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Abstract

Congestionandflow control is an integral part of any Internetdatatransportprotocol. It is widely
acceptedthatthecongestionavoidancemechanismsof TCPhavebeenoneof thekey contributorsto the
successof the Internet. However, TCP is ill-suited to real-timemultimediastreamingapplications.Its
bursty transmission,andabruptandfrequentwide ratefluctuationscausehigh delayjitters andsudden
quality degradationof multimediaapplications.For asymmetricnetworks suchaswirelessnetworks,
cablemodems,ADSL, andsatellitenetworks,transmittingfeedbackfor (almost)every packet received
asit is donein TCPcausescongestionin thereversepath.In thisenvironment,TCPmayseverelyunder-
utilize theforwardpaththroughput.Useof multicastfurthercomplicatestheproblem;TCP-likefrequent
feedbackfrom eachreceiver to thesenderin a largescalemulticastsessioncausewell-known scalability
limitations(e.g.acknowledgmentimplosion).

We have developeda new flow control approachfor multimediastreaming,calledTCP emulation
at receivers(TEAR). TEAR shiftsmostof flow controlmechanismsto receivers. In TEAR, a receiver
doesnot sendto thesenderthecongestionsignalsdetectedin its forwardpathbut ratherprocessesthem
immediatelyto determineits own appropriatereceiving rate. TEAR candeterminethis rateusingcon-
gestionsignalsobservedat thereceiver. Thesesignalsareusedto emulatetheTCPsender’sflow control
functionsat receivers.Theemulationallows receiversto estimatea TCP-friendlyratefor thecongestion
conditionsobserved in their forwardpaths. TEAR alsoallows receiversto adjusttheir receiving rates
to a TCP-friendlyratewithout actuallymodulatingthe ratesto probefor sparebandwidth,or to react
to packet lossesdirectly. Thus,theperceivedratefluctuationsat theapplicationaremuchmoresmooth
thanin TCP.

A unicastversionof TEAR is implemented.This reportdescribestheimplementationof TEAR, ex-
aminetheperformanceof this TEAR implementationfrom theNS simulationandInternetexperiments,
andcompareit with thatof otherTCP-friendlyflow control techniques.Our preliminarytestsindicate
thatTEAR shows superiorfairnessto TCPwith significantlylower ratefluctuationsthanTCP. TEAR’s
sensitivity to feedbackinterval is very low, so thatevenunderhigh feedbacklatency, TEAR flows ex-
hibit acceptableperformancein termsof fairness,TCP-friendliness,andratefluctuations.Finally, I will
discussthefutureextensionof TEAR for multicastenvironments.

�
This work is supportedin partby NSFCAREERANI-9875651.
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1 Intr oduction

As the Internetbecomesmorediversifiedin its capabilities,it becomesfeasibleto offer servicesthatwere
not possibleunderearlier generationsof Internet technologies.Real-timemultimediastreamingand IP
multicastaretwo suchemerging technologies.Thedevelopmentanduseof commercialapplicationsbased
on thesetechnologies,suchasInternettelephony, will becomeincreasinglyprevalent,andtheir traffic will
constitutea largeportionof theInternettraffic in thefuture.

Congestionandflow controlisanintegralpartof any Internetdatatransportprotocolwhosetraffic travels
a sharednetwork path. It is widely acceptedthat thecongestionavoidancemechanismsemployed in TCP
have beenoneof thekey contributorsto thesuccessof the Internet. However, few commercialstreaming
applicationstodayareequippedwith end-to-endflow control.Thetraffic generatedby theseapplicationsare
unresponsive to congestionandcancompletelylock outothercompetingflows,monopolizingtheavailable
bandwidth.Thedestructiveeffectof suchtraffic ontheInternetcommonwealth,namelycongestioncollapse,
hasbeenwell studied[1].

TCP is ill-suited for real-timemultimediastreamingapplicationsbecauseof their real-timeandloss-
tolerantnatures.Its bursty transmission,andabruptandfrequentdeepfluctuationsin thetransmissionrate
causedelay jitters andsuddenquality degradationof multimediaapplications.For asymmetricnetworks
suchaswirelessnetworks,cablemodems,ADSL, andsatellitenetworks,transmittingfeedbackfor (almost)
every packet receivedasit is donein TCPis not very attractive becauseof lackof bandwidthon thereverse
links. In asymmetricnetworks, packet lossesanddelaysoccurringin reversepathsseverely degradethe
performanceof existing roundtrip basedprotocolssuchasTCP, resultingin reducedbandwidthutilization,
fairness,andscalability[2, 3, 4]. Useof multicastfurthercomplicatestheproblem;in large-scalemulticast
involving many receivers (10,000to 1M receivers), frequentfeedbacksentdirectly to the sendercauses
implosion.

Theobjectiveof ourwork is to develop,verify analyticallyandexperimentally, andimplementasuiteof
end-to-endflow controlprotocolsfor unicastandmulticastreal-timestreamingapplications.Thedeveloped
protocolsareevaluatedbasedon TCP-friendliness,stability, andscalability. Thesepropertiesmusthold
regardlessof thetypesof networks,or morespecificallywhethernetworksaresymmetricor asymmetricin
bandwidthanddelays.

We informally definethesepropertiesasfollows:

� FairnessandTCP-friendliness:let � bethetotalbandwidthusedby � TCPflows whenthey areonly
flowsrunningonanend-to-endpath.Supposethatthereare � flows(of any protocol)runningonthat
samepath,theneachflow mustuse �	�
� bandwidthshare.

� Stability: after a network undergoessomeperturbationbecauseof flows joining andleaving, if the
network reachessteadystate,nomatterwhatthestateof theprotocolat theendof theperturbationis,
theprotocoleventuallyreachesthefair andTCP-friendlyrate.

� Scalability: theperformanceof aprotocolinstancedoesnotdependon thenumberof its receivers.

We plan to achieve our goalby implementinga technique,calledTCPemulationat receivers (TEAR),
thatshiftsmostof flow controlmechanismsto receivers. In TEAR, a receiver doesnot sendto thesender
thecongestionsignalsdetectedin its forwardpathbut ratherprocessesthemimmediatelyto determineits
own appropriatereceiving rate.In receiver-drivenflow controlsuchasonesin [5, 6], thisratecanbeusedby
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that
�

receiver to control its receiving rateindependentlywithout any feedback.In sender-drivenflow control
suchastheonein [7], theratecanbesentto thesenderfor controllingthetransmissionrate.Notethat this
feedbackhappensmuchlessfrequentlythanthatusedfor acknowledgmentin TCP. Thus,it is morescalable
andsuitablefor multicastandasymmetricnetworks.

TEAR candeterminethe“appropriate”receiving ratesof receiversbasedoncongestionsignalsobserved
at the receiver, suchaspacket arrivals, packet losses,andtimeouts. Using thesesignals,TEAR emulates
the TCP sender’s flow control functionsat receivers including slow start, fast recovery, and congestion
avoidance.This emulationallows receivers to estimatea TCP-friendlyratefor the congestionconditions
observed in their forwardpaths.Further, TEAR smoothesestimatedvaluesof steady-stateTCPthroughput
by filtering noise.This smoothedrateestimatewill be reflectedinto the rateadjustmentof receiving rates
(e.g.,by askingthe senderto setthe transmissionrateto the smoothedrateestimate).Therefore,TEAR-
basedflow controlcanadjustreceiving ratesto aTCP-friendlyratewithout actuallymodulatingtheratesto
probefor sparebandwidth,or to reactto packet lossesdirectly. Thus,theperceived ratefluctuationsat the
applicationaremuchmoresmooththanin TCP.

In this report,we presenta unicastTEAR implementation.Thedetaileddescriptionon unicastTEAR
canbefoundin Section3. Weconductedsomepreliminarysimulationexperimentsusingns.Ournssource
codeis availableon the public (we will also incorporateit into the daily snapshotof the ns distribution
soon).Experimentsarefocusedon studyingfairness,TCP-friendliness,ratefluctuations,andits suitability
underasymmetricnetworks. We comparethe performanceof TEAR with that of TFRC [8] (the daily
snapshotversionof Mar. 2, 2000)underthesamesimulationenvironments.Thefollowingssummarizeour
preliminaryfindings.

� FairnessandTCP-friendliness:TEAR andTFRCshow excellentfairnessandTCP-friendlinessunder
high bottlneckbandwidth.However, asthenumberof competingTCP(SACK) flows increasesover
a connectionwith a drop-tail router, both TEAR andTFRC uselessthanthe fair bandwidthshare.
Nontheless,the ratio of the fair shareover the TEAR’s bandwidthsharecanbe boundedwithin a
factorof 2 or 3 in theworstcase.However, TFRC’s sharedropsto zerounderthis environment(we
reportedthisproblemto theTFRCfolks).

TEAR andTFRCperformmuchbetterunderaREDrouter. TEAR showsalmostperfectfairnessin all
cases(low to high bandwidth)regardlessof thenumberof TCPflows. However, TFRC’s bandwidth
sharestill dropsto zerowhenthenumberof competingTCPflowsis highandtheavailablebandwidth
is low.

� Ratefluctuations:both TEAR andTFRC flows show a muchfewer andlower amountof ratefluc-
tuationsthanTCP flows. However, TFRC flows exhibit muchmorefluctuationsthanTEAR when
competingwith TCP. This is the caseeven with the “CA” option of TFRC which the TFRC folks
claim to have aneffect of reducingratefluctuations.We noticedthatunderour testingenvironments
theoptiondoesnotseemto have mucheffect.

� Sensitivity to feedbackfrequency (or time-scaleof feedback):underasymmetricenvironmentsor
multicastenvironmentswith many receivers,sendingfrequentfeedbackfrom receiverscoulddegrade
bandwidthutilization andscalability. TEAR seemsto show goodstability even with high feedback
latency; whenfeedbacklatency is increasedup to 10 RTTs, TEAR flows exhibit acceptableperfor-
mancein termsof fairness,TCP-friendliness,andratefluctuations.However, TFRC doesnot work
well whenfeedbacklatency increases(its flows tendto monopolizethebandwidth,completinglock-
ing out TCPflows). TFRCfolks told us that thecurrentimplementationof TFRCis not designedto
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handlefeedbacklatency larger than1.5 RTTs (thusimplying it may not be an inherentproblemof
TFRC).

We arealsocurrentlyperformingInternetexperimentsover variousInternetconnections.As their data
becomeavailable,we will reportresultson this page.

Disclaimer:bothTEAR andTFRCimplementationsareevolving evenaswewrite thisdocument.Thus,
the performanceresultwe reportheremay not be of inherentcharacteristicsof the protocols(somebugs
mightstill bepresent).In addition,moreengineeringandoptimizationarerequiredto thecurrentversionof
TEAR. For instance,TEAR’sslow startbehavior or responsetime to changesin availablebandwidthis not
studied.As we applymoreoptimization,we will reportthaton thispage.

2 Relatedwork

Existingflow controlprotocolsfor multimediastreamingapplicationscanberoughlycategorizedinto two
approaches:sender-basedAIMD (SAD)[9, 10, 11, 12, 13] andmodel-basedflowcontrol (MFC) [14, 15, 16,
17, 6, 7, 18].

SAD performsadditive increaseandmultiplicative decrease(AIMD) ratecontrolat a senderasin TCP.
Typically, the protocolsadoptingSAD requirea receiver to sendoneacknowledgmentfor every received
packet to detectcongestionindicationssuchaspacket lossandtimeouts.Becauseof their AIMD property,
they areprovably stableandfair understeadystate.Theseprotocolsalsodependon RTT. Becauseof their
frequentflow controlfeedbackpackets,reversepathconditionscanseverelydegradetheir performance.

MFC usesa stochasticTCP model [19, 20, 21] which representsthe throughputof a TCP senderas
a function (or formula) of packet loss ratesand round trip time (RTT). SinceMFC protocolscan run at
receivers, the problemsassociatedwith congestionin reversepathsmay not occur. However, thereare
severalissuesthatneedfurtherstudy. First,its stabilitypropertyisnotcertain.Ourpreliminarywork [22, 23]
suggeststhat undercertaincircumstances,the protocolsdo not converge to the fair bandwidthshareof
network paths(resultingin eitherover-allocationor under-allocationof bandwidth).This happensbecause
of inaccuracy in estimatinglossratesandin theformula itself. It is not clearwhethertheir deviation from
fairnesscanbebounded.Second,modelingassumptionsmadeby theseprotocolsmaynot universallyhold
in all network environments.For instance,the TCP formula is not reliablewhenpacket lossesor RTT is
correlatedto thetransmissionrateof theflow beingcontrolled[17]. Thissituationis commonlyobservedin
asymmetricnetworksor underlow statisticalmultiplexing environments.

Tuan and Park [24, 25] proposea novel congestioncontrol schemefor real-timetraffic which takes
advantageof self-similarityof Internettraffic [26, 27, 28, 29]. Theschemeextractsthecorrelationstructure
presentover multiple time scaleof Internettraffic andusesthat informationto predictthecongestionlevel
of future.Predictedcongestionlevel is usedto determinethedegreeatwhichaflow rateincreases;whenthe
predictedcongestionlevel is low, a flow canafford to increaseits transmissionratefasterthanthenormal
linearincreaseandwhenit is high,it canincreasemoreslowly thanthenormalincrease.Webelieve thatuse
of theself-similaritypropertyof Internettraffic in predictingfuturetraffic characteristicscanbeapplicable
to many differentpartsof traffic control.

Rheeet al. [30] andGolestaniandSabnani[31] proposewindow-basedhierarchicalflow control for
reliablemulticast.Theprotocolsroughlyrunin asimilar fashionwherereceiverscomputeTCP-window and
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report� their window sizesto thesenderthrougha logical treestructureimposedon the receiver set. Since
theseprotocolsrequireeachreceiver to sendfeedback(or a summaryof feedback)per window update,
theseprotocolsdo not requireexplicit RTT estimation. However, to consolidatefrequentfeedbackfrom
receivers,ahierarchicallogical relationamongreceiversandthesenderis necessary. Anotherproblemwith
the window-basedapproachis its susceptibilityto the drop-to-zeroproblem[32, 33]. Transientnetwork
congestionconditionscan causereceiver windows to be reduced. Sincethe sendertakes the minimum
window sizereportedfrom receiversto determinethenumberof packetsto send,following instantaneous
minimumwindow sizescancausesevereunder-utilizationof theavailablebandwidthonthebottleneckpath.

Oneof theprotocolsbeingconsideredby theIRTF-RM groupis calledTCP-friendlymodel-basedflow
control (TFMC) [7] whereusingaTCPformula[21], theTCPthroughputonthebottleneckpathisestimated,
andthesender’s rateis setto thatthroughput.TFMC is consideredto bematureenoughto besubmittedfor
standardizationto IETF [34]. However, we believe thatthenumberof issueswe mentionedabove for MFC
mustberesolvedbeforethestandardization.

Receiver-driven layered multicast(RLM) [5] is the first scalableflow control protocol that combines
layeredencodingwith receiver-driven flow control. In RLM, receivers join a new layer if they do not
observe packet lossesfor someperiodof time,andleave a layer if they experiencepacket losses.Joininga
new layerduringnolossperiods,whichis referredto asjoin experiments, allowsreceiversto probefor spare
bandwidth.Joinexperimentfails if packet lossesoccurafter joining a new layer, in which case,receivers
immediatelyleave thatnew layer. Thestability propertyof RLM, however, is uncertain.Themainproblem
liesin thatwhenpacket lossesoccur, only onelayeris droppedatatimewhichresultsin linearratereduction
duringpacket loss.Sincetherateincreasesby addingonelayeratatime,theratealsoincreasesonly linearly.
This symmetryin rateadjustmentcausesinstability andunfairness.It is possiblethat thebandwidthshares
of TCPandRLM divergeandRLM canmonopolizethebandwidthby completelylocking outTCP.

Vicisano,Rizzo,andCrowcroft [35] proposesa techniquethatimproveson RLM by addinga TCP-like
rateadjustmentschemeto layering-basedflow control. We call this techniqueVRC. VRC mimics TCP’s
AIMD control by settingthe datarateof eachlayer exponentially. So whena receiver subscribingup to
the 
 -th layerdoesnot seeany packet lossfor a giventime ��� , it canadda new layer. Thedatarateof this
new layerand � � areexponentialfunctionsof 
 . VRC alsoaddsaninnovative sender-orientedcoordination
mechanismfor join experiments.Somepreliminarystudy[36] showsthatthiscoordinationcansubstantially
improve themax-minfairnessof theprotocol.Onepotentialdrawbackin VRC is thatit lacksamechanism
to determineTCP-friendlyshares.Although its AIMD control can improve fairnessandstability among
theflows of its protocol,thedatarateof receiversmaynot befair with TCPflows competingon thesame
end-to-endpaths(i.e., thereis no boundon fairnessto TCPflows). This is becausetheratesdeterminedby
VRC arecompletelyindependentof network delays.It is uncertainwhethera flow ratecanbemadeTCP-
friendly while beingcompletelyunresponsive to network delays.Anotherpotentialproblemwith VRC is its
multiplicative rateincreasewhenaddinganew layer. Althoughthewaitingtimebeforejoining thenew layer
is spacedmultiplicatively to mimic additive increase,this suddenincreasemight alsocausebig oscillation
in receiving rates.VRC attemptsto avoid thisproblemby injectingartificial bursttraffic into existing layers
to testwhetherthenew layer’s ratecanbeaccommodatedby receivers.However, packet lossesinducedby
theseburstsmayincursuddenplayoutqualitydegradation.Althoughthe“damage”dueto theburstscanbe
restoredlateron, thesuddenvariationsin playoutquality canbevery disconcertingfor users.

Wu et al.[37] proposeusing small equalbandwidthlayerscalled “ThinStreams”to achieve smooth
fluctuationin rate.This allows flow controlbasedon layeringto performfine-grainedrateadjustment.

Li et al.[6], Turletti et al.[16] and Wang and Zhakhor [18] proposeto usea TCP formula [19, 14]
wherereceivers determinewhetherto drop a layer basedon a TCP formula. Li et al.[6] also provides
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an� innovative schemethatensuresinter-sessionfairnessamongcompetingflows by alteringthesensitivity
of eachlayer to respondto loss rates. However, as we discussedin [22], a model basedapproachcan
potentiallycauseinstability; undercertaininitial ratessetby receivers, receiving ratescanconverge to a
non-fair bandwidthshare.It requiresfurtherstudyto verify whetherthesimilar instabilitydueto inaccuracy
in theTCPthroughputformuladoesnotoccurin their techniques.

Therearesomenewly emerging classof flow control for multimediastreamandreliablemulticast[38,
39, 40, 41] usingroutersupport.Especially, theapproach[39, 42] basedon packet filtering in PGM [43] is
gainingsomeinterestfrom theInternetcommunity. Theprotocolrequiresadown link routerto monitorthe
aggregateof all flowsacrossthelink, andto reportthecongestionmeasurementup towardthesourceof the
IP multicasttree.At a regulationpoint in thetree,a routerusespacket filtering to regulatetherateof theIP
multicastflow to thelink. Therateis determinedusinga TCP-formula[21] which takesthemeanlossrate
andRTT on thelink. In somesense,we canview this problemasa unicastproblembetweentheup-stream
regulationrouterandthe down-streamrouter. The only differenceis that the ratecontrol is performedat
routers.Thus,theresultof ourproposedwork canbeapplicableto this typeof flow control.

3 TCP emulation at receiver (TEAR)

3.1 Basicassumption

We assumethat the probability of having a packet losswithin a window of � consecutively transmitted
packetsdoesnot dependon their transmissionrate.That is, no matterhow largeor small intervals they are
transmittedin, theprobabilitythatat leastoneof themin thatwindow is lost is thesamegiventhenetwork
conditionsdonot changeduringthetransmissionperiod.Wecall thisassumptionrateindependence.

In today’s Internet,packetsaredroppedfrom routersindiscriminatelyof thetransmissionratesof flows
whenrouterslack buffer. Even in future Internetwheremorefair queuingandQoSmechanismsarepro-
vided,it will bestill thecaseat leastfor theflowswithin thesameclass(becauseQoSprovisioningis likely
appliedto aggregatedflows). Rateindependenceholdsif packet losseshappenindependentlybecausepack-
etsaredroppedindiscriminatelyatrouters.Unfortunately, in today’s Internetwheredrop-tailroutersprevail,
packet lossesarehighly correlated.

However, therehaveanumberof studiesthatlossburstsin theInternetareshortandthelosscorrelation
doesnotspanlong,typically lessthanoneRTT. Further, TCPcanbetypically modeledusinga“lossevent”
whichis, informally, definedtobeasinglelossburst(or thelosseswithin thesameTCPcongestionwindow).
This is becauseTCP reactsonly onceper lossevent. In fact, many TCP literatures(e.g.,[14, 20, 15, 16,
17, 18]) assumethat losseventsarenot correlatedandhappenindependently. Therefore,if we treatlosses
within thesamelossburstasa singlelossevent,we candescribethebehavior of losseventsby a Bernoulli
model. WhenemulatingTCP, TEAR ignoreslossesthat are likely correlated,andtreat themasa single
lossevent. We believe thatundersuchoperatingconditions,rateindependencecanbegenerallyassumed.
However, in this report,we provide noevidencefor rateindependencein thecurrentInternet.Furtherstudy
is required.

Rateindependenceplaysan essentialrole in establishingthe theoreticalfoundationof our approach.
Theproblemwe faceis to estimatethethroughoutof aTCPconnectionover thesameend-to-endpathonly
by observingpacket arrival processof a TEAR connectionat the receiver. Note thatpacketsin TEAR are
possiblytransmittedat a different ratethanthosein the TCP connection.This assumptionimplies that a
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windo� w of � packetsin theTCPconnectionhasthesamelossprobabilityasthat in theTEAR connection
regardlessof their transmissionrates.Thus,TEAR canignorerealtime over which a window of packetsis
transmittedor thetransmissionrateof theconnectionwheretheestimationtakesplace.

3.2 Round

TCPmaintainsa variablecalledcwndthat indicatesthenumberof packetsin transitfrom thesenderto the
receiver. cwnd is updatedwhenthesenderlearnsvia an acknowledgmentthat a packet is received by the
receiver. TEAR alsomaintainsthe samevariableat the receiver (insteadof at the sender)andupdatesit
accordingto thesamealgorithmbasedon thearrival of packets. However, sinceTEAR andTCPmight be
sendingatdifferentrates,thewindow updatefunctioncannotbedescribedin termsof real-time(e.g.,round
trip time). We modelthe TCP window adjustmentprotocol in termsof round insteadof round-triptimes
(RTT).

A transmissionsessionis partitionedinto non-overlappingtime periods,rounds. A new roundbegins
whenthecurrentroundends.A roundcontainsroughlyanarrival of thecwndnumberof packets.In TCP, a
roundis recognizedat thesenderwhenanacknowledgmentpacket is receivedfor thereceptionof packetsin
thecurrentcongestionwindow (cwnd) whereasin TEAR, thereceivercanrecognizearoundwhenreceiving
packets.

This differencemay causecwnd to be updatedat a different rate in TEAR than in TCP sincecwnd
is updatedat eachround insteadof eachRTT. In TEAR, the durationof a round dependson the inter-
arrival timesof cwndpacketswhich dependon the transmissionrateof TEAR. However, in TCP, a round
impliesoneRTT sinceTCPupdatesits window at thesenderat thereceptionof acknowledgment.Figure1
illustratesthis difference.To accountfor this discrepancy, TEAR estimatesTCPthroughputby assigninga
fictitious RTT time to eachround.Whenestimatingthetransmissionrateduringoneround,TEAR divides
thecurrentvalueof cwndby thecurrentestimateof RTT insteadof thereal-timedurationof theround.The
TEAR receiver estimatesthe TCP throughputby taking a long-termweightedaverageof theseper-round
rates,andreportsit to the sender. The sendersetsits rateto that reportedrate. Below, we provide more
detailson theTEAR protocol.

cwnd

one TEAR round

one TCP round cwnd

(a) Round in TCP (b) Round in TEAR

receiver

sender

Figure1: Rounds
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3.3
�

Statetransition

Thestatesof theTEARprotocolconsistof sevenstates:SLOW-START-READY,SLOW-START,CONGESTION-
AVOIDANCE-READY, CONGESTION-AVOIDANCE, FAST-RECOVERY, TIMEOUT, andGAP. Figure
2 shows the statetransition diagramof the protocol. SLOW-START, CONGESTION-AVAOIDANCE,
FAST-RECOVERY, andTIMEOUT correspondsto thestatesof TCPduringslow-start,congestionavoid-
ance,fastrecovery, andtimeoutrespectively. SLOW-START-READY,CONGESTION-AVOIDANCE-READY,
andGAP areintermediarystatesrequiredto run thewindow adjustmentprotocolat thereceiver.

Congestion Avoidance

Timeout

Slow Start Ready

After one RTT

Slow Start

one packet received
packet loss

CWND >= ssThrsh

packet loss

TDTO

GAP

Fast Recovery

After one RTT

one packet received

Congestion Avoidance Ready

received

that triggered GAP
the lost packet 

Figure2: Statetransitionof TEAR

Thefirst roundbeginsat thebeginningof a transmissionsession,andthestateis initialized to SLOW-
START-READY. Initially cwndis setto 1, anda variablessThrsh is setto a default valuelarger than2. It
is usedto transit the protocolstatefrom SLOW-START to CONGESTION-AVOIDANCE. Whenreceiv-
ing the first datapacket, the secondroundbegins andthe stateis changedto SLOW-START. During the
CONGESTION-AVOIDANCE or SLOW-START state,a roundendsonly whenthe ����������� �!�#"%$ number
of packetsarereceived from thebeginning of that round. lastCwndis thevalueof cwndat theendof the
previous round. A new roundalsobeginswhenthestateis changedto theFAST-RECOVERY-READY or
SLOW-START-READY state.No new roundstartsin theGAP, FAST-RECOVERY, or TIMEOUT state.

3.4 Incr easewindow algorithm

We saythata packet is received in sequenceif thedifferencebetweenthesequencenumberof thatpacket
andthat of its last received packet is exactly one. cwnd is incrementedwhena new packet is received in
sequenceat theCONGESTION-AVOIDANCE,or SLOW-START state.cwndis alsoincrementedwhenthe
receiversenterstheCONGESTION-AVOIDANCE, or SLOW-START state.Whena packet is received at
theCONGESTION-AVOIDANCE stateor whenthestateis changedto theCONGESTION-AVOIDANCE
state,cwndis incrementedby &��'�������(�)�!�#" . This emulatesTCPwindow increaseduringcongestionavoid-
ance. Whena packet is received in sequenceat the SLOW-START stateor whenthe stateis changedto
SLOW-START, cwndis incrementedby one.This emulatesTCPwindow increaseduringslow start.At the
beginningof eachround,lastCwndis updatedto thevalueof cwndto beusedin computingthenext round’s
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increment.
*

Whenanupdatedcwndis largerthanssThrshat theSLOW-START state,thestateis changedto
CONGESTION-AVOIDANCE.

3.5 Decreasewindow algorithm

Supposethatthelastpacket receivedhasasequencenumber� . Whenanew packet receivedhasasequence
numberlarger than �,+-& (i.e., it is not in sequence),andthe stateis SLOW-START or CONGESTION-
AVOIDANCE, we changethestateto theGAP state(i.e.,a packet lossis detected).During theGAP state,
cwnd is not modified. The GAP stateis an intermediarystatewherethe receiver determineswhetherthe
lossesarefor timeoutor triple duplicateacknowledgmentevents. In TCP, whena packet lossoccurs,the
sendereitherdoesnot receiveany acknowledgmentor receivesonly duplicateacknowledgmentsandduring
this time,cwndis unchanged.GAPmimicsthestateof TCPduringthis time.

Fastrecovery In TCP, packetsreceivedafterapacket losstriggersaduplicateacknowledgment.Thus,the
receptionof threepacketsafter the losseswill trigger threeduplicateacknowledgmentsin TCP(assuming
no delayedacknowledgment).If theseacknowledgmentsarereceived beforethe timeout,theTCP sender
entersthe fastrecovery phase.Note that in TCP (SACK) at most ���.�/��� �0�#"213& packetsaretransmitted
after the transmissionof thepacket that is lost. Emulatingthis behavior, theTEAR receiver entersFAST-
RECOVERY from GAP whenat leasttwo packetsarereceivedbeforereceiving any packet with sequence
numberlargerthan �4+5���.���(�)�!�#" . In addition,thesepacketsmustbereceivedwithin a 687 �:9<;�=�> 7 periodafter
thereceptionof packet � (thelastpacket receivedin sequencebeforetheGAPstate).6 7 �?9@;A=�> 7 is anestimated
time for lastCwndpacketsto arrive,andis definedbelow. Figure3 illustratesthefastrecovery detectionof
TCPandTEAR.

TCP sender
performs fast
recovery here

Duplicateacknowledgements
cwnd: 5

Tear receiver
performs fast
recovery here

cwnd: 5

Figure3: Fastrecovery

In theGAP state,if packet �B+C& is received,it returnsto thelaststatebeforeGAP, andcwndis updated
accordingto theincreasealgorithm.This happenswhenpacket �D+C& is reorderedin thenetwork. All those
packetsreceivedbeforethereceptionof this reorderedpacket �E+3& , but have a highersequencenumberof
�F+G& areconsideredto bereceivedatoncewhenthestateis resumedfrom GAP. Thus,cwndis incremented
for eachof thosepacketsif thereis nomissingpackets.If thereis any packet 
 whosenext packet in sequence
is not received,but somesubsequentpacketsto 
 (i.e.,somepacket is missing)are,thenthestateis changed
to a new GAP state.At this moment,the lastpacket receivedbeforeenteringthis GAP stateis considered
to bepacket 
 (i.e., �#HI
 ). 687 �?9@;A=�> 7 is alsocountedfrom thereceptiontimeof packet 
 .
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At theFAST-RECOVERY state,thereceiver waits for anRTT period. All thepacketsreceived during
this RTT periodareignored. This mimics the TCP behavior during packet losses;it reducesits window
only oncefor all thelossesof packetstransmittedwithin thesamecongestionwindow. This waiting canbe
achieved by settinga timer for the currentestimateof RTT. To be moreaccurate,the receiver cansenda
feedbackpacket whena lossoccurs,andthereceiver canwait until thesenderacknowledgesthereception
of thefeedback.In thecurrentunicastimplementation,we adoptthelatterapproach.

At theendof thatRTT period,thestateis changedto CONGESTION-AVOIDANCE-READY stateand
a new roundbegins. Thus, the roundbeforethis new roundspansfrom the beginning of the last round
andto the endof the RTT period. During the last round,cwnd is not changed.As the new roundbegins
in the CONGESTION-AVOIDANCE-READY state,the receiver reducescwndand lastCwndto the half
of the value of cwnd at that time. When a new packet is received after this state,the stateis changed
to CONGESTION-AVOIDANCE andcwnd is incrementedaccordingto the increasealgorithm. At least
onepacket mustbereceivedafterthelossestriggeredFAST-RECOVERY. This ensuresthatbeforecwndis
increasedagain,thenetwork statehasrecoveredfrom thelosses.

Timeout If the receiver doesnot enterFAST-RECOVERY from GAP until 6E7 �:9<;�=�> 7 time haspastsince
thereceptionof packet � , it entersTIMEOUT. In addition,if no packet is not receivedbefore687 �:9<;�=�> 7 after
thetransitionto CONGESTION-AVOIDANCE-READY, thenit entersTIMEOUT. 6 7 �?9@;A=�> 7 is computedas
follows:

6E7 �:9<;�=�> 7JHK6JLNMPORQASUT(SVSVLNWXT(Y[Z!\R]'^`_�aJbdcfe	Z<g4hjilk (1)

6JLNMPORQASUT(SVSVLNWXT(Y is theinter-packet transmissiontimeandcanbecomputedby takingtheinverseof thecurrent
transmissionrate.This informationis embeddedin thepacket headerby thesender. DEV is thedeviation in
RTT estimateswhich is computedin thesameway asin TCPby thesenderfrom feedback.This deviation
canbealsobecomputedby takingdeviation in thetimedifferencefrom thesendingtimestampof apacket
andits receiving time stamp,andmultiplying the deviation by m g . This techniqueis usefulwhendirect
feedbackfrom thereceiver to thesenderis notallowedfor scalabilitysuchasin multicast.

This timeoutperiodis different from TCP’s. TCP enterstimeoutwhena packet is not acknowledged
until its retransmissiontimer expires. If fastretransmitandrecovery aretriggeredandrecover the packet
beforethatevent,thetimeoutis avoided.Typically, retransmissiontimersaresetto a valuelargeenoughso
that triple duplicateacknowledgmentscanbe received beforethe timeout(if they areindeedsent). Thus,
whenfastretransmitandrecovery arepossible,thetimer valuearelargeenoughto allow it.

In TEAR, sinceno acknowledgmentis sent,timeoutmustbe detectedat the receiver. This makes it
difficult to detecttimeout.However, sincethereceiver candetectpacket losses,it canobtainsomehintsfor
timeoutfrom packet arrivals. For instance,we know thatin TCP, prior to thedetectionof fastrecovery, the
sendertransmitsexactly �������(�)�!�#"n1o& packetsafterthefirst packet thatis lost to causeGAP. Therefore,if
thereceiver getslessthanthreepacketsafterapacket lossuntil it learnsthat ���.���(�)�!�#"p1q& packetsaresent
by thesenderafterthelostpacketwassent,it knows thatfastrecovery will notbetriggeredif suchsituation
occursin TCP. 6E7 �:9<;�=�> 7 is thetimeto allow at least���.���(�)�!�#"r15& packetsto arriveat thereceiver. Weallow
additionalglsthuivk perpacket interval to accountfor delayjitters in theforwardpath.NotethatTCPusesw sxhjilk for jitters in roundtrip times.

After enteringTIMEOUT, thereceiver againwaits for anRTT periodto ignorepacketslost duringthe
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samelossburst thatcausedthe timeout. At theendof theRTT period,thestateis changedto theSLOW-
START-READY state,ssThrsh is set to the half of y2z|{f}�~��!�#"f��gF� , cwndand lastCwndareset to 1, and
687 �?9@;A=�> 7 is doubled. A new roundbegins at this time. Note that its last roundspansfrom the beginning
of the last roundandto the endof this RTT period. cwnd is not changedduring this last round. TEAR
waitsto receiveanew packetbeforeenteringSLOW-START from SLOW-START-READY.SLOW-START-
READY is requiredfor thereceiver to know thesequencenumberof thenext packet to be received. If no
packet arrivesbefore687 �?9@;A=�> 7 afterthetransitionto theSLOW-START-READY, it entersTIMEOUT again.
WhenenteringSLOW-START, thereceiver resets687 �:9<;�=�> 7 to thevaluein Eqn1.

3.6 Ratecalculation

At theendof eachround,thereceiver recordsthecurrentvaluesof cwndandRTTto a historyarrayif that
rounddoesnot involve theTIMEOUT state;otherwise,it recordsthecurrentvaluesof cwndandRTO. RTO
is definedto be ����6!6�+ w hjilk where����6p6 is anexponentiallyweightedmoving averageof RTT. These
valuesareusedto estimateTCP-friendlyrates.

TCP’s transmissionrate canbe computedby dividing cwnd by RTT. However, TEAR cannotset its
transmissionrateto this value(computedfor eachround)becauseit will causethelevel of ratefluctuations
asTCPwhich we wantto avoid. Figure4 plots thevaluesof cwndover roundsfor a typical run of TEAR.
Thesaw-teeth-like patternindicatestheadditive increaseandmultiplicative decrease(AIMD) behavior of
TCPwindow management.Fromthefigure,we observe thatalthoughinstantaneousrateswould behighly
oscillating,long-termthroughputwouldbefairly stable.Theideais to settheTEAR transmissionrateto an
averagedrateoversomelong-termperiod 6 .
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Figure4: Thevaluesof congestionwindow over roundsin a typical runof TEAR
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Epoch
�

Thebig questionis how large 6 shouldbe.Notethatif 6 is settoo small,theratewouldfluctuate
too much. If it is too large, then rate adjustmentwould be too insensitive to network congestionstate.
Certainly, 6 mustbelarger thanthe lengthof one“saw tooth”. If it is lessthanthat, it will show thesame
fluctuationpatternasTCP. An epoch definesone“saw tooth”. An epochis aperiodthatbeginseitherwhen
the receiver entersthe SLOW-START or CONGESTION-AVOIDANCE stateor at the beginning of the
transmissionsession.Whena new epochstarts,the currentepochendswhich happenswhenthe receiver
enterstheSLOW-START or CONGESTION-AVOIDANCE state(i.e.,aftera packet loss).

Supposethatthecurrentepochis the � th epoch.At theendof eachround,thereceiver dividesthesum
of all thecwndsamplesrecordedin the � th epochby thesumof theRTTs or RTO recordedin thatepoch
(notethat therecanbeonly oneRTO in anepoch).We call the resultthe ratesampleof epoch� . Setting
the rate to a ratesampleat the endof eachepochwould result in muchmoresmoothedrateadjustment.
However, someunnecessaryratefluctuationsmight still bepresentbecausesomeratesamplesmaynot be
representative of the actualfair shareratedueto noisein losspatterns.In the currentenvironments,loss
patternsarehighly noisy. Sincetheendof an epochis determinedby packet losses,if we set 6 to be the
sizeof oneepoch,theestimatedratewould alsobesubjectto thenoise.We needto look furtherbackthan
oneepoch.

To filter out thenoise,we needto applysomeform of weightedaveragingover ratesamplestakenover
several � epochsin thepast.At theendof eachround,theTEAR receiver computesaweightedaverageof
thelast � ratesamplestakenat theendof eachof thelast � epochs.If thecurrentepoch� is in process,
thenthatsampleis usedonly if addingthecurrentsamplein theaveragingincreasesthecurrentrate. This
is becausewhile thecurrentepochis in progress,its ratesamplecanbetoosmall.Until theepochbecomes
sufficiently large or it ends(with packet losses),that sampleis not reliable,so ignored. This is doneas
follows. If the � th epochis in progress,thenwe take aweightedaverageof thesamplesfrom the �v1o& th to
�p1���1�& th epochsandcomparetheresultwith theweightedaveragefrom � th to �!1t��1�& th epochs.The
largerof thetwo averagesmultiplied by thepacket size � is takenasa candidatefor a feedback rate to the
sender. We call this candidate�4�����'� . If therehasbeenlessthan � epochs(i.e., ����� ), thenthemissing
samplesaresetto 0.

For thecurrentimplementation,we choose� to be8, andwe applythefollowing weights.

epoch k k-1 k-2 k-3 k-4 k-5 k-6 k-7
weight 1/6 1/6 1/6 1/6 2/15 1/10 1/15 1/30

Otherdistribution functionsarepossiblesuchasaGaussianor exponentialdistribution,andthey provide
a similar performance.We needmoreexperiencewith otherdistributions. Currentlythechoiceof � and
weightsarestill arbitrary.

Feedback The sendersetsits currenttransmissionrateto the mostrecentlyreceived rateestimatefrom
thereceiver. If �4�����'� is lessthanthepreviously reportedrate,thenthereceiver reports�4�����4� immediatelyto
thesender. Otherwise,thereceiver sendsits rateestimateat theendof a feedback round. Thedurationof a
feedbackroundis a parameterto thesystem.The rateestimatereportedat theendof a feedbackroundis
equalto �4�����4� computedat thattime.
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4
�

Simulation Result

Our simulationexperimentsaredesignedto studytheTCP-friendliness,fairness,andsmoothnessof TCP-
basedrateadjustmentin a unicastenvironments.In all experiments,we run TCP-SACK flows andTEAR
flowsat thesametime.

We conductthe sameexperimentsfor TFRC.The default valuesof TFRC parametersareusedwhich
areshown below:

Agent/TFRC set packetSize_ 1000
Agent/TFRC set df_ 0.95 ; # decay factor for accurate RTT estimate
Agent/TFRC set tcp_tick_ 0.1 ;
Agent/TFRC set ndatapack_ 0 ; # Number of packets sent
Agent/TFRC set srtt_init_ 0 ; # Variables for tracking RTT
Agent/TFRC set rttvar_init_ 12
Agent/TFRC set rtxcur_init_ 6.0
Agent/TFRC set rttvar_exp_ 2
Agent/TFRC set T_SRTT_BITS 3
Agent/TFRC set T_RTTVAR_BITS 2
Agent/TFRC set InitRate_ 1000 ; # Initial send rate
Agent/TFRC set overhead_ 0 ; # If > 0, dither outgoing packets
Agent/TFRC set ssmult_ 2 ; # Rate of increase during slow-start:
Agent/TFRC set bval_ 1 ; # Value of B for TCP formula
Agent/TFRC set ca_ 1 ; # Enable Sqrt(RTT) congestion avoidance
Agent/TFRC set printStatus_ 0
Agent/TFRC set rate_ 0.0
Agent/TFRC set bval_ 1

Agent/TFRCSink set packetSize_ 40
Agent/TFRCSink set InitHistorySize_ 100000
Agent/TFRCSink set NumFeedback_ 1
Agent/TFRCSink set AdjustHistoryAfterSS_ 1
Agent/TFRCSink set NumSamples_ -1
Agent/TFRCSink set discount_ 1; # History Discounting
Agent/TFRCSink set printLoss_ 0
Agent/TFRCSink set smooth_ 1 ; # smoother Average Loss Interval

Figure5 shows thesymmetricnetwork topologyusedin our experiments.Eachexperimentis run with
differentvaluesof following parameters:thebottleneckbandwidth,denotedas �D� , (10Mbs,5Mbs,2.5Mbs,
128Kbs)thenumberof competingTCPflows(1, 2,4,8, 16)andthenumberof competingTEAR (or TFRC)
flows (1, 2, 4, 6, 16), the routertypes(Drop Tail or RED) of the bottlenecklink, the feedbacklatency (1
RTT,4 RTTs,10RTTs)1. Link delaysarefixed. Therunningtime aresetto 400seconds,andeachnetwork
flow is startedwith onesecondinterval.

Thecompleteresultscanbe found following this link. Thefiguresin the link plot theperformanceof
TEAR andTFRCwhencompetingwith differentnumbersof TCPflowsandtheirown flows(denoted�5���
where� is thenumberof TEAR (or TFRC)flows,and � is thenumberof TCPflows).

1WhenrunningTFRC,we vary thefeedbacklatency from 1.5RTTs,4 RTTs,and10RTTs.
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Figure5: Simulationtopology

At eachcolumn,the top figure shows the aggregatethroughputobtainedby the numberof bytessent
dividedby thetotal elapsedtime. TEAR flows andTFRCflows arebluelinesandTCPflows areredlines.
The greenline indicatesthe fair share(i.e., the total bottleneckbandwidthdivided by the total numberof
flows).

Thebottomfigureshows instantaneousratesamples.It shows only thevaluesof oneTEAR or TFRC
flow, andthevaluesof oneTCPflow althoughactualrunsarewith � TEAR flows and � TCPflows. TCP
ratesaresampledat every 100msinterval by dividing thenumberof bytessentover oneinterval by 100ms.
Theblackcoloralsoindicatestheratesamplesof TEAR or TFRCtakenatevery 100msinterval. Thegreen
line shows thetransmissionratetakenwhenever therateis updated.Theredline indicatesthefair share.

Below, wehighlightsomesubsetof theresultsto illustratetheperformancecomparisonbetweenTEAR
andTFRC.

4.1 Fairnessand TCP-friendliness

10Mps, Droptail, 8:8 Figure6 shows the instantaneousratesamplesof TCP andTEAR, andTCP and
TFRCrespectively with thebottleneckbandwidth10Mbps,thedroptailrouter, andthenumberof flows8:8.
Both TEAR andTFRCratesfollow thefair sharevery well.
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Figure6: Bottleneck:10Mbs,Droptail router:Left (8 TCPs,8 TEARs,Feedback1 RTT), Right (8 TCPs,8
TFRCs,Feedback1.5RTT)

2.5Mps, Droptail, 1:16 Figure7 is from the run with the bottleneckbandwidth2.5Mbps,the droptail
router, andthe numberof flows 1:16. TEAR useslessthanthe fair share(aboutonehalf). TFRC’s rate
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Figure7: Bottleneck2.5Mbs,Droptail router: Left(1 TEAR, 16 TCPs,Feedback1 RTT), Right ( 1 TFRC
flow, 16 TCPflows,Feedback1.5RTT)

2.5Mps, Droptail, 8:8 Figure 8 is from the run with the bottleneckbandwidth2.5Mbps,the droptail
router, andthenumberof flows8:8. TEAR usesslightly lessthanthefair share.TFRC’s ratedropsto zero.

2.5Mps, RED, 1:16 Figure9 is from the run with the bottleneckbandwidth2.5Mbps,theRED router,
andthenumberof flows 1:16. TEAR’s ratefollows thefair shareprettywell. TFRC’s rateis still very low,
andsometimesdropsto zero.

2.5Mps, RED, 8:8 Figure10 is from the run with the bottleneckbandwidth2.5Mbps,theRED router,
andthenumberof flows 8:8. Both TEAR’s rateandTFRC’s rateoscillatearoundthefair share.(although
TFRC’s ratesometimesgetsvery low).

4.2 Ratefluctuations or smoothness

In all figuresshown above,bothTEAR andTFRCshow muchfewerandlowerfluctuationsthanTCP(in the
orderof magnitude).However, we observe thatTFRCtendsto show a little moreandlargerfluctuations.

Figure10 is from the run with the bottleneckbandwidth2.5Mps,the RED router, andthe numberof
flows 1:1. TEAR shows very stableratetransitionsaroundthefair share.However, TFRCshows almostas
many andasmuchfluctuationsasTCP. Whenthedroptailrouteris used,thephenomenongetsworse.

As thenumberof competingflowsincreases,theratefluctutationsof TFRCgreatlysubsides(especially,
in termsof size). However, in termsof the numberof rate fluctuations,we still seemany fluctuations.
Figure 12 is from the run with the bottleneckbandwidth2.5Mps, the RED rounter, and the numberof
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Figure8: Bottleneck:.2.5Mbs,Droptail router: Left (8 TCPs,8 TEARs,Feedback1 RTT), Right (8 TCPs,
8 TFRCs,Feedback1.5RTT)

flows 4:4. While theTEAR flow shows very stablerateoscillations(fewer andlower), theTFRCflow still
undergoesmany fluctuations.

4.3 Sensitivity to the feedbacklatency

In this section,we examinetheperformanceof TEAR andTFRCover variousvaluesof feedbacklatency.
Note that the currentimplementationof TFRC is not designedto handlelarger feedbacklatency. So the
resultswith larger feedbackdelaysmaynotbeof theinherentcharacteristicsof TFRC.

Figures13and14arefrom therunswith 8TEARflowsand8TCPflowsona2.5Mbsdroptailbottleneck.
We run four experiments,eachwith a differentvalueof thefeedbacklatency takenfrom 1 RTT, 2 RTTs,4
RTTs,and10RTTs. In all runs,TEAR showsconsistentfairness.Theratefluctuationsareconsistentlylow.

Figures15and16arefrom therunswith 8TFRCflowsand8 TCPflowsona2.5Mbsdroptailbottleneck.
Werunthreeexperiments,eachwith adifferentvalueof thefeedbacklatency takenfrom 1.5RTTs,4 RTTs,
and10 RTTs. The performanceof TFRC undertheseenvironmentsis a little unpredictable.Whenusing
1.5 RTTs and4 RTTs, the bandwidthsharesof TFRC arevery low. However, whenusing10 RTTs, its
bandwidthsharesarevery high.

5 Summary and futur ework

In this report,we describea new approachto flow control calledTCP emulationat receivers(TEAR) for
unicastandmulticaststreaming.Ourgoalis to developaflow controlprotocolthatcanbefair, TCP-friendly,
stableandscalable.At thesametime, theratedoesnot fluctuatemuchover thefair share.Theseproperties
mustalsoholdundervariousnetwork environmentsincludingtraditionalsymmetricnetworks,andemerging
asymmetricnetworks.
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Figure9: Bottleneck:2.5Mbs,RED router, Feedback1 RTT: Left (1 TFRC flow, 16 TCPflows), Right (1
TEAR, 16TCPs)

WepresentedaunicastTEAR protocolthatcanbesuitablefor long-runningstreamingapplications.We
reportedapreliminarywork onverifying theperformanceof theprotocol,andcompareit with thatof TFRC,
acompetingTCP-friendlyunicastprotocolbasedon aTCP-friendlyformula.

We found thatboth protocolspossessmany desirablepropertiesfor streamingapplicationswhentheir
flowscompetewith long-runningTCP-SACK flows. They show fairnessandTCP-friendliness,andexcellent
smoothnessin ratefluctuations.Whencomparedto TFRC,TEAR shows betterfairnessandsmoothness.
TFRCshows performanceglitcheswhencompetingwith many TCPflowsfor asmallamountof bottleneck
bandwidth.Their ratesunderthis environmentdropalmostto zero. We don’t know thecauseof this, but
suspectthat this might be due to inaccuracy in estimatingloss ratesand in the TCP formula itself. We
analyticallyshowed in anearliertechnicalreport[22] that this problemis inherentin themodel-based(or
equation-based)approach.

Ourexperimentsarefocusedonstudyingthebehavior of TEAR andTFRCundersteadystatewhereall
the traffic is generatedby long-runningflows. Clearly this environmentis not realisticbecausetoday’s In-
ternettraffic is madeof many short-livedflows. Wewill performmoreexperimentsinvolving morerealistic
backgroundtraffic. We plan to usethe traffic modeldevelopedin our earlierwork [44] that try to depict
today’s burstyInternettraffic. Wealsoplanto runextensive Internetexperiments.

TEAR canbe usedto enhancethe scalabilityof multicastflow control. In TEAR, receiversestimate
their own appropriatereceiving rates.Thus,thework is naturallydistributed.Becauseit canprovide pretty
accurateestimateof TCP-friendly rateseven with a low frequency of feedback,it helpssolve feedback
implosionproblem.

Two typesof TEAR-basedmulticastflow controlarepossible.First,in receiver-drivenlayeredmulticast,
receivers can useTEAR to determinetheir TCP-friendly receiving rates,and receivers can join enough
multicastlayers(assumingall layersaretransmittedat anequalrate)to receiver at their estimatedrates.In
this case,little involvementfrom thesenderis neededfor flow control. Second,in sender-driven multicast,
receivers canperiodically feedbacktheir ratesestimatedby TEAR to the sender. The senderselectsthe
bottleneckreceiver basedon theseratereports,andsetsits rateto theonereportedby thatreceiver.
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Figure10: Bottleneck:2.5Mbs,RED router, Feedback1.5RTT: Left(8 TCPs,8 TEARs,Feedback1 RTT),
Right (8 TCPs,8 TFRCs,Feedback1.5RTT)

Thereareanumberof issuesthathave to beresolvedbeforetheseprotocolscanberealized.
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