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Abstract

Thispaperusesanalysisandexperimentgo studytheimpactof var-
iouscongestioncontmol algorithmsandreceiverbuffering strategies
on the performanceof streamingmediadelivery While traditional
congestion avoidanceschemessud as TCP’s additive-incease/-
multiplicativedecease(AIMD) achieve high utilization, they also
causdarge oscillationsin transmissiomatesthatdegradethesmooth-
nessand perceptual quality of the video stream. We focuson un-
derstandingthe interactions of a family of congestion contmol al-
gorithmsthat generlize AIMD, with buffer-basedquality adapta-
tion algorithmsfor hierarchically-encode@ndsimulcastideo.Our
work builds on and extendsthe resultsof Rejaieetal. [19]; wefind
thatthe combinationof a non-AIMD algorithmthat hassmalleros-
cillations than AIMD and a suitablereceiverbuffer allocation and
manaementstrategy providesa good combinationof low playout
delay and TCP-friendly congestion contiol. The paper describes
thesemetanismsand the resultsof experimentsconductedusing
a prototypevideo serverfor MPEG-4video, showingthat our ap-
proac canimprovetheinteractivity andadaptivityof Internetvideo.

1 Introduction

Streamingrideoandaudioareanincreasinglyimportantcomponent
of theInternet.Unlike traditionalbroadcasmedialik e television or
cable,Internetconditionschangewith time, oftenrapidly. As mary
othersdo, we believe thata framework for streamingnediaoverthe
Internetthatis adaptve to varying network conditionsis preferable
to onethatis not. This is importantbecauset is widely believed
that the stability of the moderninternetis in large part dueto the
cooperatie behaior of the endhostsimplementingthe window in-
crease/decreasdgorithmsdescribedn [1, 11].

Unlike bulk file transfers,however, streamingvideo seeksto
achiye smooth playback quality, rather than simply transmit at
the highestattainablebandwidth. This thereforecalls for suit-
able mechanismgo smooththe playbackrate, which would oth-
erwiseend up oscillatingwhen a streamis sentover a traditional
additive-increase/multiplicate-decreas€AIMD) algorithm as in
TCP[9, 18]. The processof probing for bandwidthand reacting
to obsered congestiorinducesoscillationsin the achievabletrans-
missionrate,andis anintegral partof the natureof mary end-to-end
congestiormanagemerglgorithms.

In additionto performingcongestiorcontrol thatinteractswell
with otherflows on the Internet,a streamingmediasener should
adaptthe quality of its transmissiorbasedon the available band-
width. Thatis, a video sener shouldscalethe quality of transmis-
siondependingpn prevailing network conditions. This mechanism
is known asquality adaptationandcanbe performedn anumberof

ways.Oneoption,calledsimulcastencodeshebitstreamat various
target bitratesand switchesbetweenthe previously encodedayers
asthe available bandwidthchanges.An alternatve quality adapta-
tion schemaiseshierarchical encodind12, 13, 25|, wherethevideo
streamis encodedht abasdayerandoneor moreenhancemenay-
ers,which canbe combinedto renderthe streamat higher quality.
As the availablebandwidthvaries,the numberof enhancemeray-
ersis adjustedy the sener.

Rateoscillationsdegradethe quality of receved video because
they requiremorebufferingto sustairasmoothplayoutandoftenre-
sultin variablequality, whichis visually unappealingo therecever.
Overcomingthe oscillatory natureof AIMD congestiorcontrol to
smootherbitstreamcanbe donein two ways:

e Alternativesto AIMD congestiorcontrol[5, 9, 20.

e Usea combinationof quality adaptatiorandrecever buffer-
ing [18].

The video sener can transmitdataaccordingto a congestion
controlalgorithmthatresultsin oscillationsof a smallermagnitude
thanAIMD, suchasequation-basedongestiorcontrol [9], TEAR
(TCP Emulationat Recevers) [20], or binomial congestioncon-
trol [5].

Alternatively, quality adaptationand buffering at the recever
canbe usedto smoothshort-termoscillationscausedy AIMD, as
describedby Rejaieetal [17]. Recever buffering not only reduces
jitter, but if enoughdataare buffered, also enableshe recever to
sustainmomentarydropsin the sendingrate by playing out of its
buffer at a higher rate than the sener is currently sending. This
buffer accumulatesvhenthe senderis transmittingfasterthanthe
recever is playing out, by not aggressiely addinglayerswheneer
ary sparebandwidthbecomesavailable. Rejaieet al. obsenre that
recever buffering in conjunctionwith quality adaptatiorcanreduce
the effect of oscillationsthatresultfrom AIMD.

This paperbuilds on and extendsthe resultsof Rejaieet al. in
threekey directions:

1. We proposemechanism$or smoothemplayoutof layerswith
aclassof non-AIMD congestiorcontrolalgorithms.

2. We presentrulesfor quality adaptatiorfor simulcast,hierar
chicalencodingandanoptimisticimmediateadaptatioralgo-
rithm.

3. We provide amechanisnfor performingquality adaptatiorin
combinationwith non-AIMD congestiorcontrolalgorithms.

To ourknowledge thisis thefirst explorationof recever buffer-
ing for quality adaptationwith non-AIMD congestioncontrol and
non-hierarchicalayering using simulcast. In particular alternate



congestiorcontrolschemesuchasbinomialcongestiorcontrolcan
reduceoscillationsin the layers,andwhenusedin conjunctionwith
recever buffering, yield furtherbenefitin termsof interactvity.

Usingbinomial congestiorcontrolin conjunctionwith buffered
quality adaptatiorfor hierarchicalencodingresultsin lessrequired
buffering to sustainalossat ary givenlayerthandoesAIMD. This
smalleramountof requiredbuffering resultsin a higherlevel of in-
teractvity, dueto thereducedielaybeforeplayoutcanhappen Fur-
thermore the useof binomial congestiorcontrolwith quality adap-
tationresultsin a fasterconvergenceto transmissiorof the correct
numberof layers,thusproviding higherperceptuatuality atthere-
cewer.

Basedon our new quality adaptatiorrules, we have conducted
experimentsover a network that emulateghe conditionsa stream-
ing video sener might faceon the Internet. Our experimentsare
conductedisinga prototypeMPEG-4sener we have designecand
implementedusing RTP for delivery, RTCP for feedback.andthe
CongestionManager[3, 4] for congestioncontrol. We investigate
the effects of various quality adaptationrmechanismsnd conges-
tion control algorithms. We find that binomial congestioncontrol
canprovide benefitsover AIMD, regardlessf thequality adaptation
mechanisnusedby reducingthe amountof oscillationin thevideo
sener’s sendingrate. In addition, we find that binomial conges-
tion controlcanprovide significantbenefitavhenusedwith buffered
quality adaptatiorof hierarchicallyencodedvideo by reducingthe
amountof requiredbuffering at the recever in orderto play out at
ary givenlayer

Therestof the paperis organizedasfollows: in Section2, we
suney relatedwork; in Section3, we discussthe algorithmsused
and presentthe quality adaptationrules for binomial controls; in
Section4, we presenbur systemarchitecturejmplementationand
theresultsof our experiments.

2 Redated Work

In recentyears,muchattentionhasfocusedon developing conges-
tion controlalgorithmsfor streamingmediaapplications Early pro-
posalsfor multimediacongestioncontrol [10, 16, 18, 23, 23, 24]
were essentiallyvariantsof TCP without the in-order reliable de-
livery of data,semanticsassociatedvith TCP. More recently pro-
posalslike TFRC[9], TEAR [20], and binomial controls[5] have
focusedon reducinglarge oscillationsassociatedvith TCP’s con-
gestioncontrol. In TFRC, the senderexplicitly adjustsits sending
rate asa function of the measuredate of losseventsbasedon the
TCP-friendlyequatiordevelopedin [15]. In the TEAR protocol,the
recever emulateghecongestiorwindow evolution of aTCPsender
The receizer maintainsan exponentiallyweightedmoving average
of the congestiorwindow, anddividesthis by the estimatecdround
trip time to obtaina TCP-friendly sendingrate. Binomial controls
proposedn [5] generalizeTCP’sincrease/decreaselesto derive a
family of TCP-friendly congestiorcontrol algorithmswith a vary-
ing degreeof oscillation. We discussbinomial congestiorcontrols
in moredetailin Section3.

Rejaie et al. proposea quality adaptationschemeusing re-
ceiver buffering for AIMD-controlled transmissiorandplaybackof
hierarchically-encodedideo [17, 19]. Long-term coarse-grained
adaptatioris performedby addinganddroppinglayersof the video
stream,while using AIMD to reactto congestion.Recever buffer-
ing alleviatesthe short-termvariationsin the sendingratecausedy
the oscillatorynatureof AIMD. A new layerwill beaddedonly if,
at ary point, the total amountof buffering at the recever is suffi-
cientto survive an immediatebacloff and continueplaying all of
the existing layersplus the new layer, andthe instantaneousvail-

w(t)

dw/dt = a/ (WK -RTT) for SQRT

Figure 1. Window evolution vstime for SQRT andAIMD conges-
tion controls.w(t) is thewindow valueattimet.

ablebandwidthis greaterthanthe consumptiorrate of the existing
layers,plusthe new layer Whenthetotal amountof buffering falls
belov the amountrequiredfor a drop from a particularrate, then
the highestlayeris dropped.Additionally, buffer spaceis allocated
betweerlayersso asto placea greaterimportanceon lower layers,
therebyprotectingtheselayersupona reductionin the transmission
rate. Theconditionsfor theadditionanddeletionof layersandinter-
layerbuffer allocationfor AIMD andhierarchicalencodingarede-
scribedin [19].

3 Algorithms

This sectiondescribesthe algorithmsfor congestioncontrol and
quality adaptatiorusedin our work.

3.1 Binomial congestion controls

Binomial congestioncontrols generalizeTCP’s increase/decrease
rulesusingthefollowing equations:

I: werr (—wt—i-a/wf;a >0
D: wipsr < wi — Pwi;0 < B < 1 €N

k and! arethe parameter®f binomial controlsand w; is the in-
stantaneouwindow value,which governsthetransmissiomate. For
k=0, 1 =1,wegetAIMD usedby TCP;fork = —1,1 = 1, we
getMIMD (multiplicative increase/multiplicatie decreasaisedby
slowstartin TCP[11]); for k = —1,1 = 0, we getMIAD; andfor
k = 0,1 = 0 wegetAlAD, therebycoveringthe classof all linear
algorithms.

In previouswork [5], we shavedthatabinomialcongestiorton-
trol satisfyingthe(k, 1) rule,i.e. k+1 = 1, is TCP-friendly Furthey
onememberof this family, SQRT (k = I = 0.5) appearsttractive
for streamingmediadelivery dueto its smallermagnitudeof oscilla-
tions. In SQRT, thereductionin transmissiomateis proportionafto
vJw, whereasn AIMD thereductionis proportionako w. However,
the potentialbenefitsof suchanalgorithmandits impacton quality
adaptatioralgorithmshave not beenstudied,nor hasits interaction
with layeredmediadelivery. Figurel shavs thenonlinearevolution
of thecongestiorwindow for the SQRT controlalgorithm.



3.2 Quality adaptation

To appropriatelydeterminethe quality of videothatshouldbe sent,
rulesmustbe definedin orderto determinewhena layer shouldbe
addedor remaved. Theseruleswill vary dependingon the methods
of quality adaptatiorandcongestiorcontrolthatareemployed.

In thecaseof instantaneouadaptationthelayerswitchingrules
aresimple: simply sendvideo at the highestpossiblelayerthatcan
besentatary giventime. In this case the magnitudeandfrequeny
of oscillationsin the congestioncontrol algorithmwill govern the
magnitudeandfrequeng of layerswitchingandthusaffectthe per
ceivedquality of videoattherecever.

To reducelayer switching, somehysteresismay be used, ei-
ther by delayingswitchingto a higher quality video (until thereis
someconfidencethatthe higher quality video canbe sustainedpr
by buffering dataat the receier for future playout. Thesequality
adaptatioralgorithmhowever, depend®onwhetherthe datais being
simulcastor availableashierarchicallyencoded.

Rejaieetal. describea quality adaptatiorschemeor hierarchi-
cally encodedlataandAIMD congestiorcontrol,whereanew layer
is addedonly whenthetwo conditionshold [19]:

R > (na+1)C
ng—1
“ ne +1)C — B)2T
S s > (etiE s @
=0

Here, R is the currenttransmissiomate, n, the numberof cur-
rently active layers,C thebandwidth/layerbu f; theamountof data
bufferedfor layeri, o therateof linearincreasen bandwidth,and
T theroundtrip time. Theserulesensurethatthe sener addsa new
layeronly when:

1. Theinstantaneouavailablebandwidthis greatetthanthecon-
sumptionrateof the existing layersplusthe new layer, and,

2. Thereis sufiicient total buffering at the recever to survive an
immediatebacloff andcontinueplayingall theexisting layers
plusthenew layer

The layersaredroppedwhenary of the above rulesis not sat-
isfied. Additionally, [19] derivesthe optimalallocationof buffersat
the recever amongvariouslayer basedon the obsenation thatthe
distribution of buffering must provide maximal protectionagainst
dropping layers for ary likely patternof short-termreductionin
availablebandwidth.Sincefor hierarchicallyencodediata thepres-
enceof lower layerdatais essentiafor playingoutdatafrom higher
layer, thisimpliesthat

1. Allocating more buffering for the lower layersnot only im-
provestheir protectionbut alsoincreasefficiency of buffer-
ing, and

2. Buffereddatafor eachlayercannotprovide morethanits con-
sumptionrate(i.e. C). Thus,thereis a minimum numberof
bufferedlayersneededo copewith short-termreductionsin
available bandwidthfor successfutecosery. This minimum
is directly determinecby the reductionin bandwidth(or the
numberof cutofs, called smoothingfactor in [19]) that we
intendto absorbby buffering.

The above obsenationshelpthemto derive conditionsfor opti-
mal allocationof buffering for AIMD, asshawn in Figure2.
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Figure 2. Optimalinterlayer buffer distribution asderivedin [17,
19]. Figurefrom [17], reprintedwith permission.

3.2.1 Simulcast

In simulcast,the senderencodesvideo offline at varioustransmis-
sion rates(eachbitrateis anindependenstream);in our analysis,
we assume constantratespacingoetweersuccessie layers.To re-
ducevariationin the quality of video stream somehysteresiss re-
quiredsothattransmissions not switchedto a higherquality video
unlessthereis someconfidencehatthe higherquality video canbe
sustained This impliesthata video sendershouldnot sendhighest
quality videobasedn theinstantaneousansmissionate.

We assumethat a paclet drop due to congestionmay happen
at ary time. Under this assumptionthe transmissionshould be
switchedto a higherlayeronly if the higherlayer canbe sustained
after an immediatebacloff. Note that unlike hierarchicalencod-
ing, buffered datafor one layer becomeauselesoncethe layer is
switchedbecausehe layersareindependent.Thus, if buffering is
doneto provide thehysteresisnargin on bacloffs, eachtimethelay-
eringis switched the buffer mustbe built from the new layer This
resultsin choppiness$n video playout. Thus,for anadaptve simul-
castvideo,we assumehatthereareno buffersavailableto alleviate
bacloff andtheresultingdropin thesendingrate.

Under the abore assumption,a simple methodto determine
the quality of video datato transmitis to usethe instantaneous
transmissiorrateandsendthe highestlayer possibleassuminghat
a bacloff happensmmediately Then,for a TCP-friendlybinomial
control, the video quality that shouldbe sentshouldbe the highest
encodingavailablesuchthat

C < R— R

Here, C is the bit rate at which the video streamis encoded,and
R is the instantaneousransmissionrate. For TCP-style AIMD,
B=1/2andl =1, so

C < R/2
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Figure 3. Figureshaving the window evolution vs. time for bino-
mial congestiorcontrolalgorithm

andfor SQRT:

C<R-pBVR

Thus,usingthis simplealgorithm,SQRT congestiorcontrolal-
lows transmissiorof a higherlayer comparedo AIMD. Note that
the above derivation assumeso buffering existsfor a given quality
of videoattherecever. If, onthe otherhand,oneis willing to toler
atea certainamountof delay onemay buffer dataatthereceverto
sustaimnimmediatebacloff.

3.2.2 Hierarchical encoding

In the caseof hierarchicakencodingmorecomple rulesgovernthe
quality adaptation We derive the buffering requirementandinter-
layerbuffer allocationstrateyy for binomial controlalgorithms.
Similarto[19], alayershouldbeaddedvhenthefollowing con-
ditionshold (assumingnebacloff, i.e.,smoothingfactor= 1):

R > (na+1)C

ng—1

> bufi > A
=0

whereA is the areaof the shadedportion in Figure3. This area,
derivedin theappendixjs givenby:

(ne +1)Cl(na +1)*'C*! — (R BRYT

A= k+1)a
[(na + 1)***C*** — (R— BR)*IT |
(k+2)a ®

Settingk = 0 for AIMD yields equation2 asderivedin [19].
Sincek = 1/2 for SQRT algorithms,we get the following condi-
tionsfor addingalayer:

R > (na+1)C

(na +1)Cl(na + 1*2CY = (R = BVR)*/*IT
(3/2)a
[(na +D*/2C** — (R— BVR)*IT
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Figure 4. Optimalinter-layerbuffer allocationfor binomialconges-
tion control.

Assumingthat we have layersavailable at all encodings(i.e.
continuity assumption)jt follows thatn, + 1 correspondgo the
encodingof thevideodataatthe meanrateof transmissionThus:

For AIMD:

(na + 1)0 = %
andfor SQRT:
(na+1)C<R—§\/1_2 (5)

The inequalityin 5 follows from the concaity of the window
vs. time curve 3. Puttingthesevaluesinto equations$ and7, we get
For AIMD:

ng—1 9
Yooug > CREZBRIT oy g
2a
=0
while for SQRT:
Nng—1

, (R*?B% 4+ o(R))T
; bufi 2 8a

Thus, the buffer requiredfor addinga layer with SQRT is sig-
nificantly lower thanthe buffer requirementsvhenAIMD s used.

Figure 4 shavs the optimal amountof buffering requiredfor
layer ¢ with a binomial algorithm. We can expressthis buffering
requiremenbu f;, in termsof thelayers, thecurrentrate R, thecur-
rentlayer's rate n, C, andthe parametergor binomial congestion
control, o, B3, k, andl. This buffer allocationfor a schemewhich
usesbhinomial congestioncontrol is similar to that of the AIMD
schemd19] andis derivedin theappendix.

=O0(®”)

4 Implementation and experiments

We performedseveral experimentgo assestheperformancef var-
ious quality adaptationschemeswith both AIMD and SQRT con-
gestioncontrolschemesinderemulatechetwork conditions.Weran
theseexperimentonaprototypeMPEG-4streamingsystenthatwe
aredevelopingunderLinux.

4.1 System description

Figure5 shavs thearchitectureof the systenthatwe aredeveloping
for MPEG-4 delivery that senes as a testbedfor our experiments.



RTSP

\ MPEG Server |

loss rates;
RTTs

callbacks data loss/RTT/request;

| MPEG Client

data loss/RTT/requests

Internet

RTP

Y | RTP/IRTCR=

| RTP/RTCH

Figure5. Systemarchitecture Feedbaclks sentto the streamingapplicationvia RTCP, which is usedto appropriatelyadjustthe transmission

rate.

MPEG-4 Video Server MPEG-4 Video Client

1.5 Mbps, 100 ms

HTTP Web Server

HTTP Clients

HTTP Web Server

HTTP Clients.

Figure 6. Experimentatestbed.

It consistsof a video sener anda video client. The sener listens
for requeston an RTSP[22] port andstreamsequestediatato the
clientvia animplementatiorof RTP (over UDP) [21] thathasbeen
extendedto supportapplication-leel framingandselectve reliabil-
ity. Feedbacks provided to the sener via RTCP recever reports
andis usedto adjustthe congestiorwindow sizeatthe sener.

The RTSPrequestrom the client for a particularvideo stream
refersto afile containinganindex for all thelayerscorrespondingo
thatvideo, aswell astheir bit-rates. Basedon its knowledgeabout
thenetwork capacitythevideosenerchooseshelayerto sendand
then, switchesbetweendifferent layers as the network conditions
change.

Our system supports standards-compatiblesxtensions to
RTP/RTCP that allow for the application-l&el framing of the data
with Application DataUnits (ADUSs) [7]. ADUs enablefragmenta-
tion andreassemblyf independentlyprocessiblaunits of dataand
alsomale selectve recovery of applicationspecificdataunits pos-
sibleattherecever. For the caseof MPEG-4video streamingpne
frame of the compressedideo bit-stream(separatedy VOP start
codes)correspondgo one ADU. Theseframesare pacletized by
the senderandthen,whenthey arereceved by therecever, arere-
assembledndpassedo theapplicationlayerfor decodingoncethe
completeframehasbeenreceved.

The informationprovided by the recever regardingpaclet loss
rates,roundtrip timesetc. is usedto provide feedbacko theunder
lying congestiorcontrol algorithmimplementedusingthe Conges-
tion Manager(CM) [2, 3, 4]. CM supportshoth AIMD andSQRT
congestiorcontrolandanapplicationcanspecifywhich congestion
controlalgorithmshouldbe usedfor its connections CM alsopro-
vides callbackmechanismdo provide feedbackto the application
aboutthenetwork conditions which enablegheapplicationto adapt
its contentquality to the network conditions.Thisis doneby having
thevideosener make arequesto the CM wheneer it wantsto send
data;the CM issuesa callbackto the sener whenthe connection
is permittedto senda paclet. The sener alsoperiodically queries
the CM to determinethe currentbandwidthof the channelandthen

sendghe appropriatequality of data.

We conductedexperimentsusing the testbedshavn in Figure
6. The video sener (running on a Pentium2 Linux 2.2.9 box)
streamediatato therecever (alsoa Pentium2 Linux 2.2.9)across
a 1.5 Mbpslink with 100 mslateng, configuredusing Dummynet
[8]. BackgroundNebcross-trafic wasintroducedusingthe SURGE
toolkit [6] to emulatethe varying network conditionsthatan actual
streamingsener might seein the faceof competingWeb traffic on
the Internet. Our testMPEG-4video streamwas encodedat rates
correspondingo discreteratesbetweenl00 Kbpsand700Kbps,in
constantly-spaceithicrementof 100Kbps.

4.2 |nstantaneous adaptation

Figures7 and8 shav excerptsof tracesof anMPEG-4streantrans-
fer from thevideosenerto theclient. In this casethesenderldapts
the numberof layersbasedon the instantaneousvailable band-
width. While this approachthasthe advantageof addinglayersag-
gressvely andquickly takingadwantageof bandwidthasit becomes
available,it resultsin rapid oscillationsasa resultof responséo the
sanvtooth-like behaior of the congestiorcontrolalgorithms.

An importantpointto notein thesegraphsis that SQRT conges-
tion control reducesthe magnitudeof layer switchingin response
to changesn available bandwidth. The multiplicative decreasef
AIMD algorithmsresultsin drasticreductionin the quality of video
sentby thesendeimmediatelyfollowing a pacletdrop. SQRT con-
gestioncontrol on the other hand, exhibits a significantly smaller
reductionin thevideoquality asthe sendingrateis muchsmoother

The averagenumberof layersdroppedwhen a bacloff occurs
is noticeablysmallerwith SQRT, becauséhe magnitudeof therate
changeupona dropis smallerthanin AIMD. Furthermore SQRT
resultsin a more constantrate of transmissionwhich reduceshe
amountof buffering attherecever to reducejitter.

Figure 11 shaws the frequeny of variousdrop magnitudegor
two different bottleneckbandwidths,1.5 Mbps and 2.0 Mbps. In
eachcase,SQRT did not causeary layer dropsof morethanone
layer However, AIMD oftenresultedn mary layerdropsperback-
off. Becausesmall oscillationsin layer adaptation(i.e., drops of
one layer upon bacloff) are moretolerableto the userthan large
variationsin quality, this suggestshat SQRT pravidesmuchhigher
perceptuatjuality to theuserby reducingthe numberof abruptayer
drops. Furthermoreasavailablebandwidthincreasegcomparethe
1.5 Mbps and 2.0 Mbps histograms) the rate at which the sener
cantransmitdataincreasesincreasinghe magnitudeof bacloff on
paclet loss. This is becauseahe bacloff is proportionalto R for
AIMD and+/R for SQRT, whereR is the transmissiorrate before
thedrop. Thus,asthe available bandwidthincreasesthe benefitof
SQRT congestioncontrol with respectto layer droppingbecomes
morepronounced.
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Figure7. AIMD congestiorcontrolwith immediateadaptation.

4.3 Simulcast

Figures9 and 10 shaw excerptsfrom a similar MPEG-4 transfer
but with thelayeringdecisionamadeby the simplesimulcasjuality
adaptatiorrules. Thatis, thevideosener will notaddanadditional
layerunlesst cansupportthatlayerfollowing oneimmediateback-
off atary giventime.

Here, the benefitsof SQRT congestioncontrol are significant.
SQRT resultsin ahigheraveragdayersentfor agivenaveragesend-
ing rate. This is becaus¢he sendercansenda higherlayerandstill
sustainbacloffs, given that the amountby which the sener backs
off with SQRT is considerablysmaller

Our simulcastrules drastically reducethe frequenyg of layer
changesusingAIMD, because layeris not addeduntil the sender
is certainthatit cancontinueto play thatlayershoulda bacloff oc-
cur atary giventime. However, becausehe amountby which the
ratechangewia onebacloff in AIMD is large,thesendeiis notable
to addlayersasquickly. As aresult,the targetbitrate of the video
transmittedby the sendeiis muchsmallerthanthe averageavailable
rate,asshavn in Figure9.

Since the amountby which the senderreducesits rate upon
paclet losswith SQRT is smallerthanwith AIMD, the sendercan
addlayersmore aggressiely asthe rateincreasessincea bacloff
thatmayensueatary giventime will notresultin asdrasticof arate
reductionaswith AIMD. As aresult,thesendeis capableatsending
much higher quality video undersimulcastusing SQRT thanwith
AIMD. This canbeseenby comparingFigures9 and10.

Thus, for ary given rate, simulcastquality adaptatiorrulesin
conjunctionwith SQRT congestiorcontrol resultin a highertarget
bitrate video being transmittedfor a given transmissiorrate. This
hasimportantapplicationsfor streamingvideo. For one,whenstart-
ing from slow start,the videoapplicationcansendthe highestqual-
ity videomorequickly astherateincreasesi.e.,fasterconvergence).
Secondgiven a ratewhich the sendelis capableof sendingat ary
giventime, thesenercansenchigherlayersunderSQRT congestion
control,becaus¢he magnitudeof bacloffs is smaller thusresulting
in ahigherquality of videorecevedby theclient.

Anotherinterestingpointto noteby comparingrigures8 and10
is thatthe introductionof the more conserative simulcastrule did
not have a considerablygreateffect on reducingthe oscillationsin
layerswitching. Thisappears$o bebecaus&QRT bacloffs areoften
rathersmall, andthe instantaneoushannelbandwidthseenby the
sendemndego transientoscillationsdueto RTT variations,which
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AIMD congestioncontrol and instantaneousate adaptation. For
SQRT congestiorcontrol, not shawvn in the figure, all bacloffs re-
sultedin droppingexactly onelayer. The benefitsof SQRT become
moresignificantasbottleneckbandwidthincreasesndAIMD back-
offs becomdarger.
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canchangehe perceved sendingratetemporarilyby morethanone
SQRT bacloff. Thiseffectis notseenin AIMD, becauseheserate
variationsare smallerthanonebacloff. Oneareaof futurework is
in handlingthesetransientvariationsappropriatelyin the context of
simulcastguality adaptatiorandbinomial congestiorcontrol.

4.4 Hierarchical encoding

With hierarchicakencodingandrecever bufferedquality adaptation,
the oscillationsresultingfrom sendindayersusinginstantaneousr
simulcastrules canbe further reduced as buffering built up at the
recever canbe usedto play out video at higherlayers,evenif the
rate momentarilydropsbelaw the total bit-rate being supportechy
thelayersbeingsent.

In Section3, we shaved that, for a given rate, SQRT requires
much lessbuffering at the recever, thusresultingin a higherde-
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Figure9. AIMD congestiortontrolwith simulcasquality adap-
tation.
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Figure 12. AIMD congestiorcontrolfor hierarchicalencoding
with recever-bufferedquality adaptation.

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

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

greeof interactvity and fastercorvergence. Table 1 verifies our
analyticalfindings. This trial shavs that considerablylessrecever
buffering is requiredto adda layer, thusresultingin fastercorver-
genceto theappropriateateanda higherdegreeof interactvity. As
with simulcasquality adaptationthenumber(but notmagnitudepf
oscillationsseenby a systememplgying hierarchicalencodingand
SQRT is mildly highercomparedo AIMD, buttheseoscillationsare
offsetby higheroverall quality of recevedvideoattherecever.
Usinghierarchicabncodingwith receier buffering, bothAIMD

andSQRT congestiorcontrolalgorithmsresultin corvergenceto the

Simulcast QA with Binomial Congestion Control
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Figure 10. SQRT congestioncontrol with simulcastquality
adaptation.
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Figure 13. SQRT congestiorcontrol for hierarchicalencoding
with recever-bufferedquality adaptation.

sametransmittedayer, but AIMD is muchslowerin corverging be-
causea lot more buffering mustbe built up to sustaina bacloff at
ary particulartime. Figures12 and13 shav layeredquality adapta-
tion for AIMD andSQRT, configuredo sustairupto two immediate
bacloffs in transmissiomratedueto (unforeseengongestion.

Thus,notonly doesAIMD requiremorebufferingattherecever
thanSQRT, but it alsotakesalongertimeto play outthelayersasso-
ciatedwith the averagerate. This resultindicatesthat significantly
higherinteractvity is possibleusing SQRT congestioncontrol. If
a userwantsto performrandomacces®n a video stream(forward,
rewind, etc.)to apointwhereno datais bufferedfor thevideostream
atary layer, usingSQRT congestiorcontrolallows thevideosener
to converge andstartplaying a higher quality of video muchmore
quickly thanAIMD does. Using SQRT congestiorcontrol alsore-
ducegheinitial percevedlateny atthebeginningof astreanbefore
avideoclip canstartbeingrendered.

Smoothquality of a recevedvideosignaldepend®n appropri-
atebuffering. In particular recever buffering mustbe large enough
to (1) accountfor network jitter (delay variation), (2) allow time
for retransmissionf lost paclets,and(3) enablequality adaptation.



The buffering requiredto counteracnhetwork jitter is a function of

thevariancein network delay wherethe instantaneoufitter j; can
beexpressedis|(A; — Ai—1) — (Si — Si—1)| [14, 21]. Usingthis,

therequiredbuffering to counterachetwork jitter is 34;, whereé; is

smootheditter; smallervaluesof 3 reduceoverall delay andlarger
valuesdecreasg¢helikelihoodof late (hence effectively lost) pack-
ets.Buffering for retransmissioiwnf lost pacletsalsodependonthe

absolutenetwork round-triptime. Buffering for quality adaptation
dependon the absolutetransmissiorrate. We have shavn thatre-

quired QA buffering is O(R*/?) for SQRT congestiorcontrol and

O(R?) for AIMD. The dominantfactorfor the requiredbuffering

thusdependson the relation of the absoluteround-triptime to the

RTT varianceand the absolutetransmissiorrate. As the absolute
RTT becomedarge with respecto RTT variance buffering dueto

retransmissiomequestsvill dominatebuffering requiredto counter

actjitter, andvice versa.

5 Conclusion

In this paper we have addressetheissueof how the binomialcon-
gestioncontrol algorithms,which reduceoscillationsin the trans-
missionrate, canbe usedby layeredstreamingapplicationsto im-
prove video quality andinteractvity. We studiedtheinteractionbe-
tweenthe quality adaptatiormechanismsor variablerateandhier
archicallyencodedlataandthe underlyingcongestiorcontrolalgo-
rithm, building onthework by Rejaieetal [19].

Besideshinomial controls,several otheralgorithmslike TFRC
andTEAR have beenproposedo reducetheoscillationsin thesend-
ing rate. Evaluatingthe benefitsof theseotherschemesindcompar
ing themwith thebinomialalgorithmsfor streamingmediadelivery
is atopic for futurework. While congestiorcontrol for multimedia
is anactive topic of researchmoreresearclis needednthestream-
ing applicationalgorithmsto adapto thevagarieof thenetwork and
theunderlyinglayersto ensurebetteruserexperiencefor realappli-
cations. We believe that our MPEG-4 sener, integratedwith the
congestiormanagerprovidesanattractize platformfor suchwork.
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A Quality adaptation

A.1 Bufferingrequirements

For binomialcontrolstheincreasen sendingrate(R) perroundtrip (7') is governedby thefollowing equation([5]):

67
dR/dt = i
ta
Ay = / Rdt
t1
(na+1)C k42
- / R
rpr (k+1a
_ [(na + 1)k+2ck+2]T
N a(k+2)
A = (na + 1)C(t2 — t1) — A (8)
k+1k+1 _ pk+l
IR (G i chiled il
(k+1)a
A = (na + 1)0[(na + 1)k+lck+1 _ Rk+1] B (na + 1)k+2ck+2 _Rk+2] (9)
N (k+1)a (k+2)a

A.2 Inter-layer buffer allocation

For binomialcontrols,the optimalinter-layer buffer allocationis determinedy the following equation:

bufi = [(naCti — N;) — (naCtiv1 — Nit1)] (10)

wheret; is the amountof time taken for the rateto increasdrom (iC + (R — BR')) to n,C alongthecure R;(t). N; is the areaunderthe
cune R;(t) fromthetime period0 to ¢;. Thebuffer allocationfor layers, bu f; is shavn by theshadedareain Figure4. Thusfrom theequation
relatingthe evolution of rateovertime,

& _ o
dt =~ Rk

1
R(t) _ [(k+1)at+R§+1] kB+1

it is pos’;sibleto determinean expressiorfor t;, thetime takenfor theinstantaneougate R to increaseo n, C for agenericbinomialincrease
by a/R".

ti = m [(C)F " — (iC + (R — BR))*H'] (1)

Thecune R;(t) is definedby the curve which originatesat the rate correspondingo i layersabaove the bacloff, i.e., (iC + (R — SR'))
andincreasesn abinomialfashion.Theareaundertheratecure R;(t), N;, canbe expresseds:

t;
N; = / R;(t)dt
0

/ti [(k + 1)at + (iC + (R — ﬁRz))kﬂ] e

= iy O — GO+ (R = pRY)] (12)

Therearetwo scenariogonsideredn [18] correspondingo v immediatebacloffs (smoothingactor)andthebacloffs uniformly separated.
Thesearetheworstcasegossibleandthus,give anupperboundon the buffer requirements$or eachlayer.



A.2.1 Scenariol

We cannow substituteheseresultsinto equationl0 andgeneralizdor v successie bacloffs for Scenarial to obtain

bufi = a(’;“ifl)[((i +1)C + (R — yBRY)*** — (iC + (R — vBR"))* ]

1 . .
ot 0+ R=yBR)™ — (i + 1O+ (R—8R))"") (13)
Therearetwo importantnoteswith respecto this derivation. Thefirst is thatanalyticallywe have shavn anupperboundfor the buffering
requiredfor v immediatesuccessie bacloffs, in reality, the quantity of eachsuccessie bacloff would be smallerbecausehe bacloff is
reducingfrom the alreadysmallerrate. In our implementationwe have calculatedexact buffering requirementsput this resultcannotbe
shavn in acleananalyticallyclosedform.
Secondjt shouldbe notedthatthe implementatiorcalculateshe buffer requirementgor transmitting/N layersby simply summingthe
optimal inter-layer buffer allocationrequirementdor eachlayer This stratgly was adoptedbecausehis wasthe approachtaken in the ns
simulationcodefor recever bufferedquality adaptatiorin Rejaieetal’s work [18].

A.2.2 Scenario2

In Scenario2, t?e'y bacloffs aredivided into ~; initial immediatebacloffs (asin Scenariol), followed by v — ~v; successie bacloffs to
n,C — B(n.C)".

The total amountof buffering requiredfor Scenario2 is the amountof buffering requiredin a Scenariol situationwith ~; bacloffs
(Equation12) (denotedby bu fi1), plustheamountof buffering requiredto sustain(y — +;) successie bacloffs from n, C to n,C — 8(n.C)"
(denoteddy buf;2). Thus,

bufi = bufi + (v —v)bufi
buf = DS+ DO+ (R =38R = (G + (R= 7B
+m[(i0 + (R —vBRY)* — (i + 1)C + (R — %BRY))F ] 1)
n.C

bufio m[(nac)“_l - (naC - ﬂ(nac)l))k-‘rl]
1

+m[(na C)**? — (R - B(na0)"))* 7] (15)



