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Abstract—In this paper we addressthe issueof ef cient multi-
media streamingby integrating an intelligent buffer management
schemewith the congestioncontrol schemeat the source. The
schemeexploits the fact that most of the transmission lossesac-
tually occur at the sourceand not in the network. An intelligent
transmissionschemecan take advantageof this fact and thus con-
trol exactly what data is droppedin responseto network conges-
tion. The integrated model usespriority information from the en-
coder and network information from the congestionschemeand
dropslow priority packetsand sendsthe mostimportant packets
in the available bandwidth. The packets are dropped when the
source transmission buffer length exceedsa minimum threshold.
This schemeensuresthat the media transmitted has the highest
possiblequality under the given network conditions using a given
coding scheme.This paper also presentsa randomized transmis-
sionschemeaspart of the integrated modelto reducethejitter and
burst lossesn the multimedia transmissions.

Index Terms—Buffer managementmultimedia networking, ro-
bust video streaming,frame rate scalablevideo.

. INTRODUCTION

ULTIMEDIA streamingover the Internethasattracted

a lot of researchinterestin recentyears. Most of the
efforts sofar have concentrate@rounddevelopingandanalyz-
ing the various congestioncontrol schemesand recever side
adaptationthat can help reducejitter for the multimediatraf-
c. The focal point of researchin the multimediastreaming
domainhasbeenthe developmentof an integratedvideo cod-
ing andcongestiorcontrolapproacho provide jitter freetrans-
missionof the mediaandfairnesso the competing o ws. Re-
sultshave beenpublishedfor interactionbetweernthe adaptve
codecsanddifferenttransportscheme$2]. This paperbesides
supplementinghetheresultsreportedalreadyby otherauthors,
shaws that an order of magnitudeperformancemprovement
canbe achiezed by doing intelligentlosscontrol at the source
in responséo congestion.

In this paperwe presenta new integrated schemebased
on the interworking betweenlive adaptie encoding,differ-
entialpaclet Itering atthe sendetand TCP-friendlybinomial
scheme$3] thatachieveslowerloss,high quality andlow jitter
whenmultimediais transportedver the Internet.

The major hurdlesto the effective multimediatransmission
canbegroupednto following:

Lossof important data in the network. Mostvideoen-
codingschemesncodevideo into pacletswith different
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importanceand the paclets are droppedin the transmis-
sionrandomly Sothe major hindrancein effective mul-

timediastreamings thelossof importantdatain the net-
work.

Jitter . Videoalsosuffersfrom jitter dueto thevariationin

rateof the congestiorcontrolscheme.

Burst lossesn network thatleadto losinga setof paclets
containinginformationabouta single frame making esti-
mationtechniquestthereceverineffective.

Loss of synchronization betweenthe encoderand de-
coderdueto network losses.

Lossof asigni cant amount of data with alossof single
packet thatrendergjuality reconstructiomlmostimpossi-
ble.

In this paperwe presentan integratedsolutionto the above
problems. The solution combinesan intelligent source buffer
manaemenschemeavith binomialcongestioncontmol schemes
thatare TCP friendly and have smootherrate variations. The
buffer managemenschemepresenteddrops paclets having
lesserinformationcontentin priority to thosehaving moreim-
portantcontentwheneer the network encountersongestion
andneedsthe media o w to reduceits transmissiorrate. The
problemarising due to burst lossesis solved by introducing
“r andomness’in the transmisionschemeasexplainedin later
sections.We usea robust codecin our integratedapproachto
solve the problemof loss of synchronizationdue to isolated
losses.The pacletizationschemeusedin the integratedmodel
doesdispesive padetizationthat allows reconstructiorusing
estimationrandothertechniquesnpresencef alossynetwork.

Therestof the paperis organizedasfollows: Subsectioril-
A presentanoverview of the modelwe proposencludingthe
sourcebuffer managemenalgorithm. Subsectionl-C moti-
vatestheneedfor robustscalablecodecsandgivesanoverview
of the robust motion compensate@®-D sub-bandvideo coder
we usein our modelto reportsimulationresultsand we de-
pict the generalizedchatureof the model acrossvarioustypes
of codecs.Subsectiorl-D introduceshe conceptof binomial
schemesindadwantage®f randomizingsuchschemesor mul-
timediatransmission. Sectionlll putsall the piecestogether
andwe presenfanintegratedns-2simulationmodel. Thesimu-
lation resultsarepresentedn sectionlV andwe concludewith
themainmessagef this paperin sectionV.

Il. THE INTEGRATED MODEL
A. Genenl Model

Videostreamingequiresatransmissiorschemehatgivesa
steadyratewhile reducingburstlosses Also thevideoencoders
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producegacletswith differentimportancdikel, P, B paclets
of MPEG or layeredstructureof sub-bandvaveletcodecs.So
video codecswould like the network to treateachpaclet dif-
ferently to obtain optimal performance.An integrateddesign
thatcombineghe encodemith the congestiorcontrol scheme
is thereforerequiredto produceeffective videotransmission.
Figurel shavs anintegratedmodelthatcanachieve the re-
quirements.A video sequencés codedusinga robust coding
schemeahatcanadaptto the changein network rate. An adap-
tive buffer at the senderis usedif the encodercannotadapt
as quickly as the network conditionsvary. This buffer can
be usedto differentiatethe paclets accordingto their priority
andsendonly the mostimportantpacletsin theavailableband-
width. Thebuffer will getfeedbackrom thecongestiorcontrol
schemeaboutthe currentnetwork conditions. We alsoneeda
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Fig.3. Averagenetworklossfor N cbrsources

Algorithm 1 Algorithm for SourceBuffer Management
for EachPacketArrival do
calculatethe queuesizegs;
if 0s; > maxq then
Dropthepaclet
else
if Gz > maxy, then
with probability py, dropthe paclet
else
enqueudhe paclet.
endif
endif
endfor

Algorithm for estimatingdrop probability py
for every RTT do
lossestimate = (re rp)=re
lossestimate = lossestimate M AX LAY ER
if lossestimate > Othen
for K = MAX LAY ER; k> 0; k
px = lossestimate
if px > 1then
k=1
endif
lossestimate = py
if lossestimate <= 0then
break
endif
endfor
endif
endfor

do

congestiorcontrolschemehatwill provide asmoothratetothe
video, avoids burstlossesandalsobefair to other o wsin the
network. Therecever sidehasa play-outbuffer whichwill also
helpin smootheninghe o w andreducgitter. We userandom-
izedbinomialschemesgor transportasexplainedin subsequent
sections.

B. Avoidinglossof importantpadets

From extensve simulationresultswe infer that mostof the
lossedn a TCP basedhetwork take placeat point of transmis-



sioni.e. thesourceandnot atthe nodesin the network. Thisis

contraryto thebeliefthatcongestiortauseshenetwork to drop

pacletsandthis droppingof pacletsin the network is a major

contritutorto thetotallossa TCP o w suffers. Our simulations
shav thatin responseo congestionthe transmissiomqueues
at the sourcesincreasewhich nally leadsto paclet dropsat

sourceandit is this droppingat the sourcethatis a majorcon-

tributor to the aggreatelossof the o w. Figure3(a)shavsthe

averagenetwork lossrate with congestioncontrol (TCP) and

without congestiorcontrol (UDP) with a singlebottleneckof 5

Mbpsbandwidthfor N o ws. Thisclearlyprovidesanincentive

to usea suitablecongestiorcontrol for video transmissiorbe-

causewe cancontrolthe pacletsthataredroppedat the source
buffer by employing a suitablepaclet Iter .

The paclet Iter can be designedin conjunctionwith the
video codecbeing used. In this sectionwe proposea sim-
ple buffer managemenstratgy that can be used for sub-
band/vavelet-decomposestideo signal. As shavn in gure
2(a) we implementa buffer at the sourcethat queuespaclets
from the encoderand dequeuedaclets are transmittedusing
the binomial scheme.Algorithm 1 givesthe pseudocodefor
thedrop policy. Wheneer the currentnetwork rater, is less
thantheapplicatiorrater ¢, the o w will losepacletsattherate
ofre rp packetspersecond.Thisdropprobabilityis applied
to the pacletsthatarrive atthe sourcebuffer suchthatthe pack-
etsfrom the lowestpriority layer getsdroppedbeforethe next
higherpriority layerandsoon. Eachlayeris assumedo have
equalnumberof bits. We canalsohave a runningaveragethat
calculateshow much eachlayer contritutesto the overall bit
rateanddistributelossprobabilityaccordingly The pacletsare
droppedonly whenthe buffer reaches thresholdvalue.

This strategy is of buffer managemertfor the videoencoder
we areusingis supportedoth by theoryandpractice.

Theory: S. Mallat [5] shaws that coefcient magnitudes
of a sub-bandhaveletcodedvideo sequencelecreasex-

ponentially for higher layers. So their contrikution to

PSNRis progressiely smaller Thereforedroppingthe
higherlayer rst isjusti ed.

Practice: MasryandHemami[6] foundthatwhenbit rate
is heldconstantlowerframerateis preferredby subjectve

obserers,(i.e)it is betterto have higherquality low frame
ratevideo, thanlower quality higherframeratevideo. By

droppingpacletsbelongingto higherlayers,we arein ef-

fectproducingalower frameratevideowith high quality.

Choosingthe buffer thresholdis very importantfor perfor
mance. Having a small thresholdwill lead to unnecessary
paclet dropswhile having a thresholdgreaterthantherecever
buffer (for pre-tuffering) will lead to large delay and jitter.
Thresholdvaluedependsn the decodingrate,network capac-
ity andrecever side buffer. We have chosersomerepresenta-
tive valuesfor our simulation. Detailedanalysisof thesecom-
plex interactionds left for futureresearch.

C. Lossof Syndironizationand concentation of importantin-
formationin few padkets

In our work we usea robustmotioncompensate@C) 3-D
sub-bandvideo coderfrom [1]. Thetypical group-of-pictures

(GOP)structureof thiscoderis shavn in Figure4. Thetoplevel
of framesrepresentshe video at full framerate. Neighboring
framesaredecomposedsingaMC lter bankto producetem-
porallow frequeng bands(solid lines) andtemporalhigh fre-
queny bands(dashedines) at the next level. Motion vectors
are symbolically shovn asarravs. High temporalfrequeny
framesare sub-bandcoded,as describedbelon, andtransmit-
ted along with the motion vectors. Low temporalfrequeny
bandsat the secondevel representhe MC averageof neigh-
boringframesatthe full framerate,sothey occurat 1=2 of the
full framerate. They arefurther decomposedo getthe video
at 1=4 framerate, etc. In Figure 4, the lastlevel corresponds
to 1=16 of thefull framerate. Transmitteddatain this caseis
naturallydividedinto velayersof temporalkcalability labeled
(1) through(5) in the gure. Decodersvhichreceve layer (1)
canreconstructhe video at 1=16 of the full framerate,those
whichreceie (1) and(2) canreconstructhevideoat 1=8 of the
full framerate,andsoon.

To enableframerate scalability eachlayeris pacletizedin-
dependentlpothatthevideoatlowerframeratescanberecon-
structedfrom a subsetof the paclets correspondingo higher
framerates.Within eachayer, datais codedandpacletizedin a
dispersve manneysothatsub-bandamplesrom thecommon
space-time-frequegcneighborhoodappearin different pack-
ets,which enablesasyerrorconcealmenof lost samplesrom
theavailableneighboringsamplesAlso, all the pacletsfrom a
given layer carry approximatelythe sameamountof informa-
tion aboutevery framein thatlayer, whichminimizesthevaria-
tion of videoqualityata x edpacletlossrate. |t wasfoundthat
thisdispersie pacletizationanderrorconcealmenapproacho
robustcodingeffectively combatghepacletlossandeliminates
theneedfor forwarderror correction(FEC) at pacletlossrates
up several percent. The schemecanbe adaptedo changethe
encodingrateandrun-timewith somelateng.

The simulationstudiesdonefor this papershav thatin spite
of usingan adwancedrobust motion compensatedoder there
is alot of roomfor improvementthatwe achieve usingour sim-
ple schemeof buffer managementAlso, FECfails to solve the
problemof performancealegradationdueto paclket dropsatthe
sourceandassuchthecodingschemesisingFECdo notneces-
sarymaximizethe performance The encodingschemewe use
is muchadwancedandhasbetterperformancesharacteristicen
the presencef lossy network thanthe corventionalencoding
schemedike MPEG[7]. Onthebasisof simulationresultsthat
shaw thateventhisrobustencodingschemevhencoupledwith
intelligent buffer managemenand suitablecongestioncontrol
schemeshavs a marked performacencrease We thuspropose
our buffer managemerdéchemeasthe generaperformancem-
proving schemefor ary codecsthat codein a mannerthatthe
resultingpacletscanbe differentiatedn discretelevels on the
basisof the contentor the type of informationthey carry. An
exampleis theclassi cationof MPEGvideotrafc intol,B and
P frames.

D. BurstLossesJitter and TCP-friendliness

In [3] authorsproposea family of binomial congestiorcon-
trol schemeghat are ideal for multimediatransfer The ad-
vantageof thesealgorithmsis that the reductionin transmis-
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Fig. 4. GOPstructureof thevideocoder

sionrateuponencounteringongestioris not asdrasticasthe
corventionalTCR Thesealgorithmsusea generalizedorm of
TCP's additive increasepolicy by increasingthe congestion
window in stepsinverselyproportionalto a powerk of thecur-
rentwindow (k = 0 for TCP).They alsogeneralizeahe TCP's
multiplicative decreasepolicy by decreasingroportionalto a
power| of thecurrentwindow (I = 1 for TCP).Theauthorq3]
show thatif k + | = 1, the schemesompetefairly with TCP
andthe classof algorithmsis namedbinomialalgorithms.It is
further showvn thatif k + 1 > 0, k > 0, > 0 the binomial
schemesorverge to fairnessundera synchronizedieedback
assumption.

the generalincrease/decreasjuationsfor binomial algo-
rithmsaregivenas:

Increasew: s g we+ =wk; >0
Decreasew; ¢ w  w;0< <1

wherew; refersto the congestiorwindow sizeattimet, R is
theRTT att and and areconstants.

We shav by simulationresultsthat the choiceof transport
schemeamattersin multimediatransmission.The performance
of theintegratedschemeawe presenis highly dependenonthe
congestiorcontrolalgorithmusedby thetransporschemeWe
reportour resultswith the randomizedasexplainedin thefol-
lowing paragraphyersionsof IIAD (InverselncreaseandAd-
ditive Decreaseschemewith k = 1 andl = 0 in the equa-
tions abovre and AIMD (Additive Increaseand Multiplicative
Decreaseschemewith k = 0 andl = 1 in the equations
above. Thesimulationresultsshow aclearimprovementin per
formancewith IIAD ascomparedo AIMD.

Therandomizatiorconceptwas rst introducedn [4]. Ran-
domizationis shavn to reducebiasagainst o ws with higher
RTTs, reducewindow synchronizationfeducephaseeffectsin
o ws and reducecorrelatediosses. Randomizationdoesnot
allow a congestioncontrol schemesend back-to-backpack-
ets but spacessuccessie transmissionswith a time intenval

= RTT(1+ x)=cwnd, wherex is azeromeanrandomnum-
berdrawvn from anuniform distribution.

I1l. SIMULATION MODEL

We simulatedour integratedmodelusingns-2 The robust
encodemwas coupledwith the transmissiomprotocolwe used.

Therohustcodecdiscussedh this papermproducea pacletized
bit streamthatis fed to the buffer at the congestioncontorol.
The encodingschemeemployed for the resultsreportedin this
paperis suchthatthe codingis donein a hierarchicalmanner
with eachframecodedin multiple layersof decreasingontent
importance. Layersare numberedsuchthat the higher num-
beredlayerarelessimportantthanthe lower numberedayers.
We employ an intelligent transportschemethat differentially
dropsthehighernumberedayerpacletsin responseo reduced
offeredcapacityby the network. Thetransportschemeve em-
ployed usesarandomizedrersion[4] of the binomialschemes
proposedn [3]. Therandomizedinomial schemegprovide a
lessbursty, TCP friendly transportschemefor the mediatrans-
fer.

The ns-2 set-upfor all the simulationsis the simple dumb-
bell con gurationwhichis shavn in the generalizedorm with
asinglebottleneckin gure 2(b). ThenodesSR1 to SRn are
the sourcestationsthattransmitthe media les usingdifferent
transport/bffering schemessdictatedby the casecon gura-
tion. The media o ws passthroughthe bottlenecklink BN,

nally terminatingat nodesDN 1 to DNn. The accesdink
bandwidthsaresetat 4 timesthe bottleneckbandwidthlength.
Theroundtrip time for all thesimulationsaresetat 100msand
thebuffer at bottleneckissetat onebandwidth-delayroduct.

Logically eachsendeiis con guredasa layeredarchitecture
with the movie sequencéeingfed to the encoderandthe en-
coded le is queuedn the transmissiorbuffer wherewe apply
thedrop policy asdescribedn algorithm1. The detailsof the
layeredarchitectureareshavn in gure 1.

IV. RESULTS

Thefollowing resultsarefor 5 sourcesimulationwith dumb-
bell topology shawvn in gure 2(b). The congestioncontrol
scheme pottleneckbandwidth,maximumtransmissiorbuffer
and buffer managemenschemeare the different parameters.
Thevideo sourceproducegacletsat a rateof 915kbps. The
receverhasaplayoutbuffer of 4 GOPS(800pkts). Simulations
wererun to testthe performancedifferencewith and without
buffer managementAll the5 sourceemploy thesameconges-
tion controlschemendbuffer managemergchemeThebuffer
thresholdwassetto 240 pkts. The gures 5(a),(b), (c) and(d)
comparesheaveragdossrateof the5 o wsperlayerwith and
without buffer managementThe resultsshav thatwith buffer
managementve canintelligently drop moreof thelow priority
layer 4 paclets whereaswithout buffer managementhe loss
ratesaredistributedrandomlyandacrossall layers. This helps
in improving the quality(PSNR)of video. Figure5(a) is for
AIMD schemewith 4.5 Mbps bandwidth. This translatego a
aggreatelossrateof abouts %.5(b)is for AIMD with 2.5Mbps
bandwidth.In this case gachsourcegetsonly half its required
bandwidth. Without buffer managementye will loseapprox-
imately 50% of pacletsin all layerswhereaswith buffer man-
agementwe candrop almostall of layer 3 and4 packetsand
geta betterPSNR.Figures5(c) and 5(d) shows the samefor
IIAD scheme.

The next stepof the simulationwasto comparethe perfor
manceof different congestioncontrol schemes.Figures6(a)
and 6(b) compareghe averageloss rate per layer for AIMD
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andIlAD schemesThesmootheratevariationof IAD means
more numberof layer 4 paclets are droppedthan higher pri-
ority layers. Theseresultsshowv thata smootherrate variation
helpsthevideotransmissiometter Thisis becausehejitter ef-
fectsarereducedvhenthetransmissiomatedo notvary much.
The gures 6(c) and6(d) compareshe sourcebuffer lengthfor
AIMD andIIAD for different maximum buffer lengths (480
pacletsand640 pacletsrespectiely). Thesegraphsshav that
thebuffer lengthfor AIMD varieswidely resultingin higherjit-
ter at the recever. Pacletscangetvariabledelays. But IIAD
maintainsthe buffer length and reducesary jitter by keeping
thedelaysteady

Figure7(a)compareshe PSNRvaluesof thevideowith and
without buffer managementThe gure correspond$o simula-
tionswith AIMD source 4.5 Mbps bottleneckbandwidthand
320pkts sourcebuffer threshold.If morethanhalf the number
of pacletsarelostin ary layer, the whole layeris ignoredand
the resultantvideo is decodedat lower framerate. For exam-
pleif all the pacletsof layer5 aredroppedwe decodeat 1/2
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the framerate. PSNRfor the low frame-ratesequences ob-
tainedby comparinghedecodediideoto thesequencéhatwas
passedhroughmotion-compensategmporal lter andcoded
atahighrate(over5 Mbps). ThegraphplotstheaveragePSNR
of eachframefor 16 secondf simulation. The averageloss
ratesarecomparabldapproximately7%) in boththecasesWe
canseefrom thegraphthatfor similaraveragdossrates puffer
managemengives better PSNR than without buffer manage-
ment.Figure7 (a) compare$® SNRwhenthelossrateis almost
50%. We canseethatin this casethe PSNRvalueswith Buffer
Managemenis much betterthanthat without buffer manage-
ment. Figures7 (c) and(d) aresnapshotsf oneframein [IAD
simulationwith 4.5Mbpsand240 pktshbuffer threshold.Veé can
seethatbuffer managemerttelpsis losingthe“correct” paclets
soasto notaffect the quality.

V. CONCLUSIONS

We examinedvarioussource-sidessueswith video stream-
ing over the Internet. An integratedmodel that controlsthe
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paclet dropsat the source,alongwith anintelligentchoiceof
congestiorcontrolandcodecwasproposedo solve theseprob-
lems. It wasshawvn thatmostof the paclet dropsoccurat the
sourcebuffer whenusinga congestiorcontrolschemeThis al-
lows usto designa suitablebuffer managemeréchemedor the
video ow. A simplepaclet Iter wasproposedor themotion
compensate@vavelet decompositiorbasedencoder Different
congestioncontrol schemewere examinedand it was shavn
thatbinomial congestiorcontrolschemeshatdo notvary their
ratesvery muchalongwith pacing(randomizationhelpsreduc-
ing jitter effects. It wasfoundthatdispersve pacletizationand
error concealmentpproacho robust coding effectively com-
batsthe pacletlossandreducegheneedfor forwarderrorcor-
rection (FEC). It wasfurther shavn that the performancem-
provementachievedby usingtherobustcodecmentionedaborve
canbeimprovedby usingtheintegratedmodelproposed.
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