is
deployedin Vosaic.Their adaptationalgorithmis clearly
notTCP-friendly.

Our study differs from previous studiesof realtime
streamingover best-effort networks. We develop a rate
adaptationmechanismthat will result in inter-protocol
fairnessandTCP-friendlybehavior. Themajority of pre-
vious work either doesnot addressfairness,or hasnot
examinedsuf�cient casesto �nd the boundswherethey
ceaseto befair(e.g.[22]).

I I I . THE RAP PROTOCOL

The RAP protocolmachineryis mainly implemented
at the source. A RAP sourcesendsdatapackets with
sequencenumbers,anda RAP sink acknowledgeseach
packet, providing end-to-endfeedback. Eachacknowl-
edgment(ACK) packet containsthesequencenumberof
thecorrespondingdelivereddatapacket. Usingthefeed-
back, the RAP sourcecandetectlossesand samplethe
round-trip-time(RTT). To designarateadaptationmech-
anism,threeissuesmustbeaddressed[12]. Thesearethe
decisionfunction, the increase/decreasealgorithm, and
thedecisionfrequency.

DecisionFunction

The rateadaptationschemecanbe summarizedby its
decisionfunctionasfollow:

� If no congestionis detected,periodically increasethe
transmissionrate;

� If congestionis detected,immediately decreasethe
transmissionrate.
RAP considerslossesto be congestionsignals,anduses
timeouts,andgapsin thesequencespaceto detectloss.

Similar to TCP, RAP maintainsan estimateof RTT,
called

�������

, and calculatesthe timeout basedon the
Jacobson/Karel'salgorithm.However, it detectsthetime-
out lossesdifferently becauseRAP is not ack-clocked.
Unlike TCP, a RAP sourcemaysendseveralpacketsbe-
fore receiving a new ACK to updatethe RTT estimate.
ThusRAP couplesthe timer-basedlossdetectionto the
packet transmission.Before sendinga new packet, the
sourcechecksfor apotentialtimeoutamongtheoutstand-
ing packetsusing the updatedvalueof the

�������

esti-
mate.

The ACK-basedlossdetectionmechanismin RAP is
basedon the sameintuition as fast-recovery in TCP. If
a RAP sourcereceivesan ACK that implies delivery of
threepacketsafter themissingone,thepacket is consid-
eredlost. RAP requiresa way to differentiatethelossof
an ACK from the lossof the correspondingdatapacket.
Wehaveaddedredundancy to theACK packetsto specify
thelastholein thedeliveredsequencespaceandprovide
robustnessagainstsingleACK losses.Notethatthetime-
out mechanismis still requiredasa backup for critical
scenariossuchasa burstof loss.

Increase/decreaseAlgorithm

RAP usesan AIMD increase/decreasealgorithm. In
theabsenceof packetloss,thetransmissionrateis period-
ically increasedin a step-like fashion. The transmission
rateis controlledby adjustingtheinter-packet-gap(�	��
 ).
To increasethe rateadditively, ����
 mustbe iteratively
updatedbasedonequation(1) [11]:
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where
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and * denotetransmissionrateandstepheight
respectively. / is a constantwith thedimensionof time.
Upon detectingcongestion,the transmissionrate is de-
creasedmultiplicatively, by doublingthevalueof �	��
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DecisionFrequency

Decisionfrequency speci�eshow often to changethe
rate. The optimal adjustmentfrequency dependson the
feedbackdelay. Feedbackdelayin ACK-basedschemesis
equalto oneRTT. It is suggestedthatrate-basedschemes
adjust their ratesnot more than once per RTT [13].
Changingtheratetoo oftenresultsin oscillationwhereas
infrequentchangeleadsto unresponsivebehavior.
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RAP adjuststhe ����
 onceevery
� � � �

using (1).
The time betweentwo subsequentadjustmentpoints is
calleda step. If no loss is detected,����
 is decreased
anda new stepis started.Adjustingthe �	��
 onceevery

�������

hasa niceproperty;packetssentduringonestep
arelikely to beacknowledgedduringthenext step.This
allows the sourceto observe the reactionof thenetwork
to the previous adjustmentbeforemakinga new adjust-
ment. If thevalueof �	��
 is updatedonceevery

�������

andwe choosethevalueof / to beequalto
�������

, the
numberof packetssentduring eachstepis increasedby
1 every step.Sincethelengthof eachstepis
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and
theheightof eachstepis inverselydependenton
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,
the slopeof the transmissionrate is inverselyrelatedto
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(5)
TCP's slopeof linear increaseis relatedto RTT in the

sameway in the steadystate. Thus a RAP sourcecan
exploit RTT variationsand adaptively adjust its rate in
thesamemannerasTCP. Theadaptiverateadjustmentin
RAPis meantto emulatethecoarse-grainrateadjustment
in TCP. Thesteplengthin RAP is analogousto the time
it takesfor TCPto senda full window worthof packets.

RAP is “unfair” to �o ws with longerRTT in thesame
way that inter-TCP unfairnesshas frequently beenre-
ported[8]. RAP connectionswith shorterRTTs aremore
aggressive and achieve a larger shareof the bottleneck
bandwidth.In general,othermeasuresof fairnesscanbe
only achieved by implementingthe requiredmachinery
in thenetwork[21]. As long astheunfairnessproblemis
not resolved amongTCP �o ws, beingTCP-friendlyim-
pliesacceptingthis unfairness.Dueto lack of space,we
have not discussedstartupbehavior of RAP, but as it is
designedfor relatively long-livedsessions,its startupbe-
havior is notcrucial.

A. ClusteredLosses

In asharedbest-effort network with ahigh level of sta-
tistical multiplexing, theobservedlosspatternhasa near
randombehavior[1] that is determinedby the aggregate
traf�c pattern.Thusit is generallyhardfor anendsystem
to predictor control the lossrateby adjustingthe trans-
missionrate.Endsystemsareexpectedto reacttoconges-
tion at mostonceperRTT aslong asthey reactproperly
andpromptly[13].

To achieve this,RAP requiresa mechanismto identify
a clusterof lossesthatarepotentiallyrelatedto thesame
congestionevent.Rightafterlossof packet
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that resultsin a back-off, the outstandingpacketsin the
pipe, called a cluster, have a sequencenumber,
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,

within thefollowing range:
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where

�����

� �

#

��� ��� � is the lastpacket thathasbeentrans-
mitted. Any packet in the cluster can be potentially
droppeddueto the recentcongestionevent that wasde-
tectedby thelossof

�,�-�-� 
.!�#

�$�&%

#'#

. As thesourcehasal-
readyreactedto thecongestion,lossof otherpacketsfrom
theclusteraresilently ignored.This cluster-loss-modeis
triggeredby aback-off andterminatedassoonasanACK
with sequencenumbergreateror equalto

�����

�:�

#

��� ��� � is
received. This mechanismis similar to thatemployedin
TCP-Sack.

B. Fine-Grain RateAdaptation

The AIMD rateadaptationalgorithmdoesnot neces-
sarily resultin a TCP-friendlybehavior whenTCP's per-
formanceis degradeddueto heavy load. Themotivation
for �ne-grain rateadaptationis to makeRAPmorestable
andresponsiveto transientcongestionwhilestill perform-
ing theAIMD algorithmata coarsergranularity.

A short-termexponentialmoving averageof the RTT
capturesshort-termtrendsin congestion. However, we
requireadimension-less,zero-meanfeedbacksignalto be
independentof theconnectionparametersandhasawider
applicability. Theratioof theshort-termto thelong-term
exponentialmoving averageof the RTT signal exhibits
thesedesiredproperties.We have exploitedtheRTT sig-
nal and devised a continuousfeedbackfunction that is
de�ned as: /
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arethevalueof shortandlong termexponential
moving averageof RTT samplesrespectively.

At eachtuningpoint, thevalueof ����
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by the�ne-grain feedbacksignalandtheresultingvalue,
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Thevalueof �	��
 is adjustedonceperstepiterativelyand
actsasa basetransmissionrate. Thus,during onestep
thebasetransmissionrateremainsunchanged.However,
theactualinter-packet-gap,����
=8 , adaptively varieswith
the short-termcongestionstate. Note that the �ne-grain
feedbackdoesnothavea cumulativeeffect.

C. RandomEarly DetectionGateways

Thereseemsto begeneralagreementin thecommunity
on deploying RandomEarly Detection(RED)[7] gate-
ways to improve both fairnessandperformanceof TCP
traf�c. RED queuemanagementtries to keepthe aver-
agequeuesize low and, by preventing the buffer from
over�owing, it alsoaccommodatesburstsof packets.One
of the mainproblemsfor TCP's congestioncontrol is 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�o w
experiencesatmostonesinglelossperRTT. Underthese
circumstances,TCP�o ws canef�ciently recover from a
single loss without experiencinga retransmissiontime-
out. Intuitively, aslong asa RED gateway operatesin its
idealregion,RAPandTCPobtainanequalshareof band-
width sincebothusetheAIMD algorithm.Nevertheless,
if theaveragequeuelengthexceedsthemaximumthresh-
old, RED startsto drop packetswith a very high proba-
bility. At this point, RAP andTCP start to behave dif-
ferently. WhenregularTCP experiencesmultiple losses
within a window, it undergoesa retransmissiontimeout
andits congestioncontroldivergesfrom theAIMD algo-
rithm. RAP, however, follows the AIMD algorithmand
reactsonly onceto the�rst lossin anRTT.

We expectto observe substantialimprovementin fair-
nessby deploying REDevenif it only preventsthebuffer
from over�owingandcausingburstof loss.Thisbehavior
limits the divergenceof TCP's congestioncontrol from
theAIMD algorithm.

SinceREDparametersarecloselydependentonthebe-
havior of aggregatetraf�c, it is hardto keepa RED gate-
way in its ideal region as the traf�c changeswith time.
Thus,con�gurationof REDis still a researchissue.

IV. SIMULATION

In this sectionwe presenta summaryof our simula-
tion results.More detailscanbefoundin [19]. Our main
goal is to explore the propertiesof RAP, namelyTCP-
friendliness,ability to copewith backgroundTCP traf-
�c, interactionwith RED gatewaysand the behavior of
the �ne-grain rateadaptationover a reasonableparame-
ter space. Our simulationsdemonstratethat RAP is in
generalTCP-friendly. We have simulatedRAP usingthe
ns2simulator[16], andcomparedit to TCPTahoe,Reno,

NewReno[5], Sack[14] andalsorun real-world experi-
ments.Fig. 2 showsthetopologyof oursimulations.The
link between

��� $

and
���

� is alwaysthebottleneckand
��� $

is the bottleneckpoint. The switchesimplement
FIFO schedulingand drop-tail queuingexcept in RED
simulations. � RAP connectionsfrom sources

� $

...
���

to receivers �

$

...�

�

sharethebottleneckbandwidthwith
� TCP �o ws from sources

�2$

...
�

� to receivers
��$

...
�

� .
DataandACK packetsizesaresimilar for RAPandTCP
�o ws. For a fair comparison,all connectionshave equal
end-to-enddelay. The buffer sizeat

��� $

is four times
theRTT-bandwidthproductof thebottlenecklink, except
whereotherwisestated. All simulationswere run until
they exhibited steadystatebehavior. All TCP �o ws are
“FTP” sessionswith anin�nite amountof data.TheTCP
receiverwindow is largeenoughthatTCP�o w controlis
not invoked.Theaveragebandwidthfor each�o w is mea-
suredby thenumberof deliveredpacketsduring the last
threequartersof the simulationtime to ignore transient
startupbehavior. Simulationparametersaresummarized
in table1.

Table1
Packet Size 100Byte
ACK Size 40Byte
BottleneckDelay 20ms
B/W perFlow 5 KByte/s
B/W of SideLinks 1.25MByte/s
Tot. Delayof Side-Links 6 ms
SimulationLength 120sec
TCPMaximumWindow 1000
TCPTimeoutGranularity 100ms

A. EvaluationMethodology

In anenvironmentwith largenumbersof parameters,it
is generallyhardto isolatea particularvariableandstudy
its relationwith aparticularparameterbecauseof existing
inter-dependency amongvariables.In particular, TCP is
a moving target. It' s behavior changesdrasticallywith
con�guration parametersand it hassomeinternal con-
straints. During our simulations,with someexceptions,
we attemptedto minimize theseproblemsby using the
following guidelines:
1. To identify the impactof TCP's constraintsfrom the
inter-protocoldynamicsonourresults,wehavecompared
RAPwith different�a vorsof TCP.
2. Welimited theside-effectof bottleneckbandwidthand
buffer spacecontentionby scalingup resourcespropor-
tional to the numberof �o ws so that the amountof re-
sourceshareper �o w remains�x ed acrosssimulations.
Sincethebandwidthandthebuffer sizeof thebottleneck
link arescaledup equally, the maximumqueuingdelay
doesnot changeacrosssimulations. The impact of re-
sourcecontentionis alsostudiedseparately.
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3. We chosecon�guration parametersso that the TCP
congestionwindow tendsto besuf�ciently largeandTCP
remainsin its well-behavedmode.
4. We have exploreda reasonableportionof theparam-
eterspaceto examineinter-protocolfairnessover a wide
rangeof circumstances.
5. As a baselinefor comparison,we occasionallyre-
placedall theRAP�o wswith TCPandranthesamesce-
nariowithoutany RAP�o w. We call thisTCPbase-case.
The TCP basecasemay help us to separatethosephe-
nomenonthatarepurelyrelatedto TCPtraf�c.

B. ExperimentsandResults

B.1 TCP-friendliness

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

� TCPTahoe�o wscoexistingoverthetopologydepicted
in �g. 2. The resources(i.e. the bottleneckbandwidth
and the buffer size) are scaledup linearly with the to-
tal numberof �o ws. The rangeof the bandwidthshare
amongRAP and TCP �o ws are representedby vertical
barsaroundthe averagevalue. This result implies that
RAP is not terribly TCP-friendly acrossthesesimula-
tions. The observedunfairnesscanbe dueto TCP's in-
herentperformancelimitations, an artifact of con�gura-
tionparameters,orunfairnessimposedbycoexistingRAP
�o ws.

TCPsuffersfrom someperformancelimitations[5]. In
particular, whenTCPexperiencesmultiplelosseswithin a
window or thewindow is smallerthan4, it is constrained
to either wait for retransmissiontimeout or go through
slow-start.As aresult,TCPmaytemporarilyloseits ack-
clocking andits congestioncontrol mechanismdiverges
from the AIMD algorithm. The severity of the problem
variesamongdifferent�a vorsof TCPandmainlydepends
onwindow sizeandlosspatterns.TCPSackis ableto re-

cover from the multiple lossscenarioseasierthanother
�a vors of TCP whereasReno's performanceis substan-
tially degraded[5]. Generally, TCP'sability to ef�ciently
recover from multiple lossesincreaseswith its window
size.ThemoreTCPdivergesfrom theAIMD algorithm,
thelessbandwidthit obtains.

WeexploitedthedifferenceamongvariousTCP�a vors
to assessthe impact of TCP's performanceproblemon
the observedunfairness.We have repeatedthesameex-
perimentwith RAP againstReno,NewReno[5]andSack
TCP. Our resultscon�rm that thelarge-scalebehavior of
TCP traf�c is in agreementwith the behavior reported
in [5]. Theseexperimentsalsoreveal that TCP's inher-
ent performanceproblemspartially contribute to unfair-
ness.We would like to limit theimpactof theTCP's per-
formanceproblemsandfocuson theinteractionbetween
RAP andTCPtraf�c. Therefore,we choseTCPSackas
anidealrepresentative for TCP�o ws. For therestof this
paperwheneverwe referto TCP, wemeanTCPSackun-
lessexplicitly statedotherwise.

Sincewe areunableto exhaustively examinethe pa-
rameterspace,we focusour attentionon parametersthat
play key roles in protocols' behavior. RTT and TCP's
congestionwindow are particularly important. RTT is
crucialbecauseit affectsrateadjustmentin bothRAPand
TCP. TCP's congestionwindow is a primaryfactorin the
performanceof theTCPprotocol.We introducetheterm
inter-protocol fairnessratio that is the ratio of the aver-
ageRAP bandwidthcalculatedacrossall theRAP �o ws
over theaverageTCPbandwidthcalculatedacrossall the
TCP�o ws. We changedthedelayof thebottlenecklink
to control thevalueof RTT. Thebandwidthwaslinearly
scaledup with the total numberof �o ws andthe buffer-
ing wasadjustedaccordingly. Otherparametersare the
sameastable1. Fig. 4 depictsthefairnessratioasafunc-
tion of thebottlenecklink delayandthe total numberof
�o ws. Eachdatapoint is obtainedfrom an experiment
wherehalf of the �o ws areRAP and the otherhalf are
SackTCP. This revealsseveral interestingtrendsin the
fairnessratio:

For a particularvalueof thebottleneckdelay, increas-
ing thenumberof �o wsimprovesthefairnessratioexcept
for thesmallestvalueof delay(20ms)in which theratio
neverconvergesto one.This �gure illustratesthatexcept
for smallsimulations,RAP exhibitsTCP-friendlybehav-
ior. The differentbehavior in small simulationshasto
dowith TCP'sburstinessandlosspatternin thesescenar-
ios[19].

Excluding simulationswith a small bottleneckdelay
aswell assmall simulations,the fairnessratio is mostly
closeto oneandis not a functionof theRTT. Theprob-
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Fig. 5. Variationof theFairnessratiowith TCP's congestionwindow

lem with shortbottleneckdelayin small simulationshas
to dowith thesmallsizeof TCP'scongestionwindow. In
thesescenarios,TCP hasa smallercongestionwindow
and frequentlyexperiencesretransmissiontimeout. As
the bottleneckdelay increases,both the bottleneckpipe
sizeandthebuffer sizeincrease.This allows TCP�o ws
to have a largernumberof packetson-the-�y andmain-
tain their ack-clocking. We conductedanotherset of
simulationsto observe the primary effect of TCP's con-
gestionwindow onthefairnessratio.Thecongestionwin-
dow is dependentonseveralparameterssuchasavailable
bandwidthper �o w, buffer size,meanqueuesize,queue
managementschemeandnumberof �o ws. We adjustthe
bottleneckbandwidthasa primary factor to control the
valueof congestionwindow. We decidedto measurethe
numberof outstandingTCP packetsper �o w insteadof
congestionwindow for two reasons.Firstly, TCP's con-
gestionwindow maynot be full duringthe fast-recovery
period. In thosecases,TCP's behavior dependson the
numberof outstandingpackets. Secondly, sinceRAP is

 Fairness Ratio across the parameter space with F.G. adaptation
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Fig. 6. FairnessRatioacrosstheparameterspace

not a window-basedmechanism,the numberof packets
on-the-�y seemsto betheonly commonbaseof compar-
ison from the network's point of view. Fig. 5 shows the
variationof the fairnessratio asa function of the num-
ber of �o ws andthe amountof allocatedbandwidthper
�o w. Sincethenumberof outstandingpacketsis depen-
denton both variables,we have usedthe meannumber
of outstandingpackets(averagedacrossall theTCP�o ws
in asimulation)asthex coordinatefor thecorresponding
datapoint insteadof the amountof allocatedbandwidth
per�o w. This graphclearlycon�rms our hypothesisthat
TCP's performanceis directly in�uenced by thenumber
of outstandingpacketsin transit. As the numberof out-
standingpackets grows, the fairnessratio improvesex-
ceptfor simulationswith a smallnumberof �o ws ( � =1).
Therefore,undera heavy load,if thenumberof outstand-
ing packetsfor a TCP �o w dropsbelow a threshold,its
performanceis substantiallydegraded.Underthesecir-
cumstances,RAP can easily utilize the available band-
width becauseit decouplescongestioncontrolfrom error
controlandonly performstheformer.

Fig. 5 alsoimpliesthatthenumberof coexisting �o ws
doesnothaveavisibleimpactonfairnesswhenresources
arescaledappropriately, exceptfor verysmallnumbersof
�o ws.

B.2 Fine-grainrateadaptation

We have theorizedthat �ne-grain rate adaptationat-
temptsto emulatea degreeof congestionavoidancethat
TCP obtainsdueto ack-clocking. To investigatethe ef-
fectof �ne-grain rateadaptationonTCP-friendliness,we
exploredthe parameterspaceover a wide range. Fig. 6
shows the fairnessratio asa function of bottlenecklink
delayandthe total numberof coexisting �o ws. Half of
thetraf�c consistsof RAP �o ws. Comparisonwith �g. 4
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revealsthat �ne-grain rateadaptationonly improvesthe
fairnessamongconnectionswith small RTT (i.e. small
TCP window) while it doesnot affect otherareas.This
result implies that as long asTCP �o ws do not diverge
from the AIMD algorithm, the fairnessratio is primar-
ily determinedby TCP's behavior andthelarge-scalebe-
havior remainsintact. This is indeeda desiredproperty.
However, for thosescenarioswhereTCPtraf�c is vulner-
ableto lossof ack-clockingandachievesa smallershare
of thebandwidth,the�ne-grain rateadaptationenhances
resolutionof rateadaptationfor RAP�o wsby preventing
them from overshootingthe available bandwidthshare.
This in turn, reducestheprobabilityof experiencingloss
of ack-clockingacrossall theTCP�o ws. Consequently,
TCPtraf�c obtainsa fair shareof bandwidth.

B.3 REDGateways

The main challengehere was to con�gure the RED
gateway so that it behavesuniformly acrossall simula-
tions. RED's performanceclosely dependson the be-
havior of theaggregatetraf�c. Sincethis behavior could
changewith thenumberof �o ws, it is hardto obtainthe
sameperformanceover a wide rangewithout recon�gur-
ing the gateway. Table2 summarizesour con�guration
parameters:

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

Half of the traf�c consistsof RAP �o ws with �ne-grain
adaptation.Weprovidedsuf�cient bufferatthebottleneck
to eliminatebuffer over�ow. Fig. 7 shows thefairnessra-
tio for differentvalueof �

2��


 (i.e. maximumprobabil-
ity of loss)asthe numberof �o ws changes.This graph
clearlyillustratesthreeinterestingpoints:
1. Thereexists a rangefor �

2��


 whereRAP andTCP
evenlysharethebottleneckbandwidth.
2. Exceptfor small simulations,the fairnessratio does
notchangewith simulationsize.
3. The behavior of the aggregatetraf�c is substantially
differentin smallsimulations.
Fig. 7 demonstratesthatRED is ableto evenly distribute
the lossesacrossall the �o ws andavoid buffer over�ow
over a wide range.ThusRED haseliminatedtheunfair-
nesscausedby TCP's burstiness.Thehigherthevalueof

�

2�� �

, the morelikely RED is to drop a packet before
thebuffer becomesfull, andsothelower themeanbuffer
utilization is. Fig. 5 hasalreadyshown that TCP per-
forms poorly with small congestionwindow, andhigher
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Fig. 7. Impactof REDon thefairness

valuesof �

2�� �

tend to reduceTCP's meanconges-
tion window. RAP takes advantageof this, and a de-
greeof unfairnessresults.As long asthe averagequeue
sizeremainsin RED's operatingregion (below �

2��

�

�

),
thebandwidthsharebetweenRED andTCPis quitefair.
However, if the valueof �

2��


 is too small, the average
queuesizereaches�

2��

�

�

, andREDthenstartsdropping
all packetsuntil the averagequeuesizedecreasesbelow

�

2��

�

�

again.Thisprocessrepeatsandoscillationsoccur,
with the lossprobability alternatingbetween�

2��


 and
one. RED shouldnot beoperatedin this region, andthe
curve in �gure 7 shows this effect when �

2��




� 7 9 7 7	;

.
ThedifferencesbetweenRAP andTCParedueto TCP's
burstinessinteractingwith periodicoscillationsof theav-
eragequeuesizeabout �

2��

�

�

. With small simulations,
the oscillation period is long, and both TCP and RAP
losewholeRTT worth of packets.TCPtakesa very long
time to recover, while RAP recoverscomparatively eas-
ily. With large simulations,the periodof theseoscilla-
tionsis muchshorter, andalthoughafew TCP'smaylose,
on averagea TCP is lesslikely to be hit by oneof the
lossperiodsthanaRAP�o w whichspacesits packetsout
evenly. Hence,onaverageTCPperformsbetterthanRAP.
It shouldbe emphasizedthat this RED regime will im-
poseterriblelossburstson realtime�o ws, andshouldbe
avoidedat all costs.Figures8 and 9 graphthemeasured
RTT for small simulations,anddemonstratetheseoscil-
lationsin �g. 8 with �

2��




� 7:9 7�7�;

versusnormalRED
behavior in �g. 9 with �

2��




� 7 9����

. We concludethat,
with appropriatetuning, RED cansigni�cantly improve
thefairnessbetweenRAPandTCP. Howeverthataggres-
sively pushingfor very low buffer utilization is counter-
productivewhenRAPandTCPsharea link becauseTCP
thendivergesfrom AIMD.

V. CONCLUSIONS AND FUTURE WORK

Wehavepresentedarateadaptationprotocolandexten-
sively examinedits interactionwith TCPthroughsimula-
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tion. Although achieving TCP-friendlinessover a wide
rangeof network parametersis extremely challenging,
RAPreasonablyachievesthisgoal.We devisedandeval-
uateda �ne-grain rateadaptationmechanismto emulate
TCP's ack-clockingproperty. Our resultsshow that the
�ne-grain rateadaptationextendsinter-protocolfairness
to a wider range. Divergenceof TCP's congestioncon-
trol from theAIMD algorithmis oftenthemaincausefor
the unfairnessto TCP in specialcases.This problemis
pronouncedmoreclearly with RenoandTahoewhile it
hasa morelimited impacton Sack.We observedthatthe
biggerTCP's congestionwindow is, thecloserit follows
theAIMD algorithm.Properlycon�guredREDgateways
canresultin anidealinter-protocolsharing.

We plan to continueour work in several directions.
Wehavedevelopedaprototypeto examineRAP'sperfor-
mancein a real network. RAP is just a corecomponent
of the end-to-endarchitecture(�g. 1) for unicastplay-
backof realtimestreamsover best-effort networks. We
have also developeda “quality adaptation”mechanism
that smoothlyadjuststhe quality of a layeredencoded
playbackvideo while its transmissionrate is controlled
by RAP.
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