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Abstract

Congestiorandflow controlis anintegral part of ary Internetdatatransportprotocol. It is widely
acceptedhatthe congestioravoidancemechanismsf TCP have beenoneof thekey contributorsto the
succes®f the Internet. However, TCP s ill-suited to real-timemultimediastreamingapplications.lts
bursty transmissionandabruptandfrequentwide ratefluctuationscausehigh delayjitters and sudden
quality degradationof multimediaapplications. For asymmetricnetworks suchaswirelessnetworks,
cablemodemsADSL, andsatellitenetworks, transmittingfeedbackfor (almost)every pacletreceved
asit is donein TCPcausegongestionn thereversepath.In thisenvironment, TCPmaysererelyunder
utilize theforwardpaththroughputUseof multicastfurthercomplicategsheproblem; TCP-like frequent
feedbackrom eachreceiverto the sendeiin alarge scalemulticastsessiorcausavell-known scalability
limitations (e.g. acknavledgmenimplosion).

We have developeda new flow control approachor multimediastreaming called TCP emulation
atrecevers(TEAR). TEAR shifts mostof flow controlmechanismso recevers. In TEAR, arecever
doesnotsendto thesendethe congestiorsignalsdetectedn its forward pathbut ratherprocessethem
immediatelyto determindts own appropriataeceving rate. TEAR candeterminethis rateusingcon-
gestionsignalsobsenedattherecever. Thesesignalsareusedto emulatethe TCP senders flow control
functionsat recevvers. Theemulationallows recevversto estimatea TCP-friendlyratefor the congestion
conditionsobsenedin their forward paths. TEAR alsoallows receversto adjusttheir receving rates
to a TCP-friendly rate without actually modulatingthe ratesto probefor sparebandwidth,or to react
to pacletlossedirectly. Thus,the percevedratefluctuationsat the applicationaremuchmoresmooth
thanin TCR

A unicastversionof TEAR is implementedThis reportdescribesheimplementatiorof TEAR, ex-
aminethe performancef this TEAR implementatiorfrom the NS simulationandinternetexperiments,
andcomparet with thatof other TCP-friendlyflow controltechniques.Our preliminarytestsindicate
that TEAR shaws superiorfairnesso TCP with significantlylower ratefluctuationsthanTCRP. TEAR’s
sensitvity to feedbackinterval is very low, sothatevenunderhigh feedbackateng, TEAR flows ex-
hibit acceptabl@erformancen termsof fairnessTCP-friendlinessandratefluctuations.Finally, | will
discusghefuture extensionof TEAR for multicastervironments.

*Thiswork is supportedn partby NSFCAREERANI-9875651.



1 Intr oduction

As the Internetbecomesnorediversifiedin its capabilities it becomedeasibleto offer serviceghatwere
not possibleunderearlier generationf Internettechnologies. Real-timemultimediastreamingand IP
multicastaretwo suchemenqing technologiesThe developmentanduseof commercialapplicationsdhased
on thesetechnologiessuchasinternettelephony, will becomencreasinglyprevalent,andtheir traffic will
constitutea large portion of theInternettraffic in the future.

Congestiorandflow controlis anintegral partof ary Internetdatatransporprotocolwhosetraffic travels
a sharednetwork path. It is widely acceptedhatthe congestioravoidancemechanism&mplo/edin TCP
have beenone of the key contritutorsto the succes®f the Internet. However, few commercialstreaming
applicationgodayareequippedvith end-to-endlow control. Thetraffic generatedby theseapplicationsare
unresponsk to congestiorandcancompletelylock out othercompetingflows, monopolizingthe available
bandwidth.Thedestructie effectof suchtraffic onthelnternetcommonwealthnamelycongestioncollapse
hasbeenwell studied[1].

TCPis ill-suited for real-timemultimediastreamingapplicationsbecausef their real-timeandloss-
tolerantnatures.lts bursty transmissionandabruptandfrequentdeepfluctuationsin the transmissiorrate
causedelayijitters and suddenquality degradationof multimediaapplications. For asymmetricnetworks
suchaswirelessnetworks,cablemodemsADSL, andsatellitenetworks, transmittingfeedbackor (almost)
every pacletreceived asit is donein TCPis not very attractire becaus®f lack of bandwidthon thereverse
links. In asymmetricnetworks, paclet lossesand delaysoccurringin reversepathsseverely degradethe
performancenf existing roundtrip basedprotocolssuchasTCP, resultingin reducedoandwidthutilization,
fairnessandscalability[2, 3, 4]. Useof multicastfurthercomplicateghe problem;in large-scalenulticast
involving mary recevers (10,000to 1M recevers), frequentfeedbacksentdirectly to the sendercauses
implosion.

Theobjectve of ourwork is to develop, verify analyticallyandexperimentally andimplementa suiteof
end-to-endlow controlprotocolsfor unicastandmulticastreal-timestreamingapplications. The developed
protocolsare evaluatedbasedon TCP-friendlinessstability, and scalability Thesepropertiesmusthold
regardlesf thetypesof networks, or morespecificallywhethemetworks aresymmetricor asymmetridn
bandwidthanddelays.

We informally definethesepropertiesasfollows:

e FairnessaandTCP-friendlinesslet B bethetotal bandwidthusedby n TCP flows whenthey areonly
flows runningon anend-to-engpath. Supposehattherearem flows (of ary protocol)runningonthat
samepath,theneachflow mustuse B /m bandwidthshare.

e Stability: after a network undegoessomeperturbationbecausef flows joining andleaving, if the
network reachesteadystate no matterwhatthe stateof the protocolatthe endof the perturbatioris,
the protocoleventuallyreacheshefair and TCP-friendlyrate.

e Scalability: the performancef a protocolinstancedoesnot depencon the numberof its recevers.

We planto achiere our goal by implementinga technique called TCP emulationat receives (TEAR)
that shifts mostof flow control mechanismso recevers. In TEAR, a recever doesnot sendto the sender
the congestiorsignalsdetectedn its forward pathbut ratherprocessethemimmediatelyto determineits
own appropriateeceving rate.In recever-drivenflow controlsuchasonesin [5, 6], thisratecanbe usedby
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thatrecever to controlits receving rateindependentlyvithout ary feedbackIn sendedriven flow control
suchastheonein [7], theratecanbe sentto the sendeffor controllingthe transmissiomate. Note thatthis
feedbackappensnuchlessfrequentlythanthatusedfor acknavledgmentin TCPR. Thus,it is morescalable
andsuitablefor multicastandasymmetricnetworks.

TEAR candeterminghe“appropriate’receving ratesof receversbasen congestiorsignalsobsered
at the recever, suchaspaclet arrivals, paclet lossesandtimeouts. Using thesesignals, TEAR emulates
the TCP sendess flow control functionsat recevers including slow start, fastrecovery, and congestion
avoidance. This emulationallows receversto estimatea TCP-friendlyrate for the congestiorconditions
obseredin their forward paths.Further TEAR smoothesstimated/aluesof steady-statd CP throughput
by filtering noise. This smoothedate estimatewill be reflectedinto the rateadjustmenof receving rates
(e.g.,by askingthe senderto setthe transmissiorrateto the smoothedate estimate). Therefore, TEAR-
basedlow controlcanadjustreceving ratesto a TCP-friendlyratewithout actuallymodulatingthe ratesto
probefor sparebandwidth,or to reactto paclet lossedirectly. Thus,the perceved ratefluctuationsat the
applicationaremuchmoresmooththanin TCP.

In this report,we presenta unicastTEAR implementation.The detaileddescriptionon unicastTEAR
canbefoundin Section3. We conductedsomepreliminarysimulationexperimentausingns. Our nssource
codeis available on the public (we will alsoincorporateit into the daily snapshoof the ns distribution
soon). Experimentsarefocusedon studyingfairness,T CP-friendlinessratefluctuations andits suitability
underasymmetricnetworks. We comparethe performanceof TEAR with that of TFRC [8] (the daily
snapshoversionof Mar. 2, 2000)underthe samesimulationervironments.Thefollowings summarizeour
preliminaryfindings.

e FairnessaandTCP-friendlinessTEAR andTFRCshaw excellentfairnessaandTCP-friendlinessinder
high bottlneckbandwidth.However, asthe numberof competingTCP (SACK) flows increase®ver
a connectionwith a drop-tail router both TEAR and TFRC uselessthanthe fair bandwidthshare.
Nonthelessthe ratio of the fair shareover the TEAR’s bandwidthsharecan be boundedwithin a
factorof 2 or 3 in theworstcase.However, TFRC’s sharedropsto zerounderthis ervironment(we
reportecthis problemto the TFRCfolks).

TEAR andTFRCperformmuchbetterunderaREDrouter TEAR shavs almostperfectfairnessn all
caseglow to high bandwidth)regardlesf the numberof TCP flows. However, TFRC’s bandwidth
sharestill dropsto zerowhenthenumberof competinglT CPflows is highandtheavailablebandwidth
IS low.

o Ratefluctuations:both TEAR and TFRC flows shav a muchfewer andlower amountof ratefluc-
tuationsthan TCP flows. However, TFRC flows exhibit much morefluctuationsthan TEAR when
competingwith TCPR. This is the caseeven with the “CA” option of TFRC which the TFRC folks
claimto have an effect of reducingratefluctuations.We noticedthatunderour testingervironments
the optiondoesnot seemto have mucheffect.

e Sensitvity to feedbackfrequenyg (or time-scaleof feedback): underasymmetricervironmentsor
multicasternvironmentswith mary recevers,sendingfrequentfeedbackrom receverscoulddegrade
bandwidthutilization and scalability TEAR seemdo shav good stability even with high feedback
lateny; whenfeedbacKateny is increasedip to 10 RTTs, TEAR flows exhibit acceptablgerfor
mancein termsof fairness, TCP-friendlinessandratefluctuations. However, TFRC doesnot work
well whenfeedbacKateny increasegits flows tendto monopolizethe bandwidth,completinglock-
ing out TCP flows). TFRCfolks told usthatthe currentimplementatiorof TFRCis not designedo



handlefeedbacKateny largerthan1.5 RTTs (thusimplying it may not be an inherentproblemof
TFRC).

We arealsocurrently performinglinternetexperimentsover variousinternetconnections As their data
becomeavailable,we will reportresultsonthis page.

Disclaimer:bothTEAR andTFRCimplementationsireevolving evenaswe write thisdocumentThus,
the performanceaesultwe reportheremay not be of inherentcharacteristicef the protocols(somebugs
mightstill bepresent)In addition,moreengineeringandoptimizationarerequiredto the currentversionof
TEAR. For instance,TEAR’s slow startbehaior or respons¢ime to changesn availablebandwidthis not
studied.As we apply moreoptimization,we will reportthaton this page.

2 Relatedwork

Existing flow control protocolsfor multimediastreamingapplicationscanbe roughly cateyorizedinto two
approachessendetbasedAIMD (SAD)[9, 10, 11, 12, 13] andmodel-baseflow contiol (MFC) [14, 15, 16,
17,6,7,18.

SAD performsadditve increaseandmultiplicative decreas€AIMD) ratecontrolata sendelasin TCP.
Typically, the protocolsadoptingSAD requirea recever to sendone adknowledgmentor every received
padet to detectcongestiorindicationssuchaspaclet lossandtimeouts.Becausef their AIMD property
they areprovably stableandfair understeadystate. Theseprotocolsalsodependon RTT. Becausef their
frequentflow controlfeedbackpaclets,reversepathconditionscanseverely degradetheir performance.

MFC usesa stochasticTCP model[19, 20, 21] which representshe throughputof a TCP senderas
a function (or formula) of paclet lossratesandroundtrip time (RTT). SinceMFC protocolscanrun at
recevers, the problemsassociatedvith congestionin reverse pathsmay not occur However, thereare
severalissueghatneedurtherstudy First, its stability propertyis notcertain.Our preliminarywork[22, 23]
suggestghat undercertain circumstancesthe protocolsdo not corverge to the fair bandwidthshareof
network paths(resultingin eitherover-allocationor underallocationof bandwidth). This happensecause
of inaccurag in estimatinglossratesandin the formulaitself. It is not clearwhethertheir deviation from
fairnesscanbe bounded.Secondmodelingassumptionsnadeby theseprotocolsmay not universallyhold
in all network environments. For instance the TCP formulais not reliablewhen paclet lossesor RTT is
correlatedo thetransmissiomateof theflow beingcontrolled[17]. This situationis commonlyobseredin
asymmetricnetworks or underlow statisticalmultiplexing ervironments.

Tuan and Park [24, 25] proposea novel congestioncontrol schemefor real-timetraffic which takes
advantageof self-similarity of Internettraffic [26, 27, 28, 29]. Theschemeextractsthe correlationstructure
presenbover multiple time scaleof Internettraffic andusesthatinformationto predictthe congestiorievel
of future. Predicteccongestionevel is usedto determinghedegreeatwhich aflow rateincreasesywhenthe
predictedcongestiorevel is low, a flow canafford to increasets transmissiorrate fasterthanthe normal
linearincreaseandwhenit is high, it canincreasemoreslowly thanthenormalincreaseWe believe thatuse
of the self-similarity propertyof Internettraffic in predictingfuture traffic characteristiceanbe applicable
to mary differentpartsof traffic control.

Rheeet al. [30] and Golestaniand Sabnani[31] proposewindow-basedhierarchicalflow control for
reliablemulticast. The protocolsroughlyrunin asimilarfashionwherereceverscomputeT CP-windav and



reporttheir window sizesto the senderthrougha logical tree structureimposedon the recever set. Since
theseprotocolsrequireeachrecever to sendfeedback(or a summaryof feedback)per windov update,
theseprotocolsdo not requireexplicit RTT estimation. However, to consolidatefrequentfeedbackirom
recevers,a hierarchicalogical relationamongreceversandthe sendeiis necessaryAnotherproblemwith
the window-basedapproachis its susceptibilityto the drop-to-zeroproblem[32, 33]. Transientnetwork
congestionconditionscan causerecever windows to be reduced. Sincethe sendertakes the minimum
window sizereportedfrom receversto determinethe numberof pacletsto send,following instantaneous
minimumwindow sizescancausese/ereunderutilization of theavailablebandwidthonthebottleneckpath.

Oneof the protocolsbeingconsideredy the IRTF-RM groupis called TCP-friendlymodel-basedow
control (TFMC)[7] whereusinga TCPformula[21], the TCPthroughpubnthebottleneckpathis estimated,
andthesendes rateis setto thatthroughput. TFMC is consideredo be matureenoughto be submittedfor
standardizatiomo IETF [34]. However, we believe thatthe numberof issuesve mentionedabove for MFC
mustberesohed beforethe standardization.

Receivedriven layered multicast(RLM) [5] is the first scalableflow control protocol that combines
layeredencodingwith recever-driven flow control. In RLM, receversjoin a new layer if they do not
obsere pacletlossedor someperiodof time, andleave alayerif they experiencepaclet losses.Joininga
new layerduringnolossperiodswhichis referredto asjoin experimentsallows receversto probefor spare
bandwidth. Join experimentfails if paclet lossesoccurafterjoining a new layer, in which case recevers
immediatelyleave thatnew layer The stability propertyof RLM, however, is uncertain.Themainproblem
liesin thatwhenpacletlosseccut only onelayeris droppedatatimewhichresultsin linearratereduction
duringpacletloss.Sincetherateincreaseby addingonelayeratatime, theratealsoincreasesnly linearly.
This symmetryin rateadjustmentausesnstability andunfairness.lt is possiblethatthe bandwidthshares
of TCPandRLM divergeandRLM canmonopolizethe bandwidthby completelylocking out TCP.

Vicisano,Rizzo,andCrowcroft [35] proposestechniquehatimproveson RLM by addinga TCP-like
rate adjustmenschemeto layering-basedlow control. We call this technigueVRC VRC mimics TCP’s
AIMD control by settingthe datarate of eachlayer exponentially Sowhena recever subscribingup to
thei-th layer doesnot seeary paclet lossfor a giventime ¢;, it canadda new layer The datarate of this
new layerandt; areexponentialfunctionsof . VRC alsoaddsaninnovative sendeforientedcoordination
mechanisnior join experiments Somepreliminarystudy[36] shavsthatthis coordinatiorcansubstantially
improve the max-minfairnessof the protocol. Onepotentialdravbackin VRC is thatit lacksa mechanism
to determineTCP-friendly shares.Although its AIMD control canimprove fairnessand stability among
the flows of its protocol,the datarate of receversmay not be fair with TCP flows competingon the same
end-to-endpaths(i.e., thereis no boundon fairnesso TCPflows). Thisis becauséheratesdeterminedy
VRC arecompletelyindependenbf network delays.It is uncertainwhethera flow ratecanbe madeTCP-
friendly while beingcompletelyunresponsie to network delays.Anotherpotentialproblemwith VRC is its
multiplicative rateincreasevhenaddinganew layer Althoughthewaitingtime beforejoining thenew layer
is spacedmultiplicatively to mimic additive increasethis suddenncreasemight alsocausebig oscillation
in receving rates.VRC attemptgo avoid this problemby injectingartificial bursttraffic into existing layers
to testwhetherthe new layer’s ratecanbe accommodatedy recevers. However, paclet lossesnducedby
theseburstsmayincur sudderplayoutquality degradation. Althoughthe “damage”dueto the burstscanbe
restoredateron, the suddervariationsin playoutquality canbevery disconcertingor users.

Wu et al.[37] proposeusing small equal bandwidthlayers called “ThinStreams”to achieze smooth
fluctuationin rate. This allows flow controlbasedn layeringto performfine-grainedateadjustment.

Li et al.[6], Turletti et al.[16] and Wang and Zhakhor[18] proposeto usea TCP formula [19, 14]
whererecevers determinewhetherto drop a layer basedon a TCP formula. Li et al.[6] also provides



aninnovative schemehatensuresnter-sessiorfairnessamongcompetingflows by alteringthe sensitvity
of eachlayer to respondto lossrates. However, aswe discussedn [22], a model basedapproachcan
potentially causeinstability; undercertaininitial ratessetby recevers, receving ratescancornverge to a
non-fair bandwidthshare It requiresurtherstudyto verify whetherthesimilarinstability dueto inaccurag
in the TCPthroughpuformuladoesnot occurin their techniques.

Therearesomenenly emepging classof flow controlfor multimediastreamandreliable multicast[38,
39, 40, 41] usingroutersupport.EspeciallytheapproacH39, 42] basedon pacletfiltering in PGM [43] is
gainingsomeinterestfrom the Internetcommunity The protocolrequiresadown link routerto monitorthe
aggre@ateof all flows acrosghelink, andto reportthe congestiormeasuremenip towardthe sourceof the
IP multicasttree. At aregulationpointin thetree,arouterusespacletfiltering to regulatethe rateof the IP
multicastflow to thelink. Therateis determinedusinga TCP-formula[21] which takesthe meanlossrate
andRTT onthelink. In somesensewe canview this problemasa unicastproblembetweenthe up-stream
regulationrouterandthe down-streanrouter The only differenceis that the rate control is performedat
routers.Thus,theresultof our proposedvork canbe applicableto this type of flow control.

3 TCP emulation at recever (TEAR)

3.1 Basicassumption

We assumethat the probability of having a paclet loss within a window of z consecutiely transmitted
pacletsdoesnot dependon their transmissiomate. Thatis, no matterhow large or smallintenalsthey are
transmittedn, the probability thatat leastoneof themin thatwindow is lostis the samegiventhe network
conditionsdo not changeduringthetransmissiorperiod. We call this assumptiomateindependence

In todays Internet,pacletsaredroppedrom routersindiscriminatelyof the transmissiomatesof flows
whenrouterslack buffer. Evenin future Internetwheremorefair queuingand QoS mechanismsre pro-
vided, it will bestill the caseatleastfor theflows within the sameclass(becaus&@oSprovisioningis likely
appliedto aggregatedflows). Rateindependencholdsif pacletlosseshapperindependentlypecaus@ack-
etsaredroppedndiscriminatelyatrouters.Unfortunatelyin todays Internetwheredrop-tailroutersprevail,
pacletlossesarehighly correlated.

However, therehave anumberof studieghatlossburstsin the Internetareshortandthelosscorrelation
doesnotspanlong, typically lessthanoneRTT. Further TCP canbetypically modeledusinga“loss event”
whichis, informally, definedto beasinglelossburst(or thelosseswvithin thesamel CPcongestiorwindow).
This is becausél CP reactsonly onceperlossevent. In fact, mary TCP literatures(e.g.,[14, 20, 15, 16,
17, 18]) assumehatlosseventsarenot correlatedandhappenndependentlyThereforeif we treatlosses
within the samelossburstasa singlelossevent,we candescribethe behaior of losseventsby a Bernoulli
model. WhenemulatingTCP, TEAR ignoreslossesthat arelikely correlated,andtreatthemasa single
lossevent. We believe thatundersuchoperatingconditions,rateindependenceanbe generallyassumed.
However, in thisreport,we provide no evidencefor rateindependence the currentinternet.Furtherstudy
is required.

Rateindependencelays an essentiafole in establishinghe theoreticalfoundationof our approach.
Theproblemwe faceis to estimatehethroughoutof a TCP connectiorover the sameend-to-encpathonly
by observingpaclet arrival procesof a TEAR connectionat the recever. Note thatpacletsin TEAR are
possiblytransmittedat a differentrate thanthosein the TCP connection. This assumptionmplies thata



window of z pacletsin the TCP connectiorhasthe samelossprobability asthatin the TEAR connection
regardlesf their transmissiomrates. Thus, TEAR canignorerealtime over which awindow of pacletsis
transmittedor the transmissiomateof the connectiorwherethe estimationtakesplace.

3.2 Round

TCP maintainsa variablecalledcwndthatindicatesthe numberof pacletsin transitfrom the sendeto the
recever. cwndis updatedwhenthe sendetdearnsvia an acknavledgmentthata paclet is receved by the
recever. TEAR alsomaintainsthe samevariableat the recever (insteadof at the sender)and updatest
accordingto the samealgorithmbasedon the arrival of paclets. However, sinceTEAR and TCP might be
sendingatdifferentrates thewindow updatefunctioncannotbe describedn termsof real-time(e.g.,round
trip time). We modelthe TCP window adjustmenfprotocolin termsof roundinsteadof round-triptimes
(RTT).

A transmissiorsessionis partitionedinto non-overlappingtime periods,rounds. A nex roundbegins
whenthe currentroundends.A roundcontainsroughlyanarrival of the cwndnumberof paclets.In TCR, a
roundis recognizedatthe sendewhenanacknaviedgmenipacletis recevedfor thereceptiorof pacletsin
thecurrentcongestiorwindow (cwngd whereasn TEAR, therecever canrecognizearoundwhenreceving
paclets.

This differencemay causecwnd to be updatedat a differentratein TEAR thanin TCP sincecwnd
is updatedat eachroundinsteadof eachRTT. In TEAR, the durationof a round dependson the inter
arrival timesof cwndpacletswhich dependon the transmissiorrate of TEAR. However, in TCP, around
impliesoneRTT sinceTCP updatests window at the sendeiat thereceptionof acknaviedgment.Figurel
illustratesthis difference.To accounffor this discrepang TEAR estimated CP throughputby assigninga
fictitious RTT time to eachround. Whenestimatingthe transmissiorrateduringoneround, TEAR divides
thecurrentvalueof cwndby the currentestimateof RTT insteadof thereal-timedurationof theround. The
TEAR recever estimateghe TCP throughputby taking a long-termweightedaverageof theseperround
rates,andreportsit to the sender The sendersetsits rateto that reportedrate. Below, we provide more
detailsonthe TEAR protocol.

cwnd one TCP round cwnd
- T T e

AA T

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

sender

receiver

Figurel: Rounds



3.3 Statetransition

Thestatef the TEAR protocolconsisiof sevenstatesSLOW-START-READY, SLOW-START, CONGESTION-

AVOIDANCE-READY, CONGESTION-A/OIDANCE, FAST-RECOVERY, TIMEOUT, andGAP. Figure

2 shaows the statetransition diagramof the protocol. SLOW-START, CONGESTION-A/AOIDANCE,
FAST-RECOVERY, and TIMEOUT correspondso the statesof TCP during slow-start,congestioravoid-
ance fastrecovery, andtimeoutrespectiely. SLOW-START-READY, CONGESTION-A/OIDANCE-READY,
andGAP areintermediarystategequiredto run thewindow adjustmenprotocolattherecever.

CWND >= ssThrsh

Slow Start Congestion Avoidance

received

,/ the lost packx
that triggered GA|

W packet received

Congestion Avoidance Read)

one packet receive

packet loss packet loss

Slow Start Ready

After one RTT

/Xfter one RTT

Fast Recovery

Figure2: Statetransitionof TEAR

Thefirst roundbegins at the beginning of a transmissiorsessionandthe stateis initialized to SLOW-
START-READY. Initially cwndis setto 1, anda variablessThshis setto a default valuelargerthan2. It
is usedto transitthe protocol statefrom SLOW-START to CONGESTION-A/OIDANCE. Whenrecev-
ing the first datapaclet, the secondround begins andthe stateis changedo SLOW-START. During the
CONGESTION-A/OIDANCE or SLOW-START state,a roundendsonly whenthe |lastCwnd| number
of pacletsarereceived from the beginning of thatround. lastCwndis the value of cwndat the endof the
previousround. A new roundalsobegins whenthe stateis changedo the FAST-RECO/ERY-READY or
SLOW-START-READY state.No new roundstartsin the GAP, FAST-RECOVERY, or TIMEOUT state.

3.4 Increasewindow algorithm

We saythata pacletis recevedin sequencéf the differencebetweerthe sequenceumberof that paclet
andthat of its lastreceved paclet is exactly one. cwndis incrementedvhena new paclet is received in
sequencatthe CONGESTION-A/OIDANCE, or SLOW-START state.cwndis alsoincrementedvhenthe
receversentersthe CONGESTION-A/OIDANCE, or SLOW-START state. Whena paclet is receved at
the CONGESTION-A/OIDANCE stateor whenthe stateis changedo the CONGESTION-A/OIDANCE
state,cwndis incrementedy 1/lastCwnd. This emulatesT CPwindow increaseduring congestioravoid-
ance. Whena paclet is receved in sequencet the SLOW-START stateor whenthe stateis changedo
SLOW-START, cwndis incrementedy one. This emulatesT CP window increaseduringslow start. At the
beaginningof eachround,lastCwndis updatedo thevalueof cwndto beusedin computingthenext rounds
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incrementWhenanupdatedcwndis largerthanssThehatthe SLOW-START state the stateis changedo
CONGESTION-A/OIDANCE.

3.5 Decreasewindow algorithm

Supposdhatthelastpaclet receved hasa sequencaumberi. Whena new paclet receved hasa sequence
numberlargerthan/ + 1 (i.e., it is not in sequence)andthe stateis SLOW-START or CONGESTION-
AVOIDANCE, we changethe stateto the GAP state(i.e., a paclet lossis detected) During the GAP state,
cwndis not modified. The GAP stateis anintermediarystatewherethe recever determinesvhetherthe
lossesarefor timeoutor triple duplicateacknavledgmentevents. In TCR, whena paclet lossoccurs,the
sendeeitherdoesnotreceve ary acknavledgmentor recevesonly duplicateacknavledgmentsandduring
thistime, cwndis unchangedGAP mimicsthe stateof TCP duringthistime.

Fastrecovery In TCP, pacletsrecevedafterapacletlosstriggersaduplicateacknaviedgment.Thus,the
receptionof threepacletsafterthelosseswill triggerthreeduplicateacknaviedgmentsn TCP (assuming
no delayedacknavledgment).If theseacknavledgmentsarereceived beforethe timeout,the TCP sender
entersthe fastrecosery phase.Note thatin TCP (SACK) at mostlastCwnd — 1 pacletsaretransmitted
afterthe transmissiorof the paclet thatis lost. Emulatingthis behaior, the TEAR recever entersFAST-
RECOVERY from GAP whenatleasttwo pacletsarereceved beforereceving ary paclet with sequence
numbetargerthan] + lastCwnd. In addition,thesepacletsmustberecevedwithin aTy;,e0ut periodafter
thereceptiorof paclet/ (thelastpacletrecevedin sequenceeforethe GAP state). Tiimeout IS @anestimated
time for lastCwndpacletsto arrive, andis definedbelow. Figure3illustratesthefastrecoery detectionof
TCPandTEAR.

DuplicateacknowledgementsCwnd' 5

Tear receiver

TCP sender performs fast

~performs fast recovery here
" recovery here

Figure3: Fastrecorery

cwnd: 5

In the GAP state,if paclet! + 1 is receved, it returnsto thelaststatebeforeGAP, andcwndis updated
accordingto theincreasealgorithm. This happensvhenpaclet/ + 1 is reorderedn the network. All those
pacletsreceved beforethereceptionof this reorderedpaclet! + 1, but have a highersequencaumberof
[ + 1 areconsideredo bereceved at oncewhenthe stateis resumedrom GAP. Thus,cwndis incremented
for eachof thosepacletsif thereis nomissingpaclets. If thereis ary paclet: whosenext pacletin sequence
is notrecevved, but somesubsequenpacletsto i (i.e., somepacletis missing)are,thenthe stateis changed
to anew GAP state.At this moment,the last paclet receved beforeenteringthis GAP stateis considered
to bepaclets (i.e.,l = 7). Timeout 1S @lsocountedfrom thereceptiontime of paclets.



At the FAST-RECOVERY state therecever waitsfor anRTT period. All the pacletsreceved during
this RTT periodareignored. This mimics the TCP behaior during paclet losses;it reducests window
only oncefor all thelossesf pacletstransmittedwithin the samecongestiorwindow. This waiting canbe
achieved by settinga timer for the currentestimateof RTT. To be more accuratethe recever cansenda
feedbackpaclet whena lossoccurs,andthe recever canwait until the sendermcknavledgesthe reception
of thefeedbackIn the currentunicastimplementationye adoptthe latterapproach.

At theendof thatRTT period,the stateis changedo CONGESTION-A/OIDANCE-READY stateand
a new round begins. Thus, the round beforethis new round spansfrom the beginning of the last round
andto the endof the RTT period. During the lastround, cwndis not changed.As the nev roundbeagins
in the CONGESTION-A/OIDANCE-READY state,the recever reducescwnd and lastCwndto the half
of the value of cwnd at that time. When a new paclet is receved after this state,the stateis changed
to CONGESTION-A/OIDANCE and cwndis incrementedaccordingto the increasealgorithm. At least
onepaclet mustbereceved afterthe lossedriggeredFAST-RECOVERY. This ensureghatbeforecwndis
increasedhgain,the network statehasrecoseredfrom thelosses.

Timeout If the recever doesnot enterFAST-RECOVERY from GAP until Ti;e0ut time haspastsince
thereceptionof paclet!, it entersTIMEOUT. In addition,if no pacletis not receved beforeTy;cout after
thetransitionto CONGESTION-A/OIDANCE-READY, thenit entersTIMEOUT. Tyjmeout iS COMputedas
follows:

Trimeout = Tinterarrival * lastCwnd x 2DEV 1)

Tinterarrival 1S theinterpaclet transmissionime andcanbecomputedy takingtheinverseof thecurrent
transmissiomate. Thisinformationis embeddedn the paclet headeby thesenderDEV is thedeviationin
RTT estimatesvhich is computedn the sameway asin TCP by the sendeffrom feedback.This deviation
canbealsobecomputedoy takingdeviation in thetime differencefrom the sendingtime stampof a paclet
andits receving time stamp,and multiplying the deviation by /2. This techniqueis usefulwhendirect
feedbackrom therecever to the sendeiis not allowedfor scalabilitysuchasin multicast.

This timeoutperiodis differentfrom TCP’s. TCP enterstimeoutwhena paclet is not acknavledged
until its retransmissiornimer expires. If fastretransmitandrecovery aretriggeredandrecover the paclet
beforethatevent,thetimeoutis avoided. Typically, retransmissiotimersaresetto a valuelarge enoughso
thattriple duplicateacknavledgmentscan be receved beforethe timeout(if they areindeedsent). Thus,
whenfastretransmitandrecovery arepossiblethetimer valuearelarge enoughto allow it.

In TEAR, sinceno acknavledgmentis sent,timeoutmustbe detectedat the recever. This malesit
difficult to detecttimeout. However, sincetherecever candetectpaclet lossesjt canobtainsomehintsfor
timeoutfrom paclet arrivals. For instancewe know thatin TCRP, prior to the detectionof fastrecovery, the
sendetransmitsexactly lastCwnd — 1 pacletsafterthefirst paclet thatis lostto causeGAP. Therefore jf
therecever getslessthanthreepacletsaftera paclet lossuntil it learnsthatlastCwnd — 1 pacletsaresent
by thesendeiafterthelost pacletwassent,it knows thatfastrecosery will notbetriggeredif suchsituation
occursin TCR Tiimeout IS thetimeto allow atleastlastCwnd — 1 pacletsto arrive atthereceiver. We allow
additional2 x DEV perpacletintenal to accountfor delayjittersin theforward path.NotethatTCP uses
4 x DEV for jittersin roundtrip times.

After enteringTIMEOUT, the recever againwaitsfor an RTT periodto ignorepacletslost duringthe
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samelossburstthatcausedhe timeout. At theendof the RTT period, the stateis changedo the SLOW-
START-READY state,ssThehis setto the half of min{cwnd, 2}, cwndandlastCwndare setto 1, and
Tiimeout 1S doubled. A new roundbegins at this time. Note thatits last round spansfrom the beginning
of the lastroundandto the endof this RTT period. cwndis not changedduring this lastround. TEAR
waitsto receve anew paclet beforeenteringSLOW-START from SLOW-START-READY. SLOW-START-
READY is requiredfor therecever to know the sequenc&umberof the next paclet to bereceved. If no
paclet arrivesbeforeT};cout afterthetransitionto the SLOW-START-READY, it entersTIMEOUT again.
WhenenteringSLOW-START, therecever resetsl;imeout 10 thevaluein Egn 1.

3.6 Ratecalculation

At theendof eachround,therecever recordsthe currentvaluesof cwndandRTTto a history arrayif that
rounddoesnotinvolve the TIMEOUT state;otherwisejt recordghecurrentvaluesof cwndandRTO. RTO

is definedto be SRTT +4DFEV whereSRT'T is anexponentiallyweightedmoving averageof RTT. These
valuesareusedto estimatelT CP-friendlyrates.

TCP’s transmissiorrate can be computedby dividing cwnd by RTT. However, TEAR cannotsetits
transmissiomateto this value (computedor eachround)becauset will causethe level of ratefluctuations
asTCP whichwe wantto avoid. Figure4 plotsthe valuesof cwndover roundsfor atypical run of TEAR.
The saw-teeth-like patternindicatesthe additive increaseand multiplicative decreas€AIMD) behaior of
TCPwindowvw managementFromthefigure, we obsenre thatalthoughinstantaneousateswould be highly
oscillating,long-termthroughputwould befairly stable.Theideais to setthe TEAR transmissiomateto an
averagedateover somelong-termperiodT'.

12 T T T

TEAR-CWND

11

10

CWND
(o¢]
T

4 | | | | |
2520 2525 2530 2535 2540 2545 2550

Rounds

Figure4: Thevaluesof congestiorwindow over roundsin atypical run of TEAR
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Epoch Thebig questionis how largeT" shouldbe. Notethatif 7" is settoo small,theratewould fluctuate
too much. If it is too large, thenrate adjustmentwould be too insensitve to network congestionstate.
Certainly T mustbelargerthanthe lengthof one“saw tooth”. If it is lessthanthat,it will shav thesame
fluctuationpatternasTCP. An epod definesone“saw tooth”. An epochis a periodthatbeginseitherwhen
the recever entersthe SLOW-START or CONGESTION-A/OIDANCE stateor at the beginning of the
transmissiorsession.Whena new epochstarts,the currentepochendswhich happensvhenthe recever
entershe SLOW-START or CONGESTION-A/OIDANCE state(i.e., aftera pacletloss).

Supposehatthe currentepochis the kth epoch.At the endof eachround,therecever dividesthe sum
of all the cwndsamplegecordedn the kth epochby the sumof the RTTs or RTO recordedn thatepoch
(notethattherecanbe only oneRTO in anepoch). We call the resultthe rate sampleof epochk. Setting
the rateto a rate sampleat the end of eachepochwould resultin much more smoothedrate adjustment.
However, someunnecessaryatefluctuationsmight still be presentbecausesomerate samplesnay not be
representate of the actualfair sharerate dueto noisein losspatterns.In the currentervironments,loss
patternsarehighly noisy Sincethe endof anepochis determinedoy paclet lossesjf we setT" to be the
sizeof oneepoch the estimatedatewould alsobe subjectto the noise. We needto look furtherbackthan
oneepoch.

To filter outthe noise,we needto apply someform of weightedaveragingover ratesamplegaken over
several W epochdn the past.At theendof eachround,the TEAR recever computes weightedaverageof
thelastW ratesampledaken at the endof eachof thelastW epochs.If the currentepochk is in process,
thenthatsampleis usedonly if addingthe currentsamplein the averagingincreaseshe currentrate. This
is becausevhile the currentepochis in progressits ratesamplecanbetoo small. Until theepochbecomes
sufiiciently large or it ends(with paclet losses)that sampleis not reliable, soignored. This is doneas
follows. If the kth epochis in progressthenwe take a weightedaverageof thesampledrom thek — 1th to
k — W — 1th epochsandcompareheresultwith theweightedaveragefrom kthto k — W — 1th epochsThe
larger of thetwo averagesnultiplied by the paclet size P is taken asa candidatdor afeedbak rateto the
sender We call this candidatef,q,q. If therehasbeenlessthanW epochgi.e.,k < W), thenthemissing
samplesaresetto O.

For the currentimplementationye chooseél to be 8, 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 functionsarepossiblesuchasa Gaussiaror exponentialdistribution, andthey provide
a similar performance We needmore experiencewith otherdistributions. Currentlythe choiceof W and
weightsarestill arbitrary

Feedback The sendersetsits currenttransmissiorrateto the mostrecentlyreceved rate estimatefrom
therecever. If f....q IS lessthanthe previously reportedrate,thentherecever reportsf..,.4 immediatelyto
thesenderOtherwise therecever sendsts rateestimateat the endof a feedbak round Thedurationof a
feedbackroundis a parameteto the system. The rate estimatereportedat the end of a feedbackroundis
equalto f..,q computedatthattime.
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4 Simulation Result

Our simulationexperimentsaredesignedo studythe TCP-friendlinessfairnessandsmoothnessf TCP-
basedrateadjustmenin a unicastervironments.In all experimentswe run TCP-SACK flows and TEAR
flows atthe sametime.

We conductthe sameexperimentsfor TFRC. The default valuesof TFRC parametersre usedwhich
areshavn below:

Agent/ TFRC set packet Si ze_ 1000

Agent / TFRC set df _ 0.95 ; # decay factor for accurate RIT estimate
Agent/ TFRC set tcp_tick_ 0.1 ;
Agent / TFRC set ndatapack_ O ;
Agent/ TFRC set srtt_init_ O ;
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 ;
Agent/ TFRC set overhead_ O ;
Agent/ TFRC set ssmult_ 2 ;
Agent/ TFRC set bval _ 1 ;

Agent/ TFRC set ca_ 1 ;

Agent/ TFRC set printStatus_ O
Agent/ TFRC set rate_ 0.0

Agent/ TFRC set bval _ 1

Nunmber of packets sent
Variables for tracking RTT

H*

Initial send rate

If > 0, dither outgoing packets

Rat e of increase during slowstart:
Val ue of B for TCP fornul a

Enabl e Sgrt (RTT) congestion avoi dance

HHHHH

Agent / TFRCSi nk set packet Size_ 40

Agent/ TFRCSi nk set InitH storySi ze_ 100000

Agent / TFRCSi nk set NunfFeedback 1

Agent/ TFRCSi nk set Adj ustHi storyAfterSS_ 1

Agent / TFRCSi nk set NumBanples_ -1

Agent/ TFRCSi nk set discount_ 1; # History Di scounting

Agent / TFRCSi nk set printLoss_ O

Agent/ TFRCSi nk set smooth_ 1 ; # snoother Average Loss Interval

Figure5 shaws the symmetricnetwork topologyusedin our experiments.Eachexperimentis run with
differentvaluesof following parametersthe bottleneckbandwidth denotecaszz, (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 feedbackateny (1
RTT,4RTTs,10RTTs). Link delaysarefixed. Therunningtime aresetto 400secondsandeachnetwork
flow is startedwith onesecondntenal.

The completeresultscanbe found following this link. Thefiguresin thelink plot the performanceof
TEAR andTFRCwhencompetingwith differentnumbersof TCP flows andtheir own flows (denoteds : y
wherez is thenumberof TEAR (or TFRC)flows, andy is the numberof TCPflows).

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

At eachcolumn,the top figure shavs the aggregatethroughputobtainedby the numberof bytessent
divided by thetotal elapsedime. TEAR flows and TFRC flows areblue linesand TCP flows areredlines.
The greenline indicatesthe fair share(i.e., the total bottleneckbandwidthdivided by the total numberof
flows).

The bottomfigure shaws instantaneousate samples.It shavs only the valuesof one TEAR or TFRC
flow, andthe valuesof one TCP flow althoughactualrunsarewith x TEAR flows andy TCP flows. TCP
ratesaresampledat every 100msinterval by dividing the numberof bytessentover oneinterval by 100ms.
Theblackcoloralsoindicatesheratesamplef TEAR or TFRCtakenat every 100msintenal. Thegreen
line shavs thetransmissiomatetakenwheneer therateis updated.Theredline indicateghefair share.

Below, we highlight somesubsebf theresultsto illustratethe performanceomparisorbetweenTEAR
andTFRC.

4.1 Fairnessand TCP-friendliness

10Mps, Droptail, 8:8 Figure6 shaws the instantaneousate samplesof TCP and TEAR, and TCP and
TFRCrespecirely with the bottleneckbandwidth10Mbps,the droptailrouter andthe numberof flows 8:8.
Both TEAR andTFRCratesfollow thefair sharevery well.

TEAR:8, TCP:8, Queue:DropTail, FD:1, BW:10Mb TFRC:8, TCP:8, Queue:DropTail, FD:1, BW:10Mb

400000 - cP - 400000 [~ CcP
TEAR-bytes/100ms -------- TFRC-bytes/[LOOMS --------
o

e
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Figure6: Bottleneck:10MbsDroptail router: Left (8 TCPs,8 TEARS,Feedback RTT), Right (8 TCPs,8
TFRCs,Feedback.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(aboutone half). TFRC's rate
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dropsto zero.

TEAR:1, TCP:16, Queue:DropTail, FD:1, BW:2.5Mb TFRC:1, TCP:16, Queue:DropTail, FD:1, BW:2.5Mb
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Figure7: Bottleneck2.5Mbs,Droptail router: Left(1 TEAR, 16 TCPs,FeedbacKkL RTT), Right( 1 TFRC
flow, 16 TCPflows, Feedback.5RTT)

2.5Mps, Droptail, 8:8 Figure 8 is from the run with the bottleneckbandwidth2.5Mbps,the droptail
router andthe numberof flows 8:8. TEAR usesslightly lessthanthe fair share. TFRC’sratedropsto zero.

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

2.5Mps, RED, 8:8 Figure10is from the run with the bottleneckbandwidth2.5Mbps,the RED router
andthe numberof flows 8:8. Both TEAR’srateand TFRC'’s rate oscillatearoundthe fair share.(although
TFRC’sratesometimegetsvery low).

4.2 Ratefluctuations or smoothness

In all figuresshavn above, bothTEAR andTFRCshav muchfewer andlower fluctuationghanTCP (in the
orderof magnitude) However, we obsenre that TFRCtendsto shav alittle moreandlargerfluctuations.

Figure 10 is from the run with the bottleneckbandwidth2.5Mps,the RED router andthe numberof
flows 1:1. TEAR shaws very stableratetransitionsaroundthe fair share.However, TFRC shawvs almostas
mary andasmuchfluctuationsasTCP. Whenthedroptailrouteris used the phenomenoigetsworse.

As thenumberof competinglowsincreasestheratefluctutationsof TFRCgreatlysubsidegespecially
in termsof size). However, in termsof the numberof rate fluctuations,we still seemary fluctuations.
Figure 12 is from the run with the bottleneckbandwidth2.5Mps, the RED rounter and the numberof
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TEAR:8, TCP:8, Queue:DropTail, FD:1, BW:2.5Mb TFRC:8, TCP:8, Queue:DropTail, FD:1, BW:2.5Mb
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Figure8: Bottleneck:.2.5MbsDroptail router: Left (8 TCPs,8 TEARSs, FeedbacK. RTT), Right (8 TCPs,
8 TFRCs,Feedback .5RTT)

flows 4:4. While the TEAR flow shaws very stablerate oscillations(fewer andlower), the TFRC flow still
undegoesmary fluctuations.

4.3 Sensitvity to the feedbacklatency

In this section,we examinethe performanceof TEAR and TFRC over variousvaluesof feedbacKateng.
Note that the currentimplementationof TFRC is not designedo handlelarger feedbacKkateng. Sothe
resultswith largerfeedbacldelaysmay not be of theinherentcharacteristicef TFRC.

Figuresl3andl4arefrom therunswith 8 TEAR flowsand8 TCPflowsona2.5Mbsdroptailbottleneck.
We run four experimentsgachwith a differentvalue of the feedbacKateny takenfrom 1 RTT, 2 RTTs, 4
RTTs,and10RTTs. In all runs, TEAR shaws consistentairness.Theratefluctuationsareconsistentiylow.

Figuresl5andl6arefrom therunswith 8 TFRCflowsand8 TCPflowsona2.5Mbsdroptailbottleneck.
We runthreeexperimentseachwith adifferentvalueof thefeedbacKkateny takenfrom 1.5RTTs,4 RTTs,
and10 RTTs. The performanceof TFRC undertheseervironmentsis a little unpredictable Whenusing
1.5RTTs and4 RTTs, the bandwidthsharesof TFRC arevery low. However, whenusing10 RTTSs, its
bandwidthsharesarevery high.

5 Summary and futur e work

In this report,we describea new approacho flow control called TCP emulationat recevers (TEAR) for
unicastandmulticaststreaming Our goalis to developaflow controlprotocolthatcanbefair, TCP-friendly
stableandscalable At the sametime, theratedoesnot fluctuatemuchover the fair share. Theseproperties
mustalsohold undervariousnetwork environmentsncludingtraditionalsymmetricnetworks,andemenging
asymmetricnetworks.
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TEAR:1, TCP:16, Queue:RED, FD:1, BW:2.5Mb TFRC:1, TCP:16, Queue:RED, FD:1, BW:2.5Mb
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Figure9: Bottleneck:2.5MbsRED router FeedbackL RTT: Left (1 TFRC flow, 16 TCP flows), Right (1
TEAR, 16 TCPs)

We presentec unicastTEAR protocolthatcanbesuitablefor long-runningstreamingapplications We
reportedapreliminarywork onverifying the performancef theprotocol,andcomparat with thatof TFRC,
a competingT CP-friendlyunicastprotocolbasedon a TCP-friendlyformula.

We found that both protocolspossessnary desirablepropertiesfor streamingapplicationsvhentheir
flows competawith long-runningT CP-SACK flows. They shaw fairnesandTCP-friendlinessandexcellent
smoothnes ratefluctuations. Whencomparedo TFRC, TEAR shaws betterfairnessandsmoothness.
TFRCshaws performancelitcheswhencompetingwith mary TCPflows for a smallamountof bottleneck
bandwidth. Their ratesunderthis ervironmentdrop almostto zero. We don't know the causeof this, but
suspecthat this might be due to inaccurag in estimatinglossratesandin the TCP formula itself. We
analyticallyshavedin an earliertechnicalreport[22] thatthis problemis inherentin the model-basedor
equation-basedjpproach.

Our experimentsarefocusedon studyingthebehaior of TEAR and TFRCundersteadystatewhereall
thetraffic is generatedby long-runningflows. Clearlythis ervironmentis not realisticbecausdodays In-
ternettraffic is madeof mary short-lvedflows. We will performmoreexperimentsnvolving morerealistic
backgroundraffic. We planto usethe traffic modeldevelopedin our earlierwork [44] thattry to depict
todays bursty Internettraffic. We alsoplanto run extensve Internetexperiments.

TEAR canbe usedto enhancehe scalability of multicastflow control. In TEAR, recevers estimate
their own appropriataeceving rates.Thus,thework is naturallydistributed. Becauset canprovide pretty
accurateestimateof TCP-friendly rateseven with a low frequeng of feedback,it helpssolve feedback
implosionproblem.

Two typesof TEAR-basednulticastflow controlarepossible First,in recever-drivenlayeredmulticast,
recevers canuse TEAR to determinetheir TCP-friendly receving rates,and recevers canjoin enough
multicastlayers(assumingll layersaretransmittedat anequalrate)to recever at their estimatedates.In
this caselittle involvementfrom the sendelis neededor flow control. Secondjn senderdriven multicast,
recevers can periodically feedbacktheir ratesestimatedoy TEAR to the sender The senderselectsthe
bottleneckrecever basedn theseratereports,andsetsits rateto the onereportedby thatrecever.
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TEAR:8, TCP:8, Queue:RED, FD:1, TFRC:8, TCP:8, Queue:RED, FD
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Figure10: Bottleneck:2.5MbsRED routet Feedback..5 RTT: Left(8 TCPs,8 TEARS, Feedbackl RTT),
Right (8 TCPs,8 TFRCs,Feedback.5RTT)

Thereareanumberof issueghathave to be resohed beforetheseprotocolscanberealized.
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