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Abstract

In thispaperweaddresstheissueof robustandef®cientscalablevideocommunicationby integrating

an end-endbuffer managementand congestioncontrol at the source with the frame rate playout

adjustmentmechanismat the receiver. The proposedschemeis basedon the observationthat when

congestioncontrol is implementedat the source,most of the loss occursat the sourceand not within

the network.Frameratescalability of encodedvideo is exploitedto matchthe video transmissionrate

to the availablenetwork rate. The integratedsystemusespriority information from the encoderand

network informationfrom the congestioncontrol schemeto to tradeoff randomloss for the controlled

loss of low priority packets.Randomizedpacingof packettransmissiontimes reducesthe jitter and

burst lossessufferedby the ¯ow. Basedon the overall losssufferedby the ¯ow, framerate is adjusted

at the receiverto maximizethe visual quality of the displayedvideo. We testedour systemwith both

H.26L anda subband/waveletvideo coder, and found that it signi®cantlyimprovesthe receivedvideo

quality in both cases.

Index Terms

Buffer management,multimedianetworking,robustvideo communications,scalablevideo,H.26L.

I . INTRODUCTION

Internetvideocommunicationshaveattracteda lot of researchinterestin recentyearsbecause

of the many challengesit poseson the communicationsystemdesign.Transmissionof video

typically requireshigh bandwidthand low delay, while it can toleratea certainamountof data

loss. Theserequirementsare fundamentallymismatchedwith network protocolssuchas TCP,

that enablelosslessdata delivery with potentially high delay due to retransmissions.Further,

most video codersproducedata of varying importance,while networkssuch as the Internet

treatall dataequally. To correctthis mismatch,severalintegratedvideo coding andcongestion

controlapproacheshavebeenproposedto simultaneouslyprovidereliabletransmissionof video

and fairnessto the competing¯ows. Someaspectsof the interactionbetweenlayeredvideo

codersanddifferent transportschemeshavebeenstudiedin [1].

Modernvideo codersproducelayered/scalablebitstreamswhose¯exibility allows easyadap-

tationto varyingnetworkconditions.Severaldifferentformsof scalabilityareof interestin video

communications[2]. In a scalablebitstream,onesubsetof thebitstreammaybeusedto provide
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videoat a lower quality (referredto assignal-to-noise-ratio,or SNR,scalability), anothersubset

may be usedfor lower spatialresolution(referredto as resolutionscalability), andyet another

for lower framerate (referredto as framerate scalability).

Whenfacedwith congestion,transmissionrateof thevideosourceneedsto bereduced.Many

proposedschemesfor video transmissionrate adaptationimplicitly or explicitly make use of

SNR scalability (e.g. [3], [4], [5], [6]) which favorsthe receptionof lower quality (SNR) video

under unfavorablenetwork conditions.While theseapproachesmay possescertainoptimality

in a rate-distortionsense,they neednot producethe best looking video. For example,a recent

study of subjectivevideo quality [7] found that in most caseshigher quality low frame rate

video is preferableto the lower quality full frameratevideo. In this work we exploit framerate

scalabilityfor transmissionrateadaptation.In our scheme,asthenetworkconditionsdeteriorate,

receiveris more likely to obtainhigh quality low frameratevideo.

Weobservethatin a transmissionschemethatperformscongestioncontrol, mostof thepackets

are droppedat the transmissionbuffer, while the relative loss inside the network is very low,

asdemonstratedin sectionII-B. Typically, the packetsat the transmissionbuffer aredroppedat

randomby somecongestionavoidancemechanism,which makesthe lossat the receiverappear

to be random.However, by employingintelligent transmissionbuffer management,randomloss

canbe tradedoff for controlledlosswhich maysigni®cantlyimprovethequality of the received

video.We proposea simplebuffer managementschemeimplementedat the transmissionsource

which dropslow priority1 packetsin responseto congestion.The remainingloss in the network

may be handledby other means,suchas error concealment(which is the approachwe take in

this paper)or FEC.

The importantcontributionsof this paperare:

� Exploiting frameratescalability for adaptationto varying networkconditions.

� A simple genericend-endbuffer managementschemethat actsas an extensionto source

codingof video,providesfast adaptationto changingnetworkconditionsandconvertsthe

randomlossa ¯ow suffers to a controlledlossof low priority packets.

� Integrationof transmissionbuffer managementand receiverside frame rate adjustmentto

producehigh quality video at the receiver.

1In our stystem,priority is relatedto framerate.
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Fig. 1. Video communicationsystemblock diagram

� Randomizedpacing of packet transmissiontimes which helps reducejitter effects and

correlatedlosses.

� An integratedvideo communicationsystemdesignthat produceshigh quality, low frame

ratevideo in responseto congestion.

The rest of the paperis organizedas follows. In SectionII we presentthe componentsof

the video communicationsystem,including the two video codersusedin our simulations,the

proposedbuffer managementschemeand randomizedcongestioncontrol. In Section III we

describethe video communicationsystemsimulationmodelandpresentsimulationresults.The

resultsshowsigni®cantimprovementsfor both video coders.Conclusionsare given in Section

IV.

I I . V IDEO COMMUNICATION SYSTEM

Figure1 showsthe block diagramof the video communicationsystem.Video is encodedan

packetizedinto individually decodablepacketsto preventthe propagationof errorscausedby

the packetloss.On the large time scale, at the Group-Of-Pictures(GOP) level, encoderadapts

its encodingrate to the current estimateof the availablenetwork rate. On the smaller time

scales(whenthe GOPis alreadyencoded,but not yet transmitted),the actualtransmissionrate

is regulatedby the transmissionbuffer. The buffer gets feedbackfrom the congestioncontrol

schemeaboutthe currentnetwork conditionsand sendsthe most importantpacketswithin the
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availablebandwidth.A congestioncontrolschemeservesto minimizeburstlossesin thenetwork,

ensurenetworkstability, andis fair to other¯ows. At thereceiverside,a playoutbuffer smoothes

the ¯ow andreducesjitter. Also, framerate is adjustedappropriatelyto improve the quality of

the displayedvideo. Individual componentsof the systemaredescribedin the remainderof this

section.

A. Video coding

The genericvideo communicationsystempresentedin this text canutilize any video coding

algorithm which producesdata of varying importancei.e. different scalability layers. In our

experimentswe emphasizeframe-ratescalability. Resultsarereportedfor therecentH.26L video

coder[8] anda robustsubband/waveletvideo coderfrom [11]. As the resultsindicate,in both

casesbuffer managementwas found to signi®cantlyimprove the video quality at the receiver,

both visually and in termsof the PeakSignal to NoiseRatio (PSNR).

The GOP of the H.26L video coder is similar to that of MPEG and consistsof I, P and B

frames.I framesare intra-codedwithout temporalprediction,P framesare codedpredictively

from thepreviousI or P frames,while B framesarebi-directionallypredictedfrom theprevious

and future I or P frames.In this hierarchy, in any given GOP, I frame is the most important,

since it is used(directly or indirectly) for predictivecoding of all other framesin that GOP.

In order of decreasingimportance,I frame is followed by P frames,while B framesare the

leastimportant.Eachframeis divided into blocksof 16� 16 pixels, calledmacroblocks,which

are further decomposedby DCT andcoded.Consecutivemacroblocks(in lexicographicorder)

are organizedinto slices.Packetizationis performedby the networkadaptationlayer of H.26L

on a slice-by-slicebasis.Two packetsare producedper eachslice: one packetcontainsheader

informationandmotion vector (MV) data,while the othercontainscodedDCT samples.

The secondcoder we use in our work is a robust motion compensated(MC) 3-D sub-

band/waveletvideo coder from [11]. The typical GOP structureof this coder is shown in

Figure 2. The top level of framesrepresentsthe video at full frame rate. Neighboringframes

are decomposedusinga MC ®lterbank to producetemporallow frequencybands(solid lines)

and temporalhigh frequencybands(dashedlines) at the next level. Motion vectors(MVs) are

symbolicallyshownasarrows.High temporalfrequencyframesandassociatedMVs arecoded

and dispersivelypacketizedas describedbelow. Low temporalfrequencybandsat the second
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Fig. 2. GOPstructureof the MC 3-D subband/waveletvideo coder

level occur at 1=2 of the full framerate.They are further decomposedto get the video at 1=4

framerate,etc.In Figure2, the last level correspondsto 1=16 of thefull framerate.Transmitted

datain this caseis naturallydivided into ®velayersof temporalscalability, labeled(1) through

(5) in the ®gure.Decoderscan reconstructthe video at 1=16 frame rate from layer (1), 1=8

framerate from layers(1) and(2), etc.

Eachlayer is packetizedindependentlyso that the video at lower frame ratescan be recon-

structedfrom a subsetof thepacketscorrespondingto higherframerates.Within eachlayer, data

is codedandpacketizedin adispersivemanner, sothatsubbandsamplesfrom thecommonspace-

time-frequencyneighborhoodappearin differentpackets,which enableseasyerrorconcealment

of lost samplesfrom the availableneighboringsamples.Also, all the packetsfrom the same

layer carry approximatelythe sameamountof information about every frame in that layer,

which minimizesthe variationof video quality at a ®xedpacketloss rate.

B. Source buffer management

From extensivesimulationswe infer that for multimedia transmissioninto a TCP based

network, most loss occursat the point of transmissioni.e. the source,and not at the nodes
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Fig. 3. Comparisonof averagenetwork loss(%) with andwithout congestioncontrol.

Algorithm 1 : sourcebuffer management
for Layer k PacketArrival do

calculatethe queuesizes(t)

if s(t) > qmax then

Drop the packet

else

if s(t) > Ts then

Drop the packetwith probability 1 � pk

else

Enqueuethe packet

end if

end if

end for
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inside the network. This is contrary to the belief that the packet loss in the network due to

congestionis the major contributorto the total lossa TCP ¯ow suffers. Our simulationsshow

that in responseto congestionthetransmissionqueuesat thesourcesincreasewhich ®nallyleads

to packetdropsat the sourceand it is this droppingat the sourcethat is the major contributor

to the aggregateloss of the ¯ow. As an example,Figure 3 showsthe averageloss within the

network for N = 1; 2; :::; 20 ¯ows through a single bottleneckof 5 Mbps bandwidth.With

congestioncontrol (TCP) the loss within the network remainsfairly low (below 3%) as the

numberof ¯ows increases,sincemostof the packetswhich violate the availablerateconstraint

aredroppedat the source.On the otherhand,without congestioncontrol (UDP) the losswithin

the network increasessigni®cantlywith the numberof ¯ows. This providesa strong incentive

to usea suitableend-endcongestioncontrol for video transmissionbecausethe end-endcan

control the packetsthat aredroppedat the sourcebuffer by employinga suitablepacket®lter.

Thepacket®ltercanbedesignedin conjunctionwith thevideocodecemployed.In this section

we proposea simplebuffer managementstrategyfor videoencodedinto multiple priority layers.

EachGOP is encodedinto a numberof packetsbelongingto different priority levels.Packets

producedby theencoderarestoredin thebuffer prior to transmission.Thebuffer adaptstheactual

transmissionrateto theavailablenetworkratewhich,at thetimeof transmission,maybedifferent

from the encodingrate.Whenthe currentnetworkrateRn (t) is lessthanthe encodingrateRa,

the ¯ow losespacketsat the rate of Ra � Rn (t) packetsper second.The buffer management

algorithm performsa greedystrategyon the packetsbeing transmitted,trying to maximizethe

quality of the video which canbe reconstructedfrom the transmittedpackets.The contribution

of eachpacketto the video quality is indicatedby its priority layer.

Algorithm 1 describesthesourcebuffer managementoperation.Whentheinstantaneoussource

buffer sizes(t) exceedsmaximalallowedbuffer sizeqmax , any new arriving packetis dropped.

On theotherhand,whenTs < s(t) � qmax , whereTs < qmax is a certainthreshold,theselective

packet drop policy is enforced,wherebya packet from layer k is droppedwith probability

1� pk (i.e. transmittedwith probabilitypk). The packettransmissionprobabilitiesarecalculated

as follows. Let therebe K max layersorderedin decreasingorder of importance,so that layer

1 is the most important layer and K max is the least important.Let r k be the rate of layer k,

so that
P K max

k=1 r k = Ra. Initially, pk = 1 for k = 1; 2; :::; K max . When Rn(t) < Ra, causing

the transmissionbuffer to ®ll up andexceedthe thresholdTs, we ®ndnew valuesof pk which
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Algorithm 2 : transmissionprobability assignment

for (k = K max ; k > 0 and
P K max

j =1 pj r j > Rn (t); k � � ) do

if
P k� 1

j =1 pj r j > Rn(t) then

pk = 0

else

pk = (Rn(t) �
P k� 1

j =1 pj r j )=rk

end if

end for

satisfy the networkrate constraint
K maxX

k=1

pk r k � Rn(t): (1)

The greedyassignmentof transmissionprobabilitiesis shownin Algorithm 2. Startingfrom the

leastimportantlayer, transmissionprobabilitiesare reduceduntil the network rateconstraintis

satis®ed.It is easyto seethatAlgorithm 2 assignsprobabilitieswhich satisfythe rateconstraint

(1) with equality. In our case,priority layers match the frame rate scalability layers, so this

probability assignmentfavors the receptionof higher quality video at the lower frame rates,

ratherthan low quality video at the highestframerate.

The choiceof the sourcebuffer thresholdTs is importantfor the overall systemperformance.

Having a small thresholdwill lead to unnecessarypacket drops at the sourcebuffer, while

havinga large thresholdwill increasethe overall delayandeventuallycausethe receiverbuffer

under¯ow. In the remainderof this subsectionwe derive the nearoptimal value for the source

buffer thresholdTs.

Assumethe packetsize is approximatelyconstantover the durationof video transmission.

Let D be the GOP size in packets(i.e. without loss, the decoderdecodesD packetsin one

GOP); B be the receiverside pre-buffer size (i.e. the receiverwaits for the buffer to haveB

packetsbefore it startsdecodingand playing out the video initially); s(t), as before,be the

instantaneoussourcebuffer size (in packets);b(t) be the instantaneousreceiverbuffer size (in

packets);Ra betheapplicationrate(i.e. encoderencodesRa packets/secondanddecoderdecodes

Ra packets/second);Rn(t), asbefore,be the networkrate(in packets/second);andRTT be the

RoundTrip Time (in seconds).
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The overall loss in the video communicationsystemconsistsof threecomponents:(1) loss

at the source(packetsdroppeddue to congestioncontrol), (2) network loss (randompacket

dropsinsidethe network),and(3) lossat the receiver(dueto receiverbuffer under¯ow caused

by excessivedelay - this loss includesthe packetsnot deliveredin time for playback).In our

analysis,we consideronly the loss at the sourceand the loss at the receiver, for two reasons:

(a) we haveno control over the randomloss inside the network and (b) as shownbefore,the

network loss is fairly small whenpropercongestioncontrol is done.

First, considerthe casewhen Ts = 0. In this case,any packetarriving from the encoderis

subjectto packetdrop policy (Algorithm 1). If the transmissionof the packetwould violate the

current network rate constraint,the packet is droppedaccordingto the probabilitiesassigned

in Algorithm 2. Hence,wheneverthe instantaneousnetwork rate falls below the application

rate,we encountersomeloss at the sourcebuffer. Therefore,in this regime,lossat the source

is highest,becausebuffering the packetswhich violate the instantaneousnetwork rate would

possiblyallow for their transmissionin the future, andhencewould not incrasethe lossat the

source.On the otherhand,the lossat the receiveris minimizeddueto absenceof the delay in

the sourcebuffer.

Next, considerwhat happenswhenTs ! 1 (hencealsoqmax ! 1 ). In the limit, thereis no

lossat the sourcesincethe packetdrop policy is not enforcedfor any ®nitesourcebuffer size

s(t) (seeAlgorithm 1). All the packetsproducedby the encoderarestoredin the sourcebuffer

until they canbe transmitted.However, in this regime,the delay is unboundedandall the loss

is dueto receiverbuffer under¯ow.

Basedon the analysisabove,asTs increasesfrom 0 to 1 , the loss at the sourcedecreases,

while thelossat thereceiverincreases.Theoptimalsettingfor Ts would balancethesetwo types

of lossto achievethe overall minimum.We now derivethe upperboundon s(t) for which the

receiverbuffer will not facean under¯ow in the steadystate.A packetthat comesto the source

buffer from the video applicationwill facethe following delaysbeforeit is decoded.

delay = s(t )
Rn (t ) + RT T

2 + b(t )
Ra

This delaymustbe lessthanB=Ra (the initial play-outbuffer delay) for the packetto arrive

at the decoderin time. Assuming that RT T
2 is small comparedto other delays(necessaryin

practice,for avoiding jitter),
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s(t )
Rn (t ) + b(t )

Ra
� B

Ra
) s(t )

Rn (t ) � B � b(t )
Ra

:

Sourcebuffering cancauseexcessivedelaysonly whenRn (t) � Ra. In this (worst) case,from

the previousequationwe haves(t) � B � b(t). Sincethe decoderdecodesD packets(1 GOP)

at at time, receiverbuffer will not under¯ow only if b(t) � D. Therefore,

s(t) � B � D: (2)

Hence,if the sourcebuffer size is maintainedbelow B � D, the receiverbuffer will not

under¯ow in thesteadystateandlossat the receiverwill beminimized.On theotherhand,loss

at thesourceoccursonly whens(t) > Ts. Hence,we chooseTs = B � D. We point out that this

is only a near-optimal valuefor Ts dueto severalassumptionsusedin the derivation.However,

it performsvery well in practice,asdemonstratedin Figure8 in SubsectionIII-B.

C. Congestioncontrol

Ourcongestioncontrolmechanismis basedon binomialalgorithms[12] coupledwith random-

izedpacingof packettransmissiontimes[13]. As such,it providessmoothlyvaryingtransmission

ratesuitablefor video¯ows, andhelpsreducejitter effects.Binomial algorithmsandrandomized

pacingarediscussedin the remainderof this subsection.

Binomial congestioncontrol algorithmsare very suitablefor multimedia transfer. Their ad-

vantageis that the reductionin transmissionrateuponencounteringcongestionis not asdrastic

as the conventionalTCP. Thesealgorithmsusea generalizedform of TCP's additive increase

policy by increasingthe congestionwindow in stepsinversely proportional to a power k of

the currentwindow (k = 0 for TCP). They also generalizethe TCP's multiplicative decrease

policy by decreasingproportionalto a power l of the currentwindow (l = 1 for TCP). The

authors[12] show that if k + l = 1, the schemescompetefairly with TCP and thus the class

of algorithmsis namebinomial algorithms.It is further shownthat if k + l > 0, k > 0, and

l > 0, the binomial schemesconverge to fairnessundera synchronizedfeedbackassumption.

The generalincrease/decreaseequationsfor binomial algorithmsaregiven as:

� Increase:wt+ RT T  � wt + �=w k
t ; � > 0

� Decrease:wt+ � t  � wt � � wl
t ; 0 < � < 1

wherewt is the congestionwindow sizeat time t, and � and � are constants.
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We show by simulation results that the choice of transportschememattersin multimedia

transmission.The performanceof the integratedschemewe presentis highly dependenton

the congestioncontrol algorithm usedby the transportscheme.We report our resultswith the

randomizedversionsof IIAD (InverseIncreaseandAdditive Decrease)schemewith k = 1 and

l = 0 in theequationsaboveandAIMD (Additive IncreaseandMultiplicative Decrease)scheme

with k = 0 andl = 1 in the equationsabove.The simulationresultsshowa clear improvement

in performancewith IIAD ascomparedto AIMD.

The randomizationof packettransmissiontimeswas®rstintroducedin [13]. The randomiza-

tion is shownto reducebias against¯ows with higher RTTs, window synchronization,phase

effects in ¯ows and correlatedlosses.The randomizationdoesnot sendback-to-backpackets

but spacessuccessivetransmissionswith a time interval � = RTT(1+ x)=wt , wherex is a zero

meanrandomnumberdrawnfrom an uniform distribution.

D. Video decodingand playout

As discussedearlier in the text, the overall loss in the video comunicationsystemconsistsof

the lossat the source,the loss inside the network,and the lossat the receiver(due to receiver

buffer under¯ow). The sourcebuffer managementhas beendesignedto minimize the effects

of the loss at the source(by droppingleastimportantdata®rst)and to preventreceiverbuffer

under¯ow. The remainingloss,i.e. the lossinsidethe network,is handledby errorconcealment,

whosetask is to improve the reconstructedvideo quality usingthe availabledata.

In the caseof subband/waveletvideo coder, median®lteringis employedto recovermissing

piecesof data.Missingsubbandsamplesareestimatedasthemedianof theavailableneighboring

samples,while missingMVs areestimatedasa vectormedianof theavailableneighboringMVs.

Due to the sourcebuffer managementpolicy, the loss at the receiveris concentratedin the

higher enhancementlayers,i.e. thosecorrespondingto higher frame rates.If this loss is high,

it may be advantageousto reducethe framerate of the displayedvideo, sincethe lower frame

rate version is receivedwith lower loss and hence,lower objective distortion (meansquared

error - M SE). On the other hand,reducingthe frame rate may degradethe subjectivequality

of high-motionvideo. We would like to obtain a simple rule which tells us underwhich loss

conditions should the frame rate be reducedfor playout at the receiver. In order to model

subjectivevideo quality and to comeup with sucha rule, we indroducethe following simple
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andintuitive distortionmetric:

Distor tion = M SE + �
K maxX

k=1

M SEM Vk ; (3)

henceforthreferred to as the visual distortion. In equation(3), M SE is the mean squared

error in the decodedframesand M SEM Vk is the meansquarederror (per pixel) in motion

vectors in layer k (seeFigure 2). The error in motion vectors is the differencebetweenthe

ºoriginalº motionvectors(thoseusedfor motioncompensatedtemporal®ltering)andthoseused

in decoding/playout,which may be degradeddue to loss, or set to zero when the frame rate

is reduced.For example,if the frame rate is reducedfrom full to a half, all motion vectors

in layer k = K max are set to zero, so in this caseM SEM VK max is the meansquaredvalue

(averageenergy) of the ºoriginalº motion vectorsin layer k = K max . Factor � in (3) serves

to balancethe two contributingtermsandmatchthe quantitativevisual distortion in (3) to the

subjectivedistortion.We foundexperimentallythat � = 10 wasa reasonablechoice.To motivate

the intuition behind(3), observethe following. If the video containsa staticscene(no motion),

there is no penalty in reducingthe frame rate, sinceall the motion vectorsare zero anyway.

The higher the motion in the video, the greaterthe motion vector energy, and more penaltyis

introducedwhen framerate is reduced.

The following exampleillustratesthepropertiesof thevisualdistortionmetric (3), andshows

how it canbe usedto derivesimplerules for reducingthe framerateat the receiverin caseof

packetloss.TheFootballsequancewith SIF resolution(352� 240) at 30 framespersecond(fps)

wasencodedinto sevenstreamswith bit ratesbetween500kbpsand2500kbps.Eachstreamis

thendecodedat full, half andquarterframerate,andvisual distortion(3) wascomputedfor all

threecases.Theplot of distortionversusbit rateis shownin Figure4. Observethatat higherbit

rates,reducingthe frameratedegradesthe visual quality, while at very low bit rates,reducing

the frame rate seemsto improve the visual quality. This in accordancewith the resultsof [7],

which indicatethat at low bit rates,lower frameratesarepreferrableby humanobservers.

The sevenstreamswere then subjectto randompacketloss in the few highestlayers,and

visualdistortion(3) wascomputedfor full, half andquarterframerates.Figure5 showstheplot

of distortionversusstreamnumberunder®vedifferentconditions:(1) full frame rate,no loss;

(2) full frame rate, 25% loss in layer 5; (3) half frame rate, no loss; (4) half frame rate, 25%

loss in layer 4; (5) quarterframerate,no loss;As seenin the graph,for all sevenstreams(i.e.
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acrossthe rageof bit rates),a 25% loss in layer 5 producesvideo at a full frameratewhich is

visually inferior to the correspondingvideo at a half framerate.Similarly, a 25% loss in layer

4 producesvideo at a half frameratewhich is visually inferior to the correspondingvideo at a

quarterframerate.

Basedon theseobservations,the simulationswith subband/waveletcoder were carried out

with the following rule: the framerateof the decoded/displayedvideo is reduceduntil the loss

in all the remaininglayersis lessthan20%. Althoughthis operationdoesnot necessarilyreduce

the meansquarederror (M SE) of the decodedframes,it doestend to improve visual quality

of the displayedvideo.

Error concealmentoperationsperformedby H.26L videodecoderarespeci®edin [8]. Samples

from the missing macroblocksin I framesare estimatedas the weightedsum of the samples

from theavailableneighboringmacroblocks,asproposedin [9]. For otherframes,MV associated

with the macroblockis usedto copy the correspondingmacroblockfrom the referenceframe.
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If the MV for the missingmacroblockis also missing,it is ®rstestimatedusing the approach

suggestedin [10], wherebyoneof the neighboringMVs, which optimizesa certainsmoothness

criterion,is chosenastheestimateof themissingMV. Analogouslyto thesubband/waveletcase,

we reducethe frame rate of the displeyedvideo if the loss becomeslarge. In particular, if the

loss in a certainframeexceeds20%, that frameis not displayed.

I I I . SIMULATION MODEL AND RESULTS

A. Simulationsetup

The simulationsare done using the ns-2 simulator. We have integratedeachcomponentof

Figure 1 within ns-2. The setupfor the single bottlenecksimulationsis the simple dumb-bell

con®gurationshownin Figure 6. The nodesS1 to Sn are the sourcestationsthat transmitthe

media®lesusingdifferenttransport/buffering schemesasdictatedby thecasecon®guration.The

media¯ows passthroughthebottlenecklink B1, B2 ®nallyterminatingat nodesD1 to Dn. The
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bottleneckhasa capacityC Kbps anddelayof 30 ms. All the accesslinks havecapacity4 � C

Kbps anda delayof 10 ms. The bottleneckbuffer is setat 40 packetsfor eachsimulation.

For multiple bottlenecksimulationswe usedthe topology shown in Figure 7, which is the

sametopology as usedin [4]. Eight sourcesS1 to S8 are the sourcestationsthat transmitthe

media®lesusingdifferentbuffering schemesas dictatedby the casecon®guration.The media

passesthroughbottlenecknodesB1 to B6 and®nallyterminatesat the destinationnodesD1 to

D8. In our simulationswe usedthefollowing link statistics.Links L1 to L8 andL13 to L20 had

a bandwidthof 40 Mbps anda delayof 10 ms. Links L9, L10, L12 andL21 hada bandwidth

of 16 Mbps anda delayof 10 ms.Link L11 hada bandwidthof 20 Mbps anda delayof 30ms.

Two standardtestvideosequences,FootballandFlowergarden,wereusedin theexperiments.
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Fig. 8. Lossratevs. sourcebuffer threshold:near-optimal sourcebuffer thresholdis D = 1 GOPlessthanreceiversideinitial

playoutdelayB . The resultholds true underall networkrateconditionsexamined.

Both wereSIF resolution(352� 240pixels) at 30 fps. The Footballsequenceis encodedusing

the subband/waveletcoderat a bit rateof 1.7 Mbps with a GOPsizeof 16. The averagepacket

sizewas725 bytes.The Flower gardensequencewasencodedusingH.26L encoder. The GOP

had16 framesin the following order: IBBPBBPBBPBBPBBP. The bit-rate was1.7 Mbps and

the averagepacketsize was 700 bytes.Each GOP had an averageof 160 packets.Our goal

was not to comparethe coders,but to illustrate that sourcebuffer managementbrings generic

improvementto the receivedvideo quality, i.e. it improvesthe quality of the receivedvideo

in both cases.Simulationsalso show the advantagesof using a smoothly varying congestion

schemelike IIAD over AIMD.

B. Buffer threshold

In this sectionwe providetheexperimantalveri®cationof near-optimality of thesourcebuffer

thresholdsettingderivedin sectionII-B. Experimentsarebasedon theFootballsequeceencoded

usingthe subband/waveletcoder, asdescribedin the previoussubsection.Figure8 (a) plots the

total lossratevs. sourcebuffer thresholdTs (in GOP's) for variousvaluesof receiversideinitial

playoutdelayB (in GOP's). In theseunits, the GOPsizeis D = 1 GOP. The ®gureshowsthat

the total lossrateis minimizedwhenthe thresholdis nearB � D = B � 1 GOP's, which agrees

with the resultsof sectionII-B. For example,when initial playout delay is B = 5 GOP's, the

optimal valueof the sourcebuffer thresholdis nearB � 1 = 4 GOP's. Figure8 (b) showsthe
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loss ratevs. sourcebuffer thresholdfor variousvaluesof bottleneckrate,with receiverplayout

delay ®xedat B = 5 GOP's. We seethat the optimal value for the sourcebuffer threshold

is approximately4 GOP's acrossthe rangeof bottleneckrates.Again, the optimal value of

the sourcebuffer thresholdis approximatelyD = 1 GOP lessthan the receiverplayout delay,

con®rmingthe validity of resultsin sectionII-B.

C. Congestioncontrol

In this sectionwe presentsomecongestioncontrol resultsandshowhow buffer management

helpstradeoff randomlossfor controlledlossof low priority packets.Experimentsreportedin

this sectionarebasedon thesinglebottlenecktopologywith 5 sources,eachof themsendingthe

samevideosequence.We rantwo setsof simulations- onewherethebottleneckbandwidthwas

set at 7.5 Mbps and the other wherebandwidthwas 6 Mbps. The decoderplayout buffer was

of length6 GOP's and the pre-buffer wasof lengthB = 5 GOP's. The sourcebuffer threshold

was set at Ts = B � 1 = 4 GOP's. The simulationwas run with both AIMD and IIAD, with

andwithout buffer management.

Figures9 (a) and(b) comparetheaveragelossrateof the5 ¯ows perlayerin steadystate,with

andwithout buffer managementfor IIAD. Figure9 (a) correspondsto a bottleneckbandwidthof

7.5Mbps.Theoverall lossratein this casewas11% with buffer managementand13.3%without

buffer management.Figure 9(b) correspondsto 6 Mbps. The loss ratesare 25.2%and 30.6%

with andwithout buffer managementrespectively. Theresultsshowthatwith buffer management

we canintelligently drop moreof the low priority packetswhereaswithout buffer management,

the loss is distributedrandomly and acrossall layers. Concentratingthe loss in low priority

packetshelpsimprove the receivedvideo quality throughappropriateframerateadjustment.

Figure10 plots the instantaneoussourcebuffer lengthversustime for IIAD andAIMD. Both

simulationswererun over a time interval of about100 secondsat 7.5 Mbps with sourcebuffer

thresholdTs = 4 GOP's. The high variationof thebuffer lengthin AIMD is causedby thehigh

ratevariation in AIMD. Due to the high variation in AIMD, the delayor jitter associatedwith

AIMD is higher. Therefore,eventhoughboth AIMD and IIAD lose more of the low priority

packets,AIMD hasfar morelossesin high priority layersthanIIAD andtheperformancesuffers.

Figure11 showstheresultsfor theFlowergardensequenceencodedusingtheH.26L encoder.

Figure11(a) showsthe averagelossrateper layer with andwithout buffer managementfor 7.5
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Mbps bottleneckbandwidth.The total lossratefor eachcaseare9.8%and10.6%,respectively.

Figure 11(b) showsthe resultsfor 6 Mbps bottleneckcapacity. Here the steadystatetotal loss

ratewas29.8%and 29.3%with andwithout buffer management,respectively.

Overall, the results in this sectionillustrate how the proposedbuffer managementscheme

concentratesthe loss in the low priority packets.In the next sectionwe show how this effect

coupledwith framerateadjustmentimprovesthe quality of the receivedvideo.

D. Video transmissionresults

In this section we presentthe experimentalresults of video transmissionover single and

multiple bottlenecknetworktopologies.Theresultsillustrateimprovementin videoquality (both

objectiveandsubjective)broughtby theproposedbuffer managementschemecoupledwith frame

rate adjustment.Objectivevideo quality is usually measuredby the peaksignal-to-noiseratio

(PSNR)in dB, de®nedas

PSN R = 10log10
2552

M SE ;

where M SE is the meansquarederror betweenthe original (uncompressed)video and the

decodedvideo.

Sincethe video is playedout at a reducedframerateif the lossbecomestoo large, thereis a

questionof what is the ºoriginalº low frameratevideosequenceto which thedecodedsequence
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Fig. 11. Averagelossrateper layerusingH.26L coder:buffer managementhelpsto movethe lossesto low priority B packets.

shouldbe compared.This questionis still unresolvedin the video processingcommunity. Our

view is thateachcoderimplicitly producesits own ideal low framerateºoriginalº dependingon

its mechanismof providing frameratescalability. For themotion-compensatedsubband/wavelet

video coder, the low frame rate ºoriginalº is the sequenceobtainedby passingthe full frame

rateoriginal video throughthe motion-compensated®lterbank(without quantization)andsub-

samplingin the temporaldirection.For theH.26L coder, the low framerateºoriginalº is simply

the subsampledunquantizedversionof the original video. In our PSNRcalculations,for each

coderwe usedits own low framerateºoriginalº sequence.We stressagainthat our goalhereis
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Fig. 12. PSNRcomparisonfor the single bottleneckcase:Football sequenceencodedusing the subband/waveletcoder.
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Fig. 13. PSNRcomparisonfor the single bottleneckcase:Football sequenceencodedusing the H.26L coder.

not to comparethe two coders,but to demonstratethat theproposedbuffer managementscheme

can improvethe performancein both cases.

In Figures12and13,andTableI, we presentPSNRresultsfor videotransmissionoverasingle

bottlenecknetwork.PSNRgraphsrepresentensembleaveragesof the framesfrom the 5 ¯ows

transmittedthroughthe bottleneck,while the tableshowstime time averagesof theseensemble

averages.Hence,theresultsillustratetheaggregateperformanceof all 5 ¯ows. Figure12 shows

the frame-by-framePSNRof the Football sequenceencodedusing the subband/waveletcoder.
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TABLE I

COMPARISON OF AVERAGE PSNR FOR THE SINGLE BOTTLENECK CASE: SIGNIFICANT GAINS OBTAINED WITH BUFFER

MANAGEMENT

Video Bandwidth PSNR(dB) PSNR(dB)

Sequence (Mbps) with buffer w/o buffer

management management

Football 7.5 28.4 22.1

Football 6 24.8 18.4

Flower garden 7.5 29.3 12.7

Flower garden 6 28.9 10.2

14

16

18

20

22

24

26

28

30

32

0 10 20 30 40 50 60 70 80 90 100

PS
N

R
 (d

B)

Frame Number

SWC without buffer management
SWC with buffer management

15

20

25

30

35

40

0 10 20 30 40 50 60 70 80 90 100

PS
N

R
 (d

B)

Frame Number

H.26L without buffer management
H.26L with buffer management

(a) (b)

Fig. 14. PSNRcomparisonfor the multiple bottleneckcase:(a) subband/waveletcoder, Football sequence;(b) H.26L coder,

Flower gardensequence.

Comparisonis madebetweenIIAD video transmissionwith and without buffer management.

Figure12 (a) correspondsto the7.5Mbpsbottleneckbandwidth,while Figure12 (b) corresponds

to the6 Mbpscase.Thegraphsillustratetheadvantageof usingtheproposedbuffer management

scheme.TheaveragePSNRgainis is substantial- over6 dB. Figure13showssimilar comparison

for the Flower gardensequenceencodedusing the H.26L coder. Similar experimentswere

performedon the multiple bottlenecknetwork and the results are summarizedin Figure 14

and Table II. The resultsare qualitatively the sameas in the single bottleneckcaseand and

demonstratea clearasvantageof usingthe proposedbuffer managementschemein termsof the

objectivevideo quality (i.e. PSNR).
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TABLE II

COMPARISON OF AVERAGE PSNR FOR THE MULTIPLE BOTTLENECK CASE: AGAIN, SIGNIFICANT GAINS OBTAINED WITH

BUFFER MANAGEMENT

Video PSNR(dB) PSNR(dB)

Sequence with buffer w/o buffer

management management

Football 27.9 18.5

Flower garden 32.0 17.1

(a) With buffer management (b) Without buffer management

(c) With buffer managemant (d) Without buffer management

Fig. 15. Snapshotsof video sequences: buffer managementin conjunctionwith frame rate adaptationimprovesthe visual

quality of displayedvideo frames.

Improvementsin visual quality are illustratedin Figure15, wherewe showsnapshotsof the

framesfrom the two video sequences.Theseframeswere obtainedfrom the single bottleneck
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simulationswith a bandwidthof 7.5 Mbps. Samplevideo clips producedin the simulationsare

availableat [14].

IV. CONCLUSIONS

An integratedvideocommunicationsystemthatcontrolsthepacketdropsat thesource,along

with an intelligent choiceof congestioncontrol was proposedto solve the problemsfacedby

a video ¯ow in a congestednetwork. It was shown that most of the packetdrops occur at

the sourcebuffer when congestioncontrol is employed.This allows us to designa suitable

end-endbuffer managementschemefor the video ¯ow. The transmissionbuffer management

works togetherwith receiversideframerateadjustmentmechanismto providehigh quality low

frameratevideo in responseto congestion.Dif ferentcongestioncontrolschemeswereexamined

and it was shown that binomial congestioncontrol schemesthat do not vary their ratesvery

much,alongwith randomizedpacing,helpreducejitter effects.Theproposedbuffer management

schemewas testedwith two different video codersand different network topologies,and has

shownsigni®cantimprovementsin objectiveandsubjectivevideo quality in all cases.
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