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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 takeadvantageof this fact and thus con-
tr ol exactly what data is dropped in responseto network conges-
tion. The integrated model usespriority information fr om the en-
coder and network information fr om the congestionschemeand
drops low priority packetsand sendsthe most important packets
in the available bandwidth. The packets are dropped when the
source transmission buffer length exceedsa minimum thr eshold.
This schemeensures that the media transmitted has the highest
possiblequality under the given network conditions using a given
coding scheme.This paper alsopresentsa randomized transmis-
sionschemeaspart of the integrated modelto reducethe jitter and
burst lossesin the multimedia transmissions.

Index Terms—Buffer management,multimedia networking, ro-
bust videostreaming,frame rate scalablevideo.

I . INTRODUCTION

M ULTIMEDIA streamingover the Internethasattracted
a lot of researchinterestin recentyears. Most of the

efforts sofar have concentratedarounddevelopingandanalyz-
ing the variouscongestioncontrol schemesand receiver side
adaptationthat canhelp reducejitter for the multimediatraf-
�c. The focal point of researchin the multimediastreaming
domainhasbeenthe developmentof an integratedvideo cod-
ing andcongestioncontrolapproachto provide jitter freetrans-
missionof themediaandfairnessto thecompeting�o ws. Re-
sultshave beenpublishedfor interactionbetweentheadaptive
codecsanddifferenttransportschemes[2]. This paper, besides
supplementingthetheresultsreportedalreadyby otherauthors,
shows that an order of magnitudeperformanceimprovement
canbeachieved by doing intelligent losscontrol at thesource
in responseto congestion.

In this paper we presenta new integrated schemebased
on the inter-working betweenlive adaptive encoding,differ-
entialpacket �ltering at thesenderandTCP-friendlybinomial
schemes[3] thatachieveslower loss,highqualityandlow jitter
whenmultimediais transportedover theInternet.

The major hurdlesto the effective multimediatransmission
canbegroupedinto following:

� Lossof important data in the network. Most videoen-
codingschemesencodevideo into packetswith different
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importanceand the packetsaredroppedin the transmis-
sion randomly. So the major hindrancein effective mul-
timediastreamingis the lossof importantdatain thenet-
work.

� Jitter . Videoalsosuffersfrom jitter dueto thevariationin
rateof thecongestioncontrolscheme.

� Burst lossesin network thatleadto losingasetof packets
containinginformationabouta singleframemakingesti-
mationtechniquesat thereceiver ineffective.

� Loss of synchronization betweenthe encoderand de-
coderdueto network losses.

� Lossof a signi�cant amount of data with a lossof single
packet thatrendersqualityreconstructionalmostimpossi-
ble.

In this paperwe presentan integratedsolutionto the above
problems. The solutioncombinesan intelligent source buffer
managementschemewith binomialcongestioncontrol schemes
that areTCP friendly andhave smootherratevariations. The
buffer managementschemepresenteddrops packets having
lesserinformationcontentin priority to thosehaving moreim-
portantcontentwhenever the network encounterscongestion
andneedsthe media�o w to reduceits transmissionrate. 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.Thepacketizationschemeusedin the integratedmodel
doesdispersivepacketizationthat allows reconstructionusing
estimationandothertechniquesinpresenceof a lossynetwork.

Therestof thepaperis organizedasfollows: SubsectionII-
A presentsanoverview of themodelwe proposeincludingthe
sourcebuffer managementalgorithm. SubsectionII-C moti-
vatestheneedfor robustscalablecodecsandgivesanoverview
of the robust motion compensated3-D sub-bandvideo coder
we usein our model to report simulationresultsand we de-
pict the generalizednatureof the model acrossvarioustypes
of codecs.SubsectionII-D introducestheconceptof binomial
schemesandadvantagesof randomizingsuchschemesfor mul-
timedia transmission.SectionIII puts all the piecestogether
andwepresentanintegratedns-2simulationmodel.Thesimu-
lation resultsarepresentedin sectionIV andwe concludewith
themainmessageof thispaperin sectionV.

I I . THE INTEGRATED MODEL

A. General Model

Videostreamingrequiresa transmissionschemethatgivesa
steadyratewhile reducingburstlosses.Also thevideoencoders



Encoder

Adaptive
Buffer

Randomized
Binomial
Transport

Decoder

Randomized
Binomial
Transport

Playout
Buffer

Internet

Decode and playEncode and transmit

VideoVideo

Fig. 1. GeneralIntegratedModel

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

	�	

	�	

	�	

	�	

	�	

	�	

	�	

	�	

	�	

	�	

	�	

	�	

	�	

	�	

	�	

	�	

	�	

	�	

	�	

	�	

	�	


�



�



�



�



�



�



�



�



�



�



�



�



�



�



�



�



�



�



�



�



�


���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���


�



�



�


���

���

���

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

���

���

���

���

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

�����

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

���

 � 

 � 

 � 

 � 

 � 

 � 

 � 

 � 

 � 

 � 

 � 

 � 

 � 

 � 

 � 

 � 

 � 

 � 

 � 

 � 

 � 

!�!

!�!

!�!

!�!

"�"

"�"

"�"

#�#�#

#�#�#

#�#�#

#�#�#

#�#�#

#�#�#

#�#�#

#�#�#

#�#�#

#�#�#

#�#�#

#�#�#

#�#�#

#�#�#

#�#�#

#�#�#

#�#�#

#�#�#

#�#�#

#�#�#

#�#�#

$�$

$�$

$�$

$�$

$�$

$�$

$�$

$�$

$�$

$�$

$�$

$�$

$�$

$�$

$�$

$�$

$�$

$�$

$�$

$�$

$�$

Layer 0

Layer 1

Layer 2

Layer 3

Layer 4

Threshold

From Encoder

Drop

Transmit

Threshold

(a)SourceBuffer Management

DS1

DS2

DSn

SR1

SR2

BN1

SRn

BN2

(b) Topology

Fig. 2.

producespacketswith differentimportancelike I, P, B packets
of MPEGor layeredstructureof sub-bandwaveletcodecs.So
video codecswould like the network to treateachpacket dif-
ferently to obtainoptimal performance.An integrateddesign
thatcombinestheencoderwith thecongestioncontrolscheme
is thereforerequiredto produceeffective videotransmission.

Figure1 shows an integratedmodelthatcanachieve there-
quirements.A video sequenceis codedusinga robust coding
schemethatcanadaptto thechangein network rate.An adap-
tive buffer at the senderis usedif the encodercannotadapt
as quickly as the network conditionsvary. This buffer can
be usedto differentiatethe packetsaccordingto their priority
andsendonly themostimportantpacketsin theavailableband-
width. Thebuffer will getfeedbackfrom thecongestioncontrol
schemeaboutthe currentnetwork conditions.We alsoneeda
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Fig. 3. Averagenetworklossfor N cbrsources

Algorithm 1 Algorithm for SourceBuffer Management
for EachPacket Arrival do

calculatethequeuesizeqsz

if qsz > maxq then
Drop thepacket

else
if qsz > max th then

with probabilitypk , dropthepacket
else

enqueuethepacket.
end if

end if
end for

Algorithm for estimatingdropprobabilitypk

for everyRTT do
lossestimate = (r e � r n )=re
lossestimate = lossestimate � M AX LAY ER
if lossestimate > 0 then

for K = M AX LAY ER; k > 0; k � � do
pk = lossestimate
if pk > 1 then

pk = 1
end if
lossestimate� = pk

if lossestimate < = 0 then
break

end if
end for

end if
end for

congestioncontrolschemethatwill provideasmoothrateto the
video,avoidsburst lossesandalsobefair to other�o ws in the
network. Thereceiversidehasaplay-outbuffer whichwill also
helpin smootheningthe�o w andreducejitter. Weuserandom-
izedbinomialschemesfor transportasexplainedin subsequent
sections.

B. Avoidinglossof importantpackets

From extensive simulationresultswe infer that mostof the
lossesin a TCPbasednetwork take placeat point of transmis-



sioni.e. thesourceandnot at thenodesin thenetwork. This is
contraryto thebeliefthatcongestioncausesthenetwork to drop
packetsandthis droppingof packetsin thenetwork is a major
contributor to thetotal lossaTCP�o w suffers.Oursimulations
show that in responseto congestionthe transmissionqueues
at the sourcesincreasewhich �nally leadsto packet dropsat
sourceandit is this droppingat thesourcethat is a majorcon-
tributor to theaggregatelossof the�o w. Figure3(a)shows the
averagenetwork loss ratewith congestioncontrol (TCP) and
withoutcongestioncontrol(UDP)with asinglebottleneckof 5
Mbpsbandwidthfor N �o ws. Thisclearlyprovidesanincentive
to usea suitablecongestioncontrol for video transmissionbe-
causewe cancontrolthepacketsthataredroppedat thesource
buffer by employing asuitablepacket �lter .

The packet �lter can be designedin conjunctionwith the
video codecbeing used. In this sectionwe proposea sim-
ple buffer managementstrategy that can be used for sub-
band/wavelet-decomposedvideo signal. As shown in �gure
2(a) we implementa buffer at the sourcethat queuespackets
from the encoderanddequeuedpacketsaretransmittedusing
the binomial scheme.Algorithm 1 gives the pseudocodefor
the drop policy. Whenever the currentnetwork rater n is less
thantheapplicationrater e, the�o w will losepacketsat therate
of r e � r n packetspersecond.This dropprobabilityis applied
to thepacketsthatarriveat thesourcebuffer suchthatthepack-
etsfrom the lowestpriority layergetsdroppedbeforethenext
higherpriority layerandsoon. Eachlayer is assumedto have
equalnumberof bits. We canalsohave a runningaveragethat
calculateshow mucheachlayer contributesto the overall bit
rateanddistributelossprobabilityaccordingly. Thepacketsare
droppedonly whenthebuffer reachesa thresholdvalue.

This strategy is of buffer managementfor thevideoencoder
weareusingis supportedbothby theoryandpractice.

� Theory: S. Mallat [5] shows that coef�cient magnitudes
of a sub-band/waveletcodedvideosequencedecreaseex-
ponentially for higher layers. So their contribution to
PSNRis progressively smaller. Thereforedroppingthe
higherlayer�rst is justi�ed.

� Practice: MasryandHemami[6] foundthatwhenbit rate
is heldconstant,lowerframerateis preferredby subjective
observers,(i.e) it is betterto havehigherquality low frame
ratevideo,thanlower quality higherframeratevideo. By
droppingpacketsbelongingto higherlayers,we arein ef-
fectproducinga lower frameratevideowith highquality.

Choosingthe buffer thresholdis very importantfor perfor-
mance. Having a small thresholdwill lead to unnecessary
packet dropswhile having a thresholdgreaterthanthereceiver
buffer (for pre-buffering) will lead to large delay and jitter.
Thresholdvaluedependson thedecodingrate,network capac-
ity andreceiver sidebuffer. We have chosensomerepresenta-
tive valuesfor our simulation.Detailedanalysisof thesecom-
plex interactionsis left for futureresearch.

C. Lossof Synchronizationandconcentration of importantin-
formationin few packets

In our work we usea robustmotioncompensated(MC) 3-D
sub-bandvideo coderfrom [1]. The typical group-of-pictures

(GOP)structureof thiscoderis shown in Figure4. Thetoplevel
of framesrepresentsthevideoat full framerate. Neighboring
framesaredecomposedusingaMC �lter bankto producetem-
poral low frequency bands(solid lines)andtemporalhigh fre-
quency bands(dashedlines) at the next level. Motion vectors
are symbolically shown as arrows. High temporalfrequency
framesaresub-bandcoded,asdescribedbelow, andtransmit-
ted along with the motion vectors. Low temporalfrequency
bandsat the secondlevel representthe MC averageof neigh-
boringframesat thefull framerate,sothey occurat 1=2 of the
full framerate. They arefurther decomposedto get the video
at 1=4 framerate,etc. In Figure4, the last level corresponds
to 1=16 of the full framerate. Transmitteddatain this caseis
naturallydividedinto � velayersof temporalscalability, labeled
(1) through(5) in the�gure. Decoderswhich receive layer(1)
canreconstructthe video at 1=16 of the full framerate,those
whichreceive(1) and(2) canreconstructthevideoat1=8 of the
full framerate,andsoon.

To enableframeratescalability, eachlayer is packetizedin-
dependentlysothatthevideoat lowerframeratescanberecon-
structedfrom a subsetof the packetscorrespondingto higher
framerates.Within eachlayer, datais codedandpacketizedin a
dispersive manner, sothatsub-bandsamplesfrom thecommon
space-time-frequency neighborhoodappearin different pack-
ets,whichenableseasyerrorconcealmentof lostsamplesfrom
theavailableneighboringsamples.Also, all thepacketsfrom a
given layer carry approximatelythe sameamountof informa-
tion aboutevery framein thatlayer, whichminimizesthevaria-
tion of videoqualityata�x edpacket lossrate.It wasfoundthat
thisdispersivepacketizationanderrorconcealmentapproachto
robustcodingeffectivelycombatsthepacketlossandeliminates
theneedfor forwarderrorcorrection(FEC)atpacket lossrates
up several percent.The schemecanbe adaptedto changethe
encodingrateandrun-timewith somelatency.

Thesimulationstudiesdonefor this papershow thatin spite
of usingan advancedrobust motion compensatedcoder, there
is a lot of roomfor improvementthatweachieveusingoursim-
ple schemeof buffer management.Also, FECfails to solve the
problemof performancedegradationdueto packet dropsat the
sourceandassuchthecodingschemesusingFECdonotneces-
sarymaximizetheperformance.Theencodingschemewe use
is muchadvancedandhasbetterperformancecharacteristicsin
the presenceof lossynetwork thanthe conventionalencoding
schemeslikeMPEG[7]. On thebasisof simulationresultsthat
show thateventhis robustencodingschemewhencoupledwith
intelligent buffer managementandsuitablecongestioncontrol
schemeshows amarkedperformaceincrease.We thuspropose
ourbuffer managementschemeasthegeneralperformanceim-
proving schemefor any codecsthat codein a mannerthat the
resultingpacketscanbedifferentiatedin discretelevelson the
basisof the contentor the type of informationthey carry. An
exampleis theclassi�cationof MPEGvideotraf�c into I,B and
P frames.

D. Burst Losses,Jitter andTCP-friendliness

In [3] authorsproposea family of binomialcongestioncon-
trol schemesthat are ideal for multimedia transfer. The ad-
vantageof thesealgorithmsis that the reductionin transmis-



Fig. 4. GOPstructureof thevideocoder

sion rateuponencounteringcongestionis not asdrasticasthe
conventionalTCP. Thesealgorithmsusea generalizedform of
TCP's additive increasepolicy by increasingthe congestion
window in stepsinverselyproportionalto a power k of thecur-
rentwindow (k = 0 for TCP).They alsogeneralizetheTCP's
multiplicative decreasepolicy by decreasingproportionalto a
power l of thecurrentwindow (l = 1 for TCP).Theauthors[3]
show that if k + l = 1 , theschemescompetefairly with TCP
andtheclassof algorithmsis namedbinomialalgorithms.It is
further shown that if k + l > 0 , k > 0 ,l > 0 the binomial
schemesconverge to fairnessundera synchronizedfeedback
assumption.

the generalincrease/decreaseequationsfor binomial algo-
rithmsaregivenas:

� Increase:wt + R  � wt + � =wk
t ; � > 0

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

wherewt refersto thecongestionwindow sizeat timet, R is
theRTT at t and� and� areconstants.

We show by simulationresultsthat the choiceof transport
schememattersin multimediatransmission.Theperformance
of theintegratedschemewe presentis highly dependenton the
congestioncontrolalgorithmusedby thetransportscheme.We
reportour resultswith therandomized(asexplainedin thefol-
lowing paragraph)versionsof IIAD (InverseIncreaseandAd-
ditive Decrease)schemewith k = 1 and l = 0 in the equa-
tions above and AIMD (Additive Increaseand Multiplicative
Decrease)schemewith k = 0 and l = 1 in the equations
above. Thesimulationresultsshow aclearimprovementin per-
formancewith IIAD ascomparedto AIMD.

Therandomizationconceptwas�rst introducedin [4]. Ran-
domizationis shown to reducebiasagainst �o ws with higher
RTTs, reducewindow synchronization,reducephaseeffectsin
�o ws and reducecorrelatedlosses. Randomizationdoesnot
allow a congestioncontrol schemesendback-to-backpack-
ets but spacessuccessive transmissionswith a time interval
� = RTT(1+ x)=cwnd, wherex is azeromeanrandomnum-
berdrawn from anuniformdistribution.

I I I . SIMULATION MODEL

We simulatedour integratedmodelusingns-2. The robust
encoderwascoupledwith the transmissionprotocolwe used.

Therobustcodecsdiscussedin thispaperproduceapacketized
bit streamthat is fed to the buffer at the congestioncontorol.
Theencodingschemeemployedfor theresultsreportedin this
paperis suchthat the codingis donein a hierarchicalmanner
with eachframecodedin multiple layersof decreasingcontent
importance. Layersare numberedsuchthat the higher num-
beredlayerarelessimportantthanthe lower numberedlayers.
We employ an intelligent transportschemethat differentially
dropsthehighernumberedlayerpacketsin responseto reduced
offeredcapacityby thenetwork. Thetransportschemewe em-
ployedusesa randomizedversion[4] of thebinomialschemes
proposedin [3]. The randomizedbinomial schemesprovide a
lessbursty, TCPfriendly transportschemefor themediatrans-
fer.

The ns-2set-upfor all the simulationsis the simpledumb-
bell con�gurationwhich is shown in thegeneralizedform with
a singlebottleneckin �gure 2(b). ThenodesSR1 to SRn are
thesourcestationsthat transmitthemedia�les usingdifferent
transport/buffering schemesasdictatedby the casecon�gura-
tion. The media�o ws passthroughthe bottlenecklink B N ,
�nally terminatingat nodesDN 1 to DN n. The accesslink
bandwidthsaresetat 4 timesthebottleneckbandwidthlength.
Theroundtrip timefor all thesimulationsaresetat100msand
thebuffer atbottleneckissetatonebandwidth-delayproduct.

Logically eachsenderis con�guredasa layeredarchitecture
with the movie sequencebeingfed to the encoderandthe en-
coded�le is queuedin thetransmissionbuffer wherewe apply
thedroppolicy asdescribedin algorithm1. Thedetailsof the
layeredarchitectureareshown in �gure 1.

IV. RESULTS

Thefollowing resultsarefor 5 sourcesimulationwith dumb-
bell topology shown in �gure 2(b). The congestioncontrol
scheme,bottleneckbandwidth,maximumtransmissionbuffer
and buffer managementschemeare the different parameters.
Thevideosourceproducespacketsat a rateof 915kbps. The
receiverhasaplayoutbuffer of 4 GOPS(800pkts).Simulations
were run to test the performancedifferencewith andwithout
buffer management.All the5 sourcesemploy thesameconges-
tioncontrolschemeandbuffermanagementscheme.Thebuffer
thresholdwassetto 240pkts. The�gures 5(a),(b), (c) and(d)
comparestheaveragelossrateof the5 �o wsperlayerwith and
without buffer management.Theresultsshow thatwith buffer
managementwe canintelligentlydropmoreof thelow priority
layer 4 packetswhereaswithout buffer management,the loss
ratesaredistributedrandomlyandacrossall layers.This helps
in improving the quality(PSNR)of video. Figure 5(a) is for
AIMD schemewith 4.5 Mbps bandwidth.This translatesto a
aggregatelossrateof about5 %.5(b)is for AIMD with 2.5Mbps
bandwidth.In this case,eachsourcegetsonly half its required
bandwidth.Without buffer management,we will loseapprox-
imately50%of packetsin all layerswhereaswith buffer man-
agement,we candrop almostall of layer 3 and4 packetsand
get a betterPSNR.Figures5(c) and5(d) shows the samefor
IIAD scheme.

The next stepof the simulationwasto comparethe perfor-
manceof different congestioncontrol schemes.Figures6(a)
and 6(b) comparesthe averageloss rate per layer for AIMD
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Fig. 5. Comparisonof averagelossratesperlayerwith andwithoutbuffer management
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Fig. 6. Comparisonof AIMD andIIAD performances

andIIAD schemes.Thesmootherratevariationof IIAD means
morenumberof layer 4 packetsaredroppedthanhigherpri-
ority layers. Theseresultsshow thata smootherratevariation
helpsthevideotransmissionbetter. This is becausethejitter ef-
fectsarereducedwhenthetransmissionratedonotvarymuch.
The�gures 6(c)and6(d)comparesthesourcebuffer lengthfor
AIMD and IIAD for different maximumbuffer lengths(480
packetsand640packetsrespectively). Thesegraphsshow that
thebuffer lengthfor AIMD varieswidely resultingin higherjit-
ter at the receiver. Packetscanget variabledelays. But IIAD
maintainsthe buffer lengthand reducesany jitter by keeping
thedelaysteady.

Figure7(a)comparesthePSNRvaluesof thevideowith and
without buffer management.The�gure correspondsto simula-
tions with AIMD source,4.5 Mbps bottleneckbandwidthand
320pktssourcebuffer threshold.If morethanhalf thenumber
of packetsarelost in any layer, thewhole layer is ignoredand
the resultantvideo is decodedat lower framerate. For exam-
ple if all the packetsof layer 5 aredropped,we decodeat 1/2

the framerate. PSNRfor the low frame-ratesequenceis ob-
tainedby comparingthedecodedvideoto thesequencethatwas
passedthroughmotion-compensatedtemporal�lter andcoded
atahighrate(over5 Mbps).ThegraphplotstheaveragePSNR
of eachframefor 16 secondsof simulation. The averageloss
ratesarecomparable(approximately7%) in boththecases.We
canseefrom thegraphthatfor similaraveragelossrates,buffer
managementgives betterPSNRthan without buffer manage-
ment.Figure7 (a)comparesPSNRwhenthelossrateis almost
50%.Wecanseethatin thiscase,thePSNRvalueswith Buffer
Managementis muchbetterthanthat without buffer manage-
ment.Figures7 (c) and(d) aresnapshotsof oneframein IIAD
simulationwith 4.5Mbpsand240pktsbuffer threshold.Wecan
seethatbuffer managementhelpsis losingthe“correct” packets
soasto notaffect thequality.

V. CONCLUSIONS

We examinedvarioussource-sideissueswith videostream-
ing over the Internet. An integratedmodel that controls the
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packet dropsat the source,alongwith an intelligent choiceof
congestioncontrolandcodecwasproposedto solvetheseprob-
lems. It wasshown thatmostof thepacket dropsoccurat the
sourcebuffer whenusingacongestioncontrolscheme.Thisal-
lows usto designa suitablebuffer managementschemefor the
video�o w. A simplepacket �lter wasproposedfor themotion
compensatedwavelet decompositionbasedencoder. Different
congestioncontrol schemewere examinedand it was shown
thatbinomialcongestioncontrolschemesthatdonotvary their
ratesverymuchalongwith pacing(randomization)helpsreduc-
ing jitter effects.It wasfoundthatdispersive packetizationand
error concealmentapproachto robust codingeffectively com-
batsthepacket lossandreducestheneedfor forwarderrorcor-
rection(FEC). It wasfurther shown that the performanceim-
provementachievedby usingtherobustcodecmentionedabove
canbeimprovedby usingtheintegratedmodelproposed.
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