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Abstract

Thispaperusesanalysisandexperimentsto studytheimpactof var-
iouscongestioncontrol algorithmsandreceiverbufferingstrategies
on theperformanceof streamingmediadelivery. While traditional
congestion avoidanceschemessuch as TCP’s additive-increase/-
multiplicativedecrease(AIMD) achieve high utilization, they also
causelargeoscillationsin transmissionratesthatdegradethesmooth-
nessand perceptualquality of the videostream. We focuson un-
derstandingthe interactionsof a family of congestioncontrol al-
gorithmsthat generalize AIMD, with buffer-basedquality adapta-
tion algorithmsfor hierarchically-encodedandsimulcastvideo.Our
work builds on andextendstheresultsof Rejaieet al. [19]; wefind
that thecombinationof a non-AIMDalgorithmthat hassmalleros-
cillations than AIMD and a suitablereceiverbuffer allocationand
managementstrategy providesa goodcombinationof low playout
delay and TCP-friendlycongestion control. The paper describes
thesemechanismsand the resultsof experimentsconductedusing
a prototypevideoserverfor MPEG-4video,showingthat our ap-
proach canimprovetheinteractivityandadaptivityof Internetvideo.

1 Introduction

Streamingvideoandaudioareanincreasinglyimportantcomponent
of theInternet.Unlike traditionalbroadcastmedialike television or
cable,Internetconditionschangewith time,oftenrapidly. As many
othersdo,webelieve thata framework for streamingmediaover the
Internetthat is adaptive to varyingnetwork conditionsis preferable
to onethat is not. This is importantbecauseit is widely believed
that the stability of the modernInternetis in large part due to the
cooperative behavior of theendhostsimplementingthewindow in-
crease/decreasealgorithmsdescribedin [1, 11].

Unlike bulk file transfers,however, streamingvideo seeksto
achieve smoothplaybackquality, rather than simply transmit at
the highest attainablebandwidth. This thereforecalls for suit-
able mechanismsto smooththe playbackrate, which would oth-
erwiseendup oscillatingwhen a streamis sentover a traditional
additive-increase/multiplicative-decrease(AIMD) algorithm as in
TCP [9, 18]. The processof probing for bandwidthand reacting
to observedcongestioninducesoscillationsin theachievabletrans-
missionrate,andis anintegralpartof thenatureof many end-to-end
congestionmanagementalgorithms.

In additionto performingcongestioncontrol that interactswell
with other flows on the Internet,a streamingmediaserver should
adaptthe quality of its transmissionbasedon the available band-
width. That is, a videoserver shouldscalethequality of transmis-
siondependingon prevailing network conditions.This mechanism
is known asqualityadaptationandcanbeperformedin anumberof

ways.Oneoption,calledsimulcast, encodesthebitstreamatvarious
target bitratesandswitchesbetweenthe previously encodedlayers
astheavailablebandwidthchanges.An alternative quality adapta-
tion schemeuseshierarchical encoding[12,13, 25], wherethevideo
streamis encodedatabaselayerandoneor moreenhancementlay-
ers,which canbe combinedto renderthe streamat higherquality.
As theavailablebandwidthvaries,thenumberof enhancementlay-
ersis adjustedby theserver.

Rateoscillationsdegradethequality of receivedvideobecause
they requiremorebufferingto sustainasmoothplayoutandoftenre-
sult in variablequality, whichis visuallyunappealingto thereceiver.
Overcomingthe oscillatorynatureof AIMD congestioncontrol to
smoothenbitstreamcanbedonein two ways:� Alternativesto AIMD congestioncontrol[5, 9, 20].� Usea combinationof quality adaptationandreceiver buffer-

ing [18].

The video server can transmitdataaccordingto a congestion
controlalgorithmthat resultsin oscillationsof a smallermagnitude
thanAIMD, suchasequation-basedcongestioncontrol [9], TEAR
(TCP Emulationat Receivers) [20], or binomial congestioncon-
trol [5].

Alternatively, quality adaptationand buffering at the receiver
canbeusedto smoothshort-termoscillationscausedby AIMD, as
describedby Rejaieet al [17]. Receiver buffering not only reduces
jitter, but if enoughdataarebuffered,alsoenablesthe receiver to
sustainmomentarydropsin the sendingrateby playing out of its
buffer at a higher rate than the server is currently sending. This
buffer accumulateswhenthe senderis transmittingfasterthanthe
receiver is playingout, by not aggressively addinglayerswhenever
any sparebandwidthbecomesavailable. Rejaieet al. observe that
receiver buffering in conjunctionwith qualityadaptationcanreduce
theeffect of oscillationsthatresultfrom AIMD.

This paperbuilds on andextendsthe resultsof Rejaieet al. in
threekey directions:

1. We proposemechanismsfor smootherplayoutof layerswith
a classof non-AIMD congestioncontrolalgorithms.

2. We presentrulesfor quality adaptationfor simulcast,hierar-
chicalencoding,andanoptimisticimmediateadaptationalgo-
rithm.

3. Weprovideamechanismfor performingqualityadaptationin
combinationwith non-AIMD congestioncontrolalgorithms.

To ourknowledge,this is thefirst explorationof receiverbuffer-
ing for quality adaptationwith non-AIMD congestioncontrol and
non-hierarchicallayering using simulcast. In particular, alternate



congestioncontrolschemessuchasbinomialcongestioncontrolcan
reduceoscillationsin thelayers,andwhenusedin conjunctionwith
receiver buffering,yield furtherbenefitin termsof interactivity.

Usingbinomialcongestioncontrolin conjunctionwith buffered
quality adaptationfor hierarchicalencodingresultsin lessrequired
buffering to sustaina lossat any given layer thandoesAIMD. This
smalleramountof requiredbuffering resultsin a higherlevel of in-
teractivity, dueto thereduceddelaybeforeplayoutcanhappen.Fur-
thermore,theuseof binomialcongestioncontrolwith quality adap-
tation resultsin a fasterconvergenceto transmissionof the correct
numberof layers,thusproviding higherperceptualqualityat there-
ceiver.

Basedon our new quality adaptationrules,we have conducted
experimentsover a network that emulatesthe conditionsa stream-
ing video server might faceon the Internet. Our experimentsare
conductedusinga prototypeMPEG-4server we have designedand
implemented,usingRTP for delivery, RTCP for feedback,andthe
CongestionManager[3, 4] for congestioncontrol. We investigate
the effects of variousquality adaptationmechanismsand conges-
tion control algorithms. We find that binomial congestioncontrol
canprovidebenefitsoverAIMD, regardlessof thequalityadaptation
mechanismusedby reducingtheamountof oscillationin thevideo
server’s sendingrate. In addition, we find that binomial conges-
tion controlcanprovidesignificantbenefitswhenusedwith buffered
quality adaptationof hierarchicallyencodedvideo by reducingthe
amountof requiredbuffering at the receiver in orderto play out at
any givenlayer.

The restof thepaperis organizedasfollows: in Section2, we
survey relatedwork; in Section3, we discussthe algorithmsused
and presentthe quality adaptationrules for binomial controls; in
Section4, we presentour systemarchitecture,implementation,and
theresultsof our experiments.

2 Related Work

In recentyears,muchattentionhasfocusedon developingconges-
tion controlalgorithmsfor streamingmediaapplications.Earlypro-
posalsfor multimediacongestioncontrol [10, 16, 18, 23, 23, 24]
wereessentiallyvariantsof TCP without the in-order, reliablede-
livery of data,semanticsassociatedwith TCP. More recently, pro-
posalslike TFRC [9], TEAR [20], andbinomial controls[5] have
focusedon reducinglarge oscillationsassociatedwith TCP’s con-
gestioncontrol. In TFRC, the senderexplicitly adjustsits sending
rateasa function of the measuredrateof losseventsbasedon the
TCP-friendlyequationdevelopedin [15]. In theTEAR protocol,the
receiveremulatesthecongestionwindow evolutionof aTCPsender.
The receiver maintainsan exponentiallyweightedmoving average
of the congestionwindow, anddividesthis by the estimatedround
trip time to obtaina TCP-friendlysendingrate. Binomial controls
proposedin [5] generalizeTCP’s increase/decreaserulesto derive a
family of TCP-friendlycongestioncontrol algorithmswith a vary-
ing degreeof oscillation. We discussbinomial congestioncontrols
in moredetailin Section3.

Rejaie et al. proposea quality adaptationschemeusing re-
ceiver buffering for AIMD-controlled transmissionandplaybackof
hierarchically-encodedvideo [17, 19]. Long-termcoarse-grained
adaptationis performedby addinganddroppinglayersof thevideo
stream,while usingAIMD to reactto congestion.Receiver buffer-
ing alleviatestheshort-termvariationsin thesendingratecausedby
theoscillatorynatureof AIMD. A new layerwill beaddedonly if,
at any point, the total amountof buffering at the receiver is suffi-
cient to survive an immediatebackoff andcontinueplaying all of
the existing layersplus the new layer, andthe instantaneousavail-
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Figure 1. Window evolution vs time for SQRT andAIMD conges-
tion controls. �����
	 is thewindow valueat time t.

ablebandwidthis greaterthantheconsumptionrateof theexisting
layers,plus thenew layer. Whenthetotal amountof buffering falls
below the amountrequiredfor a drop from a particularrate, then
thehighestlayer is dropped.Additionally, buffer spaceis allocated
betweenlayerssoasto placea greaterimportanceon lower layers,
therebyprotectingtheselayersupona reductionin thetransmission
rate.Theconditionsfor theadditionanddeletionof layersandinter-
layerbuffer allocationfor AIMD andhierarchicalencodingarede-
scribedin [19].

3 Algorithms

This sectiondescribesthe algorithmsfor congestioncontrol and
quality adaptationusedin ourwork.

3.1 Binomial congestion controls
Binomial congestioncontrols generalizeTCP’s increase/decrease
rulesusingthefollowing equations:

I: ������������������������� ���! 
D: � �"�#
� �$� �&%(' �*)� �  ,+ ' +.- (1)/

and 0 are the parametersof binomial controlsand � � is the in-
stantaneouswindow value,whichgovernsthetransmissionrate.For/21  4350 1 - , we getAIMD usedby TCP; for

/61 % -73
0 1 - , we
get MIMD (multiplicative increase/multiplicative decreaseusedby
slowstart in TCP[11]); for

/21 % -8390 1  , we getMIAD; andfor/:1  ;390 1  we getAIAD, therebycovering theclassof all linear
algorithms.

In previouswork [5], weshowedthatabinomialcongestioncon-
trol satisfyingthe � / 390"	 rule, i.e.

/ �<0 1 - , is TCP-friendly. Further,
onememberof this family, SQRT (

/=1 0 1  4> ? ) appearsattractive
for streamingmediadeliverydueto its smallermagnitudeof oscilla-
tions. In SQRT, thereductionin transmissionrateis proportionalto@ � , whereasin AIMD thereductionis proportionalto � . However,
thepotentialbenefitsof suchanalgorithmandits impacton quality
adaptationalgorithmshave not beenstudied,nor hasits interaction
with layeredmediadelivery. Figure1 shows thenonlinearevolution
of thecongestionwindow for theSQRT controlalgorithm.



3.2 Quality adaptation
To appropriatelydeterminethequality of videothatshouldbesent,
rulesmustbedefinedin orderto determinewhena layershouldbe
addedor removed. Theseruleswill vary dependingon themethods
of qualityadaptationandcongestioncontrolthatareemployed.

In thecaseof instantaneousadaptation,thelayerswitchingrules
aresimple: simply sendvideoat thehighestpossiblelayer thatcan
besentat any giventime. In this case,themagnitudeandfrequency
of oscillationsin the congestioncontrol algorithmwill govern the
magnitudeandfrequency of layerswitchingandthusaffect theper-
ceivedquality of videoat thereceiver.

To reducelayer switching, somehysteresismay be used,ei-
ther by delayingswitchingto a higherquality video (until thereis
someconfidencethat the higherquality video canbe sustained)or
by buffering dataat the receiver for future playout. Thesequality
adaptationalgorithmhowever, dependsonwhetherthedatais being
simulcastor availableashierarchicallyencoded.

Rejaieet al. describea quality adaptationschemefor hierarchi-
cally encodeddataandAIMD congestioncontrol,whereanew layer
is addedonly whenthetwo conditionshold [19]:A � �"B�CD�!-�	9EFHGHI&JK L MON2PRQ�S

LUT �9�"B�CD�V-�	9E % � W 	 WYXZ � (2)

Here,
A

is thecurrenttransmissionrate, BOC thenumberof cur-
rentlyactive layers,E thebandwidth/layer, P[Q�S

L
theamountof data

bufferedfor layer \ , � therateof linear increasein bandwidth,andX
theroundtrip time. Theserulesensurethattheserver addsa new

layeronly when:

1. Theinstantaneousavailablebandwidthis greaterthanthecon-
sumptionrateof theexisting layersplusthenew layer, and,

2. Thereis sufficient total buffering at thereceiver to survive an
immediatebackoff andcontinueplayingall theexisting layers
plusthenew layer.

The layersaredroppedwhenany of theabove rulesis not sat-
isfied.Additionally, [19] derivestheoptimalallocationof buffersat
the receiver amongvariouslayer basedon the observation that the
distribution of buffering must provide maximal protectionagainst
dropping layers for any likely patternof short-termreductionin
availablebandwidth.Sincefor hierarchicallyencodeddata,thepres-
enceof lower layerdatais essentialfor playingoutdatafrom higher
layer, this impliesthat

1. Allocating morebuffering for the lower layersnot only im-
provestheir protectionbut alsoincreasesefficiency of buffer-
ing, and

2. Buffereddatafor eachlayercannotprovidemorethanits con-
sumptionrate(i.e. E ). Thus,thereis a minimum numberof
bufferedlayersneededto copewith short-termreductionsin
availablebandwidthfor successfulrecovery. This minimum
is directly determinedby the reductionin bandwidth(or the
numberof cutoffs, called smoothingfactor in [19]) that we
intendto absorbby buffering.

Theabove observationshelpthemto derive conditionsfor opti-
malallocationof buffering for AIMD, asshown in Figure2.

Figure 2. Optimal inter-layerbuffer distribution asderived in [17,
19]. Figurefrom [17], reprintedwith permission.

3.2.1 Simulcast

In simulcast,the senderencodesvideo offline at varioustransmis-
sion rates(eachbitrate is an independentstream);in our analysis,
weassumeaconstantratespacingbetweensuccessive layers.To re-
ducevariationin thequality of videostream,somehysteresisis re-
quiredsothattransmissionis not switchedto a higherquality video
unlessthereis someconfidencethatthehigherquality videocanbe
sustained.This implies thata videosendershouldnot sendhighest
quality videobasedon theinstantaneoustransmissionrate.

We assumethat a packet drop due to congestionmay happen
at any time. Under this assumption,the transmissionshould be
switchedto a higherlayeronly if thehigherlayercanbesustained
after an immediatebackoff. Note that unlike hierarchicalencod-
ing, buffereddatafor one layer becomesuselessoncethe layer is
switchedbecausethe layersare independent.Thus, if buffering is
doneto providethehysteresismargin onbackoffs, eachtimethelay-
ering is switched,thebuffer mustbebuilt from thenew layer. This
resultsin choppinessin videoplayout.Thus,for anadaptive simul-
castvideo,we assumethattherearenobuffersavailableto alleviate
backoff andtheresultingdropin thesendingrate.

Under the above assumption,a simple methodto determine
the quality of video data to transmit is to use the instantaneous
transmissionrateandsendthehighestlayerpossibleassumingthat
a backoff happensimmediately. Then,for a TCP-friendlybinomial
control, the videoquality that shouldbesentshouldbe thehighest
encodingavailablesuchthat

E]+ A %^' A )
Here, E is the bit rateat which the video streamis encoded,andA

is the instantaneoustransmissionrate. For TCP-styleAIMD,' 1 -�� Z and 0 1 - , so

E_+ A � Z
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Figure 3. Figureshowing thewindow evolution vs. time for bino-
mial congestioncontrolalgorithm

andfor SQRT:

E_+ A %�' @ A
Thus,usingthis simplealgorithm,SQRT congestioncontrolal-

lows transmissionof a higher layer comparedto AIMD. Note that
theabove derivationassumesno buffering existsfor a givenquality
of videoat thereceiver. If, on theotherhand,oneis willing to toler-
atea certainamountof delay, onemaybuffer dataat thereceiver to
sustainanimmediatebackoff.

3.2.2 Hierarchical encoding

In thecaseof hierarchicalencoding,morecomplex rulesgovernthe
quality adaptation.We derive thebuffering requirementsandinter-
layerbuffer allocationstrategy for binomialcontrolalgorithms.

Similar to [19], alayershouldbeaddedwhenthefollowing con-
ditionshold (assumingonebackoff, i.e.,smoothingfactor= 1):A � �"B�CD�V-�	9EFHG8I&JK L MON2PRQ�S

LUT `
whereA is the areaof the shadedportion in Figure3. This area,
derivedin theappendix,is givenby:` 1 �"B�CD�a-b	9E,cd�"BOCe�!-�	 �  J E �  J % � A %�' A ) 	 �  Jgf X� / �V-�	h� %cd�"B C �V-b	 �  W E �  W % � A %(' A ) 	 �  W f X� / � Z 	h� (3)

Setting
/�1  for AIMD yields equation2 asderived in [19].

Since
/�1 -�� Z for SQRT algorithms,we get the following condi-

tionsfor addinga layer:A � �"B�CD�a-b	9EFHG8I�JK L M�N P[Q�S
LUT �"B C �a-b	9E,cd�"B C �!-�	gi
j W E�i
j W % � A %(' @ A 	gi
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Figure 4. Optimalinter-layerbuffer allocationfor binomialconges-
tion control.

Assumingthat we have layersavailable at all encodings(i.e.
continuity assumption),it follows that B C �p- correspondsto the
encodingof thevideodataat themeanrateof transmission.Thus:

For AIMD: �"B C �a-b	9E 1 k Aq
andfor SQRT:

�"B C �!-�	9E_+ A % ' Z @ A (5)

The inequality in 5 follows from the concavity of the window
vs. timecurve 3. Puttingthesevaluesinto equations5 and7, weget

For AIMD:FHGHI&JK L M�N P[Q�S
LrT �lk A � q % A � Z 	 W XZ � 1as � A W 	 (6)

while for SQRT:FHG8I&JK L M�N6P[Q�S
LUT � A i
j W ' W ��tu� A 	9	 Xv � 1as � A i
j W 	 (7)

Thus,thebuffer requiredfor addinga layer with SQRT is sig-
nificantly lower thanthebuffer requirementswhenAIMD is used.

Figure 4 shows the optimal amountof buffering requiredfor
layer \ with a binomial algorithm. We can expressthis buffering
requirementPRQ�S

L
, in termsof thelayer \ , thecurrentrate

A
, thecur-

rent layer’s rate B�CwE , andthe parametersfor binomial congestion
control, � , ' ,

/
, and 0 . This buffer allocationfor a schemewhich

usesbinomial congestioncontrol is similar to that of the AIMD
scheme[19] andis derivedin theappendix.

4 Implementation and experiments

Weperformedseveralexperimentsto assesstheperformanceof var-
ious quality adaptationschemeswith both AIMD andSQRT con-
gestioncontrolschemesunderemulatednetwork conditions.Weran
theseexperimentsonaprototypeMPEG-4streamingsystemthatwe
aredevelopingunderLinux.

4.1 System description
Figure5 shows thearchitectureof thesystemthatwearedeveloping
for MPEG-4delivery that servesasa testbedfor our experiments.
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Figure 6. Experimentaltestbed.

It consistsof a video server anda video client. The server listens
for requestson anRTSP[22] port andstreamsrequesteddatato the
client via an implementationof RTP (over UDP) [21] thathasbeen
extendedto supportapplication-level framingandselective reliabil-
ity. Feedbackis provided to the server via RTCP receiver reports
andis usedto adjustthecongestionwindow sizeat theserver.

TheRTSPrequestfrom theclient for a particularvideostream
refersto afile containinganindex for all thelayerscorrespondingto
thatvideo,aswell astheir bit-rates.Basedon its knowledgeabout
thenetwork capacity, thevideoserverchoosesthelayerto send,and
then, switchesbetweendifferent layersas the network conditions
change.

Our system supports standards-compatibleextensions to
RTP/RTCPthat allow for the application-level framing of the data
with ApplicationDataUnits (ADUs) [7]. ADUs enablefragmenta-
tion andreassemblyof independentlyprocessibleunitsof dataand
alsomake selective recovery of applicationspecificdataunitspos-
sibleat thereceiver. For thecaseof MPEG-4videostreaming,one
frameof the compressedvideo bit-stream(separatedby VOP start
codes)correspondsto one ADU. Theseframesare packetizedby
thesenderandthen,whenthey arereceivedby thereceiver, arere-
assembledandpassedto theapplicationlayerfor decodingoncethe
completeframehasbeenreceived.

The informationprovidedby thereceiver regardingpacket loss
rates,roundtrip timesetc. is usedto provide feedbackto theunder-
lying congestioncontrolalgorithmimplementedusingtheConges-
tion Manager(CM) [2, 3, 4]. CM supportsboth AIMD andSQRT
congestioncontrolandanapplicationcanspecifywhich congestion
controlalgorithmshouldbeusedfor its connections.CM alsopro-
videscallbackmechanismsto provide feedbackto the application
aboutthenetwork conditions,whichenablestheapplicationto adapt
its contentquality to thenetwork conditions.This is doneby having
thevideoservermakearequestto theCM whenever it wantsto send
data; the CM issuesa callbackto the server when the connection
is permittedto senda packet. The server alsoperiodicallyqueries
theCM to determinethecurrentbandwidthof thechannelandthen

sendstheappropriatequalityof data.
We conductedexperimentsusing the testbedshown in Figure

6. The video server (running on a Pentium2 Linux 2.2.9 box)
streameddatato thereceiver (alsoa Pentium2 Linux 2.2.9)across
a 1.5 Mbps link with 100 ms latency, configuredusingDummynet
[8]. BackgroundWebcross-traffic wasintroducedusingtheSURGE
toolkit [6] to emulatethevaryingnetwork conditionsthatanactual
streamingserver might seein the faceof competingWebtraffic on
the Internet. Our testMPEG-4video streamwasencodedat rates
correspondingto discreteratesbetween100Kbpsand700Kbps,in
constantly-spacedincrementsof 100Kbps.

4.2 Instantaneous adaptation
Figures7 and8 show excerptsof tracesof anMPEG-4streamtrans-
fer from thevideoserver to theclient. In thiscase,thesenderadapts
the numberof layersbasedon the instantaneousavailable band-
width. While this approachhasthe advantageof addinglayersag-
gressively andquickly takingadvantageof bandwidthasit becomes
available,it resultsin rapidoscillationsasa resultof responseto the
sawtooth-like behavior of thecongestioncontrolalgorithms.

An importantpoint to notein thesegraphsis thatSQRT conges-
tion control reducesthe magnitudeof layer switching in response
to changesin availablebandwidth. The multiplicative decreaseof
AIMD algorithmsresultsin drasticreductionin thequality of video
sentby thesenderimmediatelyfollowing apacketdrop.SQRT con-
gestioncontrol on the other hand,exhibits a significantly smaller
reductionin thevideoqualityasthesendingrateis muchsmoother.

The averagenumberof layersdroppedwhena backoff occurs
is noticeablysmallerwith SQRT, becausethemagnitudeof therate
changeupona drop is smallerthanin AIMD. Furthermore,SQRT
resultsin a moreconstantrateof transmission,which reducesthe
amountof bufferingat thereceiver to reducejitter.

Figure11 shows the frequency of variousdrop magnitudesfor
two differentbottleneckbandwidths,1.5 Mbps and2.0 Mbps. In
eachcase,SQRT did not causeany layer dropsof more than one
layer. However, AIMD oftenresultedin many layerdropsperback-
off. Becausesmall oscillationsin layer adaptation(i.e., dropsof
one layer upon backoff) are more tolerableto the userthan large
variationsin quality, this suggeststhatSQRT providesmuchhigher
perceptualquality to theuserby reducingthenumberof abruptlayer
drops.Furthermore,asavailablebandwidthincreases(comparethe
1.5 Mbps and 2.0 Mbps histograms),the rate at which the server
cantransmitdataincreases,increasingthemagnitudeof backoff on
packet loss. This is becausethe backoff is proportionalto

A
for

AIMD and
@ A

for SQRT, whereR is the transmissionratebefore
thedrop. Thus,astheavailablebandwidthincreases,thebenefitof
SQRT congestioncontrol with respectto layer droppingbecomes
morepronounced.
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Figure 7. AIMD congestioncontrolwith immediateadaptation.
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Figure 8. SQRT congestioncontrolwith immediateadaptation.

4.3 Simulcast
Figures9 and 10 show excerptsfrom a similar MPEG-4 transfer,
but with thelayeringdecisionsmadeby thesimplesimulcastquality
adaptationrules.Thatis, thevideoserver will not addanadditional
layerunlessit cansupportthatlayerfollowing oneimmediateback-
off atany giventime.

Here, the benefitsof SQRT congestioncontrol aresignificant.
SQRT resultsin ahigheraveragelayersentfor agivenaveragesend-
ing rate.This is becausethesendercansenda higherlayerandstill
sustainbackoffs, given that the amountby which the server backs
off with SQRT is considerablysmaller.

Our simulcastrules drastically reducethe frequency of layer
changesusingAIMD, becausea layer is not addeduntil thesender
is certainthat it cancontinueto play that layershoulda backoff oc-
cur at any given time. However, becausetheamountby which the
ratechangesvia onebackoff in AIMD is large,thesenderis notable
to addlayersasquickly. As a result,the targetbitrateof thevideo
transmittedby thesenderis muchsmallerthantheaverageavailable
rate,asshown in Figure9.

Since the amountby which the senderreducesits rate upon
packet losswith SQRT is smallerthanwith AIMD, the sendercan
addlayersmoreaggressively asthe rate increases,sincea backoff
thatmayensueatany giventimewill not resultin asdrasticof arate
reductionaswith AIMD. As aresult,thesenderis capableatsending
muchhigherquality video undersimulcastusingSQRT thanwith
AIMD. This canbeseenby comparingFigures9 and10.

Thus, for any given rate,simulcastquality adaptationrules in
conjunctionwith SQRT congestioncontrol result in a highertarget
bitratevideo beingtransmittedfor a given transmissionrate. This
hasimportantapplicationsfor streamingvideo.For one,whenstart-
ing from slow start,thevideoapplicationcansendthehighestqual-
ity videomorequickly astherateincreases(i.e.,fasterconvergence).
Second,given a ratewhich the senderis capableof sendingat any
giventime,theservercansendhigherlayersunderSQRT congestion
control,becausethemagnitudeof backoffs is smaller, thusresulting
in a higherqualityof videoreceivedby theclient.

Anotherinterestingpoint to noteby comparingFigures8 and10
is that the introductionof the moreconservative simulcastrule did
not have a considerablygreateffect on reducingthe oscillationsin
layerswitching.Thisappearsto bebecauseSQRT backoffs areoften
rathersmall, andthe instantaneouschannelbandwidthseenby the
senderundergo transientoscillationsdueto RTT variations,which
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Figure 11. Frequency of layer dropsof variousmagnitudesusing
AIMD congestioncontrol and instantaneousrate adaptation. For
SQRT congestioncontrol, not shown in the figure,all backoffs re-
sultedin droppingexactly onelayer. Thebenefitsof SQRT become
moresignificantasbottleneckbandwidthincreasesandAIMD back-
offs becomelarger.

canchangetheperceivedsendingratetemporarilyby morethanone
SQRT backoff. This effect is not seenin AIMD, becausetheserate
variationsaresmallerthanonebackoff. Oneareaof futurework is
in handlingthesetransientvariationsappropriatelyin thecontext of
simulcastqualityadaptationandbinomialcongestioncontrol.

4.4 Hierarchical encoding
With hierarchicalencodingandreceiverbufferedqualityadaptation,
theoscillationsresultingfrom sendinglayersusinginstantaneousor
simulcastrulescanbe further reduced,asbuffering built up at the
receiver canbe usedto play out video at higherlayers,even if the
ratemomentarilydropsbelow the total bit-ratebeingsupportedby
thelayersbeingsent.

In Section3, we showed that, for a given rate,SQRT requires
much lessbuffering at the receiver, thus resultingin a higher de-
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Figure 9. AIMD congestioncontrolwith simulcastqualityadap-
tation.
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Figure 10. SQRT congestioncontrol with simulcastquality
adaptation.
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Figure 12. AIMD congestioncontrol for hierarchicalencoding
with receiver-bufferedqualityadaptation.
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Figure 13. SQRT congestioncontrol for hierarchicalencoding
with receiver-bufferedqualityadaptation.

Layer AIMD SQRT
2 76.41 44.97
3 196.25 63.13
4 233.12 99.94

Table 1. Buffering requirementsin KBytes for addinglayersfor
AIMD andSQRT algorithms.

greeof interactivity and fasterconvergence. Table 1 verifies our
analyticalfindings. This trial shows that considerablylessreceiver
buffering is requiredto adda layer, thusresultingin fasterconver-
genceto theappropriaterateandahigherdegreeof interactivity. As
with simulcastqualityadaptation,thenumber(but notmagnitude)of
oscillationsseenby a systememploying hierarchicalencodingand
SQRT is mildly highercomparedto AIMD, but theseoscillationsare
offsetby higheroverall qualityof receivedvideoat thereceiver.

Usinghierarchicalencodingwith receiverbuffering,bothAIMD
andSQRT congestioncontrolalgorithmsresultin convergenceto the

sametransmittedlayer, but AIMD is muchslower in converging be-
causea lot morebuffering mustbe built up to sustaina backoff at
any particulartime. Figures12 and13 show layeredquality adapta-
tion for AIMD andSQRT, configuredto sustainupto two immediate
backoffs in transmissionratedueto (unforeseen)congestion.

Thus,notonly doesAIMD requiremorebufferingatthereceiver
thanSQRT, but it alsotakesalongertimeto playout thelayersasso-
ciatedwith theaveragerate. This result indicatesthat significantly
higher interactivity is possibleusingSQRT congestioncontrol. If
a userwantsto performrandomaccesson a videostream(forward,
rewind,etc.) to apointwherenodatais bufferedfor thevideostream
at any layer, usingSQRT congestioncontrolallows thevideoserver
to converge andstartplaying a higherquality of videomuchmore
quickly thanAIMD does.UsingSQRT congestioncontrolalsore-
ducestheinitial perceivedlatency atthebeginningof astreambefore
a videoclip canstartbeingrendered.

Smoothquality of a receivedvideosignaldependson appropri-
atebuffering. In particular, receiver buffering mustbelargeenough
to (1) accountfor network jitter (delay variation), (2) allow time
for retransmissionof lostpackets,and(3) enablequalityadaptation.



The buffering requiredto counteractnetwork jitter is a function of
thevariancein network delay, wherethe instantaneousjitter � L can
beexpressedas ��� `*L % `eL I�J 	 % �o� L % � L I�J 	�� [14, 21]. Usingthis,
therequiredbuffering to counteractnetwork jitter is '�� L , where� L is
smoothedjitter; smallervaluesof ' reduceoverall delay, andlarger
valuesdecreasethelikelihoodof late(hence,effectively lost) pack-
ets.Buffering for retransmissionof lostpacketsalsodependson the
absolutenetwork round-triptime. Buffering for quality adaptation
dependson theabsolutetransmissionrate. We have shown that re-
quiredQA buffering is

s � A i
j W 	 for SQRT congestioncontrol ands � A W 	 for AIMD. The dominantfactor for the requiredbuffering
thusdependson the relationof the absoluteround-trip time to the
RTT varianceand the absolutetransmissionrate. As the absolute
RTT becomeslargewith respectto RTT variance,buffering dueto
retransmissionrequestswill dominatebuffering requiredto counter-
actjitter, andviceversa.

5 Conclusion

In this paper, we have addressedtheissueof how thebinomialcon-
gestioncontrol algorithms,which reduceoscillationsin the trans-
missionrate,canbe usedby layeredstreamingapplicationsto im-
prove videoquality andinteractivity. We studiedtheinteractionbe-
tweenthequality adaptationmechanismsfor variablerateandhier-
archicallyencodeddataandtheunderlyingcongestioncontrolalgo-
rithm, building on thework by Rejaieet al [19].

Besidesbinomial controls,several otheralgorithmslike TFRC
andTEAR havebeenproposedto reducetheoscillationsin thesend-
ing rate.Evaluatingthebenefitsof theseotherschemesandcompar-
ing themwith thebinomialalgorithmsfor streamingmediadelivery
is a topic for futurework. While congestioncontrol for multimedia
is anactivetopicof research,moreresearchis neededonthestream-
ingapplicationalgorithmstoadaptto thevagariesof thenetworkand
theunderlyinglayersto ensurebetteruserexperiencefor realappli-
cations. We believe that our MPEG-4 server, integratedwith the
congestionmanager, providesanattractive platformfor suchwork.
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A Quality adaptation

A.1 Buffering requirements
For binomialcontrols,theincreasein sendingrate(

A
) perroundtrip (

X
) is governedby thefollowing equation([5]):� A � � � 1 �A � X` J 1 � ����l� A � �

1 �_� F G  J����� I�� �O� A �  W X� / �V-�	h� � �1 cd�"B C �a-b	 �  W E �  W f X�}� / � Z 	` 1 �"B�CD�!-�	9E,��� W % � J 	 % ` J (8)� W % � J 1 cd�"B C �a-b	 �  J E �  J % A �  J f� / �!-�	h�� ` 1 �"B C �!-�	9E,cd�"B C �a-b	 �  J E �  J % A �  J f� / �a-b	h� % �"B C �a-b	 �  W E �  W % A �  W f� / � Z 	h� (9)

A.2 Inter-layer buffer allocation
For binomialcontrols,theoptimalinter-layerbuffer allocationis determinedby thefollowing equation:

P[Q�S
L 1 cd�"BOCHEe� L %�� L 	 % �"B�CwEe� L  J %�� L  J 	 f (10)

where � L is theamountof time takenfor therateto increasefrom �"\hE�� � A %�' A ) 	9	 to B C E alongthecurve
A L ���
	 . � L is theareaunderthe

curve
A L ���
	 from thetimeperiod0 to � L . Thebuffer allocationfor layer \ , PRQ�S

L
is shown by theshadedareain Figure4. Thusfrom theequation

relatingtheevolutionof rateover time, � A� � 1 �A �A ���9	 1 ¡ � / �!-�	h�&�&� A �  JN£¢ �¤Y¥ �
it is possibleto determineanexpressionfor � L , thetime takenfor the instantaneousrate

A
to increaseto B C E for a genericbinomial increase

by �¦� A � .
� L 1 -�}� / �!-�	 ¡ �"B C En	 �  J % �"\�E§�¨� A %^' A )"	9	 �  J ¢ (11)

Thecurve
A L ���
	 is definedby thecurve which originatesat theratecorrespondingto \ layersabove thebackoff, i.e., �"\�E!�¨� A %�' A ) 	9	

andincreasesin abinomialfashion.Theareaundertheratecurve
A L ���9	 , � L , canbeexpressedas:

� L 1 � ��©N A L ���
	 � �1 � ��©N ¡ � / �!-�	h�&���a�"\�E��a� A %^' A )"	9	 �  J ¢ �¤Y¥ �
1 -�}� / � Z 	 ¡ �"BOCHEn	 �  W % �"\�E��a� A %�' A )�	9	 �  W ¢ (12)

Therearetwo scenariosconsideredin [18] correspondingto ª immediatebackoffs (smoothingfactor)andthebackoffs uniformly separated.
Thesearetheworstcasespossibleandthus,give anupperboundon thebuffer requirementsfor eachlayer.



A.2.1 Scenario1

Wecannow substitutetheseresultsinto equation10andgeneralizefor ª successive backoffs for Scenario1 to obtain

PRQ�S
L 1 B�CHE�«� / �a-b	 c¬�9�"\��a-b	9EV�!� A % ª ' A )�	9	 �  J % �"\�EV�!� A % ª ' A )�	9	 �  J f� -�}� / � Z 	 c¬�"\�E§�¨� A % ª ' A )"	9	 �  W % �9�"\��a-b	9E��a� A % ª ' A )	9	 �  W f (13)

Therearetwo importantnoteswith respectto this derivation.Thefirst is thatanalyticallywehave shown anupperboundfor thebuffering
requiredfor ª immediatesuccessive backoffs, in reality, the quantity of eachsuccessive backoff would be smallerbecausethe backoff is
reducingfrom the alreadysmallerrate. In our implementation,we have calculatedexact buffering requirements,but this result cannotbe
shown in a cleananalyticallyclosedform.

Second,it shouldbe notedthat the implementationcalculatesthe buffer requirementsfor transmitting � layersby simply summingthe
optimal inter-layer buffer allocationrequirementsfor eachlayer. This strategy wasadoptedbecausethis was the approachtaken in the ns
simulationcodefor receiver bufferedqualityadaptationin Rejaieetal.’swork [18].

A.2.2 Scenario2

In Scenario2, the ª backoffs aredivided into ª L initial immediatebackoffs (as in Scenario1), followed by ª % ª L successive backoffs toB C E %(' �"B C En	 ) .
The total amountof buffering requiredfor Scenario2 is the amountof buffering requiredin a Scenario1 situationwith ª L backoffs

(Equation12) (denotedby P[Q�S
L J ), plustheamountof bufferingrequiredto sustain( ª % ª L ) successive backoffs from B C E to B C E %2' �"B C En	 )

(denotedby PRQ�S
L W

). Thus,

P[Q�S
L 1 P[Q�S

L J �a��ª % ª L 	 P[Q�S
L W

P[Q�S
L J 1 B�CwE�}� / �!-�	 cd�9�"\��!-�	9E��a� A % ª

L ' A )�	9	 �  J % �"\�E��a� A % ª L ' A )"	9	 �  J f
� -�}� / � Z 	 cd�"\�E��a� A % ª

L ' A )"	9	 �  J % �9�"\��a-b	9EV�!� A % ª L ' A )"	9	 �  J f (14)

P[Q�S
L W 1 B C E�}� / �!-�	 cd�"B�CwEn	9�  J % �"B�CwE %^' �"B�CwEn	 ) 	9	9�  J f� -�}� / � Z 	 cd�"B C En	 �  W % � A %�' �"B C En	g)�	9	 �  W f (15)


