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ABSTRACT

While thereis anincreasingdemandfor streamingvideo applica-
tionson the Internet,variousnetwork characteristicenake the de-
ployment of theseapplicationsmore challengingthan traditional
TCP-basedpplicationdike emailandthe Weh Pacletlosscanbe
detrimentalto compressedideo with interdepedent framesbe-
causeerrorspotentially propagateacrossmary frames. While la-
teng/ requiremets do not permit retransmissiorof all lost data,
we leveragethe characteristicof MPEG-4to selectivelyretrans-
mit only the mostimportantdatain the bitstream. When lateng

constraintsdo not permitretransmissionye proposea mechaism
for recovering this datausing postprocessingechnigus at the re-
ceiver. We quartify the effects of paclet loss on the quality of

MPEG-4video, develop an analyticalmodelto explain theseef-
fects,presenta systemto adaptively deliver MPEG-4videoin the
faceof paclet lossandvariableInternetcondtions, and evaluae
the effectivenesof the systemundervariousnetwork conditions.

1. INTRODUCTION

Streamingmediais beconing increasingly prominenton the
Internet. Although some progresshas beenmadein mediade-
livery, todays solutions (e.g., RealPlayerand Windows Media
Player) [35, 43] are proprietary inflexible, and do not provide
the user with a pleasantviewing experience. The lack of an
openframevork hampersinnovative researchparticularly in the
areaof videodelivery thatadaptsto changingnetwork conditions.
While todays streamingapplicationsare closedand proprietary
the emeging MPEG-4 standardis gaining increasingacceptance
andappearso beapromisingopenstandardor Internetvideo[13,
17,20,28,31,37].

In this paperwe describea systemthatenableghe adaptve uni-
castdelivery of streamingIPEG-4videoby respondiig to varying
network condtions. This paperprimarily focuseson techniguesto
dealwith paclet losseswhich arecomma onthelnternet.

Inter-framevideo compressia algorithmssuchasMPEG-4 ex-
ploit temporalcorrelationbetweerframesto achiese high levelsof
compressioiy indepenantly codingreferencdrames,andrepre-
sentingthemajority of theframesasthedifferencefrom eachframe
andoneor morereferencerames.However, thesealgorithmssuf-
fer from the well-known propagation of errors effect, becauseer-
rorsdueto paclet lossin areferenceramepropagateo all of the
dependat differenceframes. The resultingstreamis not evenre-
silient to small amountsof paclet loss. Thereis a fundametal
tradeof betweenbandwidthefficiengy (obtainedby compressiohn
anderrorresilience(obtainedby codingor retransmission)Inter
framecompressiorschemegsuchasMPEG-4)achieve significant
compressiorf bitsin comparisorto otherschemeshatdo notex-
ploit temporalcorrelation(suchasmotionJPEG[21]), but they are

alsolessresilientto paclet lossbecase of the depen@nciesthat
exist betweendatafrom differentframes. While mary methods
have beenpropcsedto add redurdang to the bitstreamto allow

for moreeffective errorcorrection[9, 10,51, 54], they alsoreduce
muchof the gainsgarneredrom compression

Errorsin referenceframesare more detrimentalthan thosein
derivedframesdueto propagtionof errorsandshouldthereforebe
given a higherlevel of protectionthanotherdatain the bitstream.
Onesolutionis to add redurdang to moreimportantportions of
the bitstream,or to codemoreimportantportionsof the streamat
a relatively higherbitrate[1, 25, 39, 50]; however, this approach
reducexompresi®n gainsandin mary casegloesnot adequéely
handlepacletlosseghatoccurin bursts.

Priorwork hasgatheredxperimeral resultsthatdescribgaclet
losscharacteristicséor MPEG video andsuggestthe needfor bet-
ter errorrecovery and concealmentechniqueg11]. Motivatedby
prior analysis,aswell a generalmodelwe have developel to ex-
plaintheeffectsof pacletlosson MPEGvideo,we have developed
a systemthat usesreceiverdriven selectivereliability in conjurc-
tion with recever postprocessag to efficiently recoser from paclket
lossesn referencdrames.

Someresearcherfiave amgued that retransmission-&sederror
resilienceis infeasiblefor Internetstreamingbecauseaetransmis-
sionof lostdatatakesat leastoneadditionalround-triptime, which
may be too much latengy to allow for adequée interactvity [10,
51, 54]. However, becase of the natureof inter-frame compres-
sion, certaintypesof paclet losscanbe excessiely detrimentalto
the quality of therecevedbitstream We shav thatsuchlossescan
becorrectedia retransmissiomvithout significantlyincreasingle-
lay, usingonly a few frames’worth of extra buffering. In a stream-
ing systemthat transportsvideo bitstreamswith inter-dependat
frames,careful retransmissiorof lost paclets provides significant
benefitshy alleviating the propagatiorof errors.

While our systemprimarily focuseson the useof selectve re-
transmissiorfor paclet lossrecovery, we alsoshaov how our sys-
temallows selectve retransmissiono be usedin conjunctionwith
other error control and concealmentechniques. When delay or
transientloss is prohibitively high, retransmissiorof lost pack-
etsmay not always be feasible. In thesecircumstanceswe pro-
posea mechanisnfor recovering datain referenceframesusing
postprocessip at the recever. Specifically we propcsea scheme
for reconstructingmportantmissingdatain referenceframesus-
ing texture andmotioninformationfrom surrourding frames.Our
motion-compeasatedecovery technique allow partialrecovery of
importantdata limiting propagtionof errorswithoutimposingthe
buffering constraintgequiredfor selectve retransmissions.

To recover from paclet lossespur systemusesapplication-leel
framing (ALF) [16]. Becausalealingwith datalossis application-



dependat, the application,ratherthanthe transportiayer, is most
capableof handlingtheselossesappropriately Moreover, in the
caseof video,therecever is best-equipedto make decisionswith

regardto paclet lossrecovery (e.g., whetherto requesta retrans-
mission, to use postprocessingnd error concealmet) or simply
to drop the frame). The ALF principle statesthat datamustbe
presentedo the applicationin units that are both meaningfulto

thatapplicationandindepemently processibleTheseunits, called
applicationdata units (ADUs), are also the unit of error recov-

ery. We have usedthis philosoply in our designof a backwards-
compatiblereceiverdriven selectve retransmissiorextensionto

RTP[48] calledSR-RTP. This extensionprovidessemanticgor re-

questingthe retransmissiomf independently-procssibleportions
of thebitstreamanda meandor reassemblingragmentecportions
of indepemlently processiblaunits. ALF allows the applicationto

be notified whenincompleteframesarrive and control error con-
cealmendecisions.

In additionto providing ameandor recoveringfrom pacletloss,
avideo streamingsystemfor the Internetshouldadaptits sending
rateandthe quality of thevideo streamit sendsn accorancewith
the availablebandwvidth. It is widely believed thatthe stability of
the moderninternetis in large part dueto the cooperative behar-
ior of the end hostsimplementingthe window increase/decrease
algorithmsdescribedn [2, 29]. A video streamingsystemshould
deliver video atthe highestpossiblequality for the availableband
width and sharebandvidth fairly with TCP flows. To accompish
this, our video sener usesinformationin RTCP recever reports
to discover lost paclets and round-trip time variationsand adapt
its sendingrateaccordirg to a certaincongestiorcontrol algorithm
usingthe CongestiorManage (CM) [3, 5] framewvork. Rapidos-
cillationsin the instantanecsisendingrateoften degradethe qual-
ity of the received video by increasingthe requiredbuffering and
inducinglayeroscillations.To achieve smoothingof video quality,
our systemexploits binomialcongestiorcontrolalgorithms[6, 19],
afamily of TCP4riendly congestioncontrolalgorithmsthatreduce
rateoscillation.

This pape focuseson paclet loss recovery and describesour
implementatiorthatenableghis framewvork. We describe:

e A systememploying SR-RTP, receier postpraessing,and
the CM to enablethe adaptve transmissionof MPEG-4
video in the face of paclet loss, bandwidthvariation, and
delayvariation.

e An analyticalmodelto explain the effectsof pacletlosson
theoverallquality of anMPEG-4bitstreamandanevaluation
of our systembasedon this model.

Section2 presentsan overviev of the MPEG-4video compres-
sion standard,derives a model for propagtion of error due to
paclet losshasedon empiricalobservationsandquartifies the ef-
fectsof paclet lossesin referenceframes. Section3 presentsour
framevork andimplementationfor streamingmultimediadatain
a mannerthat is resilientto paclet loss and adaptve to varying
network conditions. Section4 discussegxperimentsthatwe per
formed with our streamingsystemthat demongrate situationsin
which selectve reliability can provide considerablebenefit. We
discusgelatedprojectsin Section5 andconcludein Section6.

2. MODEL

In this section, we develop the casefor selectivereliability,
wherebycertain portions of an MPEG-4 bitstreamcan be trans-
mittedreliably.

Priorwork hasproposedprotocds thatuseselectve retransmis-
sionfor recovering from bit errors[36]. Othershave gatherecem-
pirical dataon the effect of transmittingMPEG video over the In-
ternet[11]. In ourwork, we derive agenerl padetlossmodelthat
explainsthe quality degradationof MPEG-4in the faceof paclet
loss as seenon the Internet, validate our paclet loss model with
experimentsandshawv throughanalysisand experimentshow our
systemprovides performarte benefits. This sectionpresentsour
paclet loss model and quantifiesthe benefitsof selectve retrans-
missionfor pacletlossrecovery.

We describethe problemin detail, presentan analysisof video
quality in the presencef paclet loss,make a quantitatve casefor
selectve reliability, andarguehow selectve reliability canbe used
in conjunctionwith otherlossrecovery techniques.

2.1 Problem Description

We startwith a descriptionof the MPEG-4 video compression
standard then analyzethe quality degradationcausedby paclet
loss. We focus on whole paclet erasuresmodeling congestion-
relatedloss,ratherthanbit corruption

2.1.1 MPEG-4Badground

The MPEG-4compresion standardachiezes high compression
ratiosby exploiting both spatialandtemporalredundgng in video
sequence. While spatialredunding/ can be exploited by simply
codingeachframeseparatelyjustasit is exploitedin still images),
mary video sequencegxhibit temporalredunding/, astwo con-
secutve framesareoften very similar. An MPEG bitstreamtakes
adwantage of this by usingthreetypesof frames

“-V OPs” or “I-frames” are intra-codedimages, codedinde-
pendetly of otherframesin a mannersimilar to a JPEGimage.
Thesearerefelenceframesanddo notexploit temporaredurdang.
MPEG usestwo typesof dependat frames: predictively coded
frames (“P-VOPs” or “P-frames”), and bi-directionally coded
frames(“B-V OPs” or “B-frames”). P-framesare codedpredic-
tively from the closestprevious referenceframe (eitheran I-frame
or a precedingP-frame),and B-framesare codedbi-directionally
from the precedingandsucceedingeferencerames.

2.1.2 Error Propagation

The ability to successflly decodea compresseditstreamwith
inter-frame depen@nciesdependsheaily on the receiptof refer
enceframes(i.e., |-frames,andto alessemdegreeP-frames) While
thelossof oneor morepaclets in aframecandegradeits quality,
the more problenatic situationis the propagatiorof errorsto de-
pendenframes.An exampleof errorpropagtionis shavn in Fig-
uresl and2; the rectangulapatchnearthe bottomof Figurel is
theresultof asinglelossin anl-frame(nolocal errorconcedment
is donein this example). This error spreadgo neightoring frames
aswell, asshawvn in Figure 2 which depenis on several preceding
differentially codedframes.

Figure 3 shavs the evolution of frame-by-framePSNR for the
luminance(i.e.,“Y") componat asa function of the original raw
frame numberfor various paclet loss rates. The evolution for a

1

In fact, MPEG-4 codeseachindepen@nt objectwithin a frame
asa“V OP”, or “video objectplane”,but for simplicity andwith-
out lossof generality we will usethetermsframeandVOP in-
terchangeal.

PeakSignalto NoiseRatio (PSNR)is a coarseandcontroversial
indicator of picture quality thatis derived from the root mean
squarecerror(RMSE). The PSNRfor adegradedV; x N» 8-bit
imagef’ from theoriginalimagef is computedby the formula
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Figure 1. I-Frame #48 from the “coastguard” stream with
packetloss.Y PSNR:21.99569
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Figure 3: Y PSNRvaluesmeasured againstthe original frames
with varying degreesof packet loss. As the packet lossrate
increasesthe frame-by-frame PSNRdrops dramatically, thus
lowering the fraction of frames receved which are suitable for
display.

decodedbitstreamwith no paclet lossis alsoincludedasa base-
line. As the paclet lossrateincreasesthe quality (in PSNR)of
anincreasinghumberof the decodd framesbecomegoo poorfor
viewing. We generalizethis in Figure4 by averagingthe obsened
frame rate over time for a given video sequence If we assume
thatthe viewer canonly tolerateframesthat are at leasta certain
PSNRquality, andthatframeshbelov sucha quality arenot pleas-
ing to view, we canshav how pacletlosseslegradeframerate. We
modelthisin Section2.2.

2.2 Packet LossModel

We now analyzethe effectsof paclet lossonthe obseredframe
rateattherecever. Usingtheseresultswe arguethatundercertain
circumstanceselectve reliability canimprove the quality of the
recevedbitstream.

Ourmodelis basedon two premisesThefirstis thatpaclet loss

Figure 2: B-Frame #65 from “coastguard” stream showing
propagationof errors. Y PSNR: 17.538315
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Figure 4: Average PSNR over 100 secondsof 30 fps video as
a function of the packet lossrate. As the packet lossrate in-
creasesthe overall quality of the bitstr eamseverely degrades.

will resultin degradationof quality of the video streamat the re-
cewer; i.e., thatthereis somesignalloss causedby the lossof a
paclet. Thisis truein generalunlesspaclet-level FEC or erasure
codesareextensiely used(but noticethatsuchmechanismslo re-
ducetheeffective bitrateof the transmission)The secondoremise
is that, belov a certainPSNRIevel, framesare not viewable by
users. While it is true that PSNRdoesnot necessarilyaccurately
model perceptuabuality, it hasbeenextensively usedin the liter-
ature. Becausehe viewability thresholdvariesfrom sequenceo
sequencewe perform our analysisfor several PSNRthresholds.
We notethatthis generalmethodcanbe usedfor ary quality met-
ric, notjustPSNR.

2.2.1 ExpeimentalReslts

To betterunderstandhow paclet lossaffectsthe quality of video
recevedby aclient,wewill firstlook athow pacletlossaffectsthe
averagePSNRof avideo sequenceln additionto PSNR thequal-
ity of deliveredvideo dependson the framerate which is therate
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Figure5: The effectsof packet losson frame rate.

atwhich frameswhosePSNRis above somethresholds playedat
therecever.

Figure4 shavs how increasingpaclet lossratesgreatlydegrade
the overall quality of the receved pictures.In this experimentrun
on the “coastguard”stream,paclets were artificially droppel ac-
cordingto a Bernoulli processat eachlossrate,rangingfrom 2~ 10
to 272 in powersof two. The vertical error barsplot the standard
deviation of receved PSNRacross100 secondf a 30 fps video
sequence.PSNRvaluesof smallerthan 20 dB are generallyun-
viewable,which meansthatevenindividual framesarenot partic-
ularly usefulwithout a correctionmechaism at paclet lossrates
largerthan2~8.

Figure5 shawvs the measuredesultsof theresultingframerates
as a function of the paclet loss rate, with one curve per PSNR
threshold.For the “coastguart] streamwe measureéhe numbe of
framesper secondon average thatareabove a setPSNRthresh-
old andplot it asa function of the Bernoulli paclet lossrate. As
the picturequality thresholdincreasegor a given paclet lossrate,
the numberof acceptake framesin the sequace (the framerate)
decreased-or a given picturequality threshold anincreasen the
pacletlossrateresultsin aconsiderale reductionin theframerate.
This graphshows thatasthe paclet lossratep increasestheframe
ratedegracesrougty as f(p) = a(1 — p)° for someconstars «
andc.

To understandetterhow pacletlossaffectsframerate,we have
developeda simple analytic model to explain theseresults. We
find thattheanalyticmodelmatcheghe experimentakesultsrather
well.

2.2.2 AnalyticModel

Ourgoalis to derive arelationshipbetweerthe paclet lossratep
andtheobsenedframerate f. Whencalculatingthe framerate, f,
we assumehatif the quality of a frame(i.e., PSNR)falls beneath
a certainthreshold thenthe frameis “dropped. We expressthe
obsered framerate f as f,(1 — ¢), where¢ is the “frame drop
rate”, the fraction of framesdroppel, and f, is the framerate of
theoriginal bitstreamin framespersecom (e.g.,30fps).

Theframedroprate¢ is a sumof condtional probalilities:

¢ = D_P(f)-P(FIf:) @)

wherei runsoverthethreepossibleframetypes(l, P, andB), andF
representthe eventthata frameis “useless’becaseit falls belov

Figure 6: Frame dependenciesin an MPEG bitstream.

a certainquality threshold. f; is the event thatthe correspading
frameis of type:. Thea priori probalilities P(f;) canbe deter
mined directly from the fractionsof bitstreamdataof eachframe
type.

Next, we expressthe conditionalprobalilities P(F|f;) for each
frametype f;. We do this underthe simplifying assumptiorthatif
evenonepaclet within aframeis lost (or the effectsof onepaclet
loss from a referenceframe are seen),that the frame is rendered
uselesgrelaxingthis assumptiommakesthe analysismorecompli-
cated althoudh the generaform of theresultdoesnot chang). In
this case determiningP(F|I) is simply a Bernoulli randomvari-
able, expressibleasone minusthe probalility thatno paclets are
lostwithin thel-frame. Thus,

P(FII) = 1-(1-p)7 )

whereS; is thenumbe of paclets on averagein anl-frame,andp
is thepaclet lossrate.

The conditionalprobalilities for P andB framesare someavhat
moreinvolved,andrequireanunderstading of theinter-framede-
pendemiesin MPEGvideo. Thesedepermenciesareshavn in Fig-
ure 6. Every P-framedependson the precedingl or P framein
the “group of video objectplanes”(GOV), andevery B-framede-
pendson the surroundingtwo referenceframes(the closesttwo |
or P framesthat surrourd it). Thus,the successfudecodingof a
P-framedepenson all | andP framesthatprecedet in the GOV,
andthe successfudecodirg of a B-framedepend on the success-
ful decodingof the surroundingreferenceframes,which implies
the successfubdecodingof all precedingl and P framesand the
succeeding or P frame. Thesedependaciescanbe expressedn
thefollowing relationships:

Np

P(F|P) = NLP (1-—p7sse) @)
k=
Np

P(F|B) < NLPZ(I—(l—p)SI+(k+1)SP+sB> @)
k=1

Here,Sp is theaveragenumberof pacletsin a P-frame,Np is the
numberof P-framesn a GOV, and Sg the numberof pacletsin a
B-frame. Thesesimplify to thefollowing closedform expressims:

_ )51
P(FIP) = 1- Np (1(1_ (f)_ p)SP) (1 - _P)SPNP)(E’)
_ _ »\S1t+Sp+SB
PFIB) < 1- i (1- - )

We can then obtain an expressionfor ¢ using equationsl, 2,
5, and 6. Given this expressia for ¢, we candeterminef =
fo(1 — ¢), givenvaluesof Np, Si, Sp, Sg, and f,. We have
graphedthis curwe in Figure5 usingthe parametersf the “coast-
guard” bitstreamwe usedin our experiments;our modelmatches
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Figure 7: The effects of recovering referenceframe data on
frame rate. By recovering packet lossesn I-frames, the frame
rate for a given acceptablequality can be increasedup to 3
times. This graph also shows that recovering all P-framesis
roughly aseffective asrecovering only I-frame data.

theexperimentakesultsratherclosely

Thisresultcanby extendedto derive analyticalresultsfor lower
PSNRthresholdsassuminghatthereis arelationshipbetweerthe
numberof pacletslostin aparticularframeandPSNRdegraddion.
Insteadof performingthe calculationsso that one paclet lossre-
sultsin a“useless”paclet, we cangeneralizeo allow for n losses,
with alargervalueof n correspoding to alowerthresholdPSNR.

2.3 Selectve Reliability is Beneficial

We have establishedhat paclet loss substatially affects the
framerate of a receved video sequace andwould like to some-
how recover someof thesepacletlossesWhile it would be prefer
ableto be ableto recover all paclets, the lateng of the network,
aswell ashandwvidth constraintslimit this possibility Fortunately
thestructureof an MPEG-4bitstreamallows usto capitalizeon the
notionthatsomedatais moreimportantthatothers.By judiciously
recovering someof the more importantdatain the bitstream,we
cansubstantiallyincreasehe obseredframerate.

Figure 7 shaws the effects of recovering lost I-frame paclets
via retransmissionsn the effective frame rate for a given PSNR
thresholdof 20 dB. Recwering I-frame datacanincreasethe ef-
fective frameratesignificantly in somecasesy up to threetimes
theframeratewithoutrecovery. Oneuppercurve shaws theeffects
of recoveringonly I-frame data,whereaghe othercurve shavs the
effectsof recovering only P-framedata. In both casesthe frame
rateis significantlyincreasedthis shawvs thatrecovering only the
I-frame pacletsin a groupof picturesresultsin comparablegains
to recovering all P-framedataacrossa group of pictures. There-
fore, by recovering eitherthe I-frame dataor the P-framedatavia
selectve reliability, it is possibleto significantlyimprove the qual-
ity of receved video—thereis no real needto recover all missing
paclets. Furthermorerecovering missingB-frame pacletsis not
particularlyuseful.

3. SYSTEM ARCHITECTURE

In thissectionwe describeourarchitecturdor unicaststreaming
of MPEG-4videothatimplementdechniquedor selectve reliabil-
ity andbandwidthadaptationThis architecturdhasbeendeveloped
asthebasisfor next-generatiorstreamingystemsuchasthe DivX

0 1 2 3
01234567890123456789012345678901

\% ‘P‘X‘ CcC ‘M‘ PayloadType‘ Sequence Number

Timestamp

Synchronization Source (SSRC) Identifier

Zeros ‘ length of extension (words)
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ADU length (bytes)
ADU offset (bytes)
Priority Layer Number

Figure9: SR-RTP headerfor selectvereliability.

Networksplatform[17]. We have recentlyintegratedour library to
enablevideo streamingusing SR-RTP in mplayer [38] with mini-
mal changedgo thedistribution.

3.1 Overview

Figure 8 shavs the componats of our system. The sener lis-
tensfor request®nanRTSP [49] port, establishesessiorparame-
tersvia SDP[24], andstreamgequestediatato theclientvia RTP
(overUDP)[48] thathasbeenextendedo supportapplication-leel
framing(ALF) andselectve reliability. Feedbacks providedto the
sener at the RTP layer via RTCP recever reports,andthe sener
adjuststhe congestionwindow sizeusingthe CongestiorManager
(CM) [4]. TheCM implementsa TCP-friendlycongestiorcontrol
algorithmfor the MPEG-4streamsand providesan API by which
the sener adaptgo prevailing network conditions.

Our system supports backwards-compatible extensions to
RTP/RTCPthatallow for the application-leel framing of the data
with Application DataUnits (ADUs) [16]. ADUs enablefragmen-
tation and reassemblyof indepenantly processibleunits of data
andalsomalke selectve recovery of application-speific dataunits
possibleattherecever. For MPEG-4,oneframeof thecompressed
video bitstreamcorrespond to one ADU. The SR-RTP layer di-
videsthedatato be sentinto ADUs accordingto framebourdaries.
The senderpacletizestheseADUs, which arereassembletly the
recever and passedo the applicationlayer for decodirg oncethe
completeframe hasbeenreceved. An ADU may involve multi-
ple paclets (i.e., ADU fragments).Eachis uniquelynamedby its
ADU sequerenumberandbyte offsetwithin thatADU in orderto
efficiently requestaindperformselectve retransmissions.

3.2 Loss-resilience

We have extendedRTP to provide selectve reliability. Each
video frame is an ADU; we specify information such as the se-
guencenumberof that ADU in the header Additionally, shoud
an ADU not fit within onepaclet (e.g.,for I-frames),we provide
a mechaism for specifyingthe byte offset within an ADU. The
lengthof the ADU is alsocontainedwithin the extensionheader

The sener pacletizesthe video (in the caseof MPEG-4, the
bitstreamis pacletized on resynchionizationmarker bourdaries),
labelsthe paclets with ADU sequere numbersand offsets,and
sendghe RTP pacletsover UDP. Thesesemanticsllow the client
toreassembléhepacletandto determinef any datais missing.On
receving apaclet, theclientsendsackan ACK to therecever, ac-
knowledgng thesuccessflreceiptof anADU (or portionthereof).
Alternatively, the client cansenda retransmissiomequestequest-
ing retransmissiomnf a specificportion of the bitstream.



‘ MPEG Server |
loss rates, callbacks  data loss/RTT/request;
RTTs

loss/RTT/requests

RTSP A
|_MPEG Client
Internet 5
data

RTP

\ c™m | [ RTPIRTCH

[ RTP/IRTCH

Figure 8: Systemarchitecture. Feedbackis sentto the streaming application via RTCP, which is usedto appropriately adjust the

transmissionrate.
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Figure 10: SR-RTCP Recever Report for selectvereliability.

3.2.1 Header Formats

Figure 9 shaws the extendel RTP heademwith extensionto en-
able selectve retransmissiorof lost paclets. The first 12 bytes
of the paclet are identical to the RTP heade format specifica-
tion [48]. Additionally, we have provided a genericselectiely re-
liable RTP (SR-RTP) extensionthat providesfor application-leel
framing (ALF) [16] aswell asselectve reliability. The Zemsfield
is a field thatis requiredby the standardto allow multiple inter-
operatingimplementationgo operatendepenantly with different
headerextensiors; we setthisto all zeros.

The ADU sequencenumberfield uniquely identifiesthe ADU;
in the caseof MPEG-4video,oneframecorrespondto one ADU,
sothis is equivalentto a framenumber The ADU lengthfield in-
dicatesthe numberof bytescontainel within that particularADU;
this allows the transportlayerto detectmissingpaclets at the end
of anADU. The ADU offsetuniquely identifiesone packet within
anADU andallows for reassemblyf a pacletwhenreorderingoc-
curs. The heademprovidesa Priority field thatallows thetransport
layerto specifytherelativeimportanceof paclets. In particular for
the purpcsesof our experimentswe mark MPEG-41-frameswith
ahigh priority sothataretransmissiomequests senton anl-frame
loss but not a P-frameor B-frameloss. The Layer field is used
when transmittinglayeredvideo to specify the layer of video to
which the paclet correspods;this featurecanbe usedto calculate
playouttimes,in decodingor for cachingpurposes.

Figurel0shavsanSR-RTCPreceverreport,largelythesameas
anRTCPreceverreport,but with profile-specifieextensionsadded
to the end of the header The Lengthfield indicateshov mary
requests$o expectatthe endof the headerThefirst 16 bytesof the
extensionsene asanACK to thesendelacknavledging thereceipt

of a particularADU fragmentandreportthe currentwindow size
of thereceverfor flow controlpurposesOptionally, thereportcan
includeoneor moreADU reqLess, of 12 byteseachtheserequests
uniquelyidentify the ADU fragmentthatis to beretransmitted.

3.2.2 LossDetectionandRecweryDecisions

UsingSR-RTP, thereceverdetectgacletlossby finding gapsin
paclet arrivals, which canbe determinedgiven informationabout
the length of eachADU and the offset of eachpaclet within an
ADU. We assumehatI-framesconsistsolely of intra-codedmac-
roblocks,andpredictedframesconsistprimarily of predictedmac-
roblocks. In sucha situation, the priority for retransmissiorof
missingblocksis generallydeterminedrom surrourding blocks.
Specifically thereare four casesof paclet lossthat mustbe de-
tected:

e Mid-frameloss. A mid-framelossis detectedy detectinga
gapin thereconstructed\DU. The priorities of the missing
pacletsareequalto the priority of the surroundingpaclets.
In the eventthatsurroundilg pacletsin the sameADU have
differing priorities, the highestpriority is assumedor the
missingportion.

o Start-of-flameloss. A startof framelossis detectedn asim-
ilar fashionto a mid-frameloss. If the first paclket received
for aparticularADU hasa norzerooffset,alosswill bede-
tectedatthe startof theframewith priority for thosepaclets
equalto thosethatfollow thegap.

e End-of-fameloss. If the numbe of bytesin a particular
ADU is lessthanthe reportedlength for that ADU, andno
gapsexist in thereceved data,a losswill be detectedhtthe
endof theframewith priority for thosepacletsequalto those
thatprecadethe gap.

e Completeframeloss. A completeframe loss can be de-
tectedby a gapin the ADU sequere numberspace. In
this case,our systemforegoesary retransmission®f that
framesdata.Thelikelihoodthatalostframeis anl-frameis
verylow sincel-framesarelarge; becausef thesizeof anl-
frame,completeretransmissioiis alsoexpensve andshoud
beavoidedin general.

Usingthis logic, SR-RTP detectgpaclet lossand optionally re-
questsretransmissiorof ADU gapsbasedon the determinedpri-
ority of thelost region. As a simple scenario priorities could be
assigneduchthatmissingl-framepacletsareretransmittedyhile
othergapsin dataareignoredor correctedy postproessingtech-
nigues. A more complex retransmissiomolicy could assigndif-
ferentprioritiesto differentframes. For example,missingpaclets
from P-framesmightberetransmittedvith varyingpriorities,since
P-framedhatarecloserto the preceding-framearemorevaluatie
for preservingpicturequality thanlater P-framesn the GOV.
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Figure 11: Summary of SR-RTP API. The recever’'s API is
callback-based.

3.2.3 Implementation

We have implementedhe SR-RTP library, which enablesselec-
tive reliability and bandwidthadaptatiorusing CM, aswell asan
accompayiing RTSP [49] client/serer library which allows anap-
plication developer to easilylayer RTSPon top of SR-RTP. Soft-
wareis availablefrom theOpenDvX projectWebsite[42], aswell
asfrom our projectWebsite[53]. In this sectionwe describehown
anapplicationdeveloper canextendan existing applicationto sup-
port SR-RTP functionality aswe have done with mplayer [38].

While the SR-RTP library can be usedindepenéntly of the
RTSP library, streamingapplicationscommory useRTSPat the
applicationlayer Our auxiliary library thusmalesit easierto in-
corporateRTSPSR-RTP functionalityinto avideo playbackappli-
cationthatdoesnot supportstreaming.

The SR-RIP library is designedasa backwards-compatiblesx-
tensionto RTP [48], but hasincludedadditionalfunctionality for
permittingrecever-drivenretransmissiomequestgrom the sener,
appropriatelypacletizing databy frames,andsettingthe appropri-
atepriorities. Thelibrary is configuralte to work with or without
the CongestiorManagenCM) extensiongo theLinux kernel.

If thelibrary is configuredto interoperatevith CM, the library
will usefeedbak from SR-RTCP recever reportsto appropiately
adjustthe bandwidthand layer video quality appropriately Oth-
erwise, the library will suppat only the selectve retransmission
functionality, which doesnot requireCM to operate All functions
discussedtbelov have acorrespoding functioncall which performs
the equivalert functionality plus additional functions requiredto
supportbandwidthadaptatiorwith CM. Figure1l summarizeshe
callsthataredescribedn furtherdetailbelow.

The senderand recever initialize the channel by invoking
srrtp_create_channel (). An SR-RTPlistenercanbindto alis-
tening soclet by calling srrtp_-listen(), anda client connets
to this listeningsoclet usingsrrtp_connect (). Thesefunctions
establishconnectios on two ports, one for data,and onefor the
recever feedbackchannel,over which SR-RTCP recever reports
are sentfrom the recever backto the senderto provide lossand
round-triptime information.

Whenthe sendemwishesto senddatato therecever, it callsthe
srrtp_send() function,which expectsa buffer of datathatis in-
dependatly processibleby the application(i.e., an ADU). In the
caseof MPEG video transmissionfor example, this function is
called once per MPEG frame. This function subseqantly frag-
mentsthe frameinto paclets and labelseachpaclet in a fashion
thatthe applicationcanunderstad. Thatis, thetransportiayer at-
tachesheaderinformation suchasthe ADU sequencewumber as
well asthe offsetof thatparticularpaclet within anADU, thusen-
abling reassemblyf fragmentedADUs at the recever and detec-
tion of lostpaclets. Thesendercanalsooptionallygive aparticular
paclet priority value. Typically, all paclets within oneframewill
receve thesamepriority sothatthepriority of amissingpacletcan
be determinedrom surroundingpaclets.

After the sendethascompletelysentan ADU, it keepsrecently
sentpacletsin a retransmissiorbuffer. In the eventthat one or
more paclets mustbe retransmittedthe sende needonly find the

A A

Application Layer A A
srrtp_read(), S'Ttp_read_and_cancel ()

srrtp_app_notify()
3 (__L/ ADU with missing packets
SR-RTP Layer  Reassemoy urc N T

V

Complete ADUs in Reassembly Buffer

Figure 12: Reassemblyof ADUs at the SR-RTP enabledre-
ceiver. When a complete ADU arrives, SR-RTP makes an
srrtp_app_notify() callback to the application, which sub-
sequentlycalls srrtp_read() to readthe complete ADU into
the application’s memory. If playout time for an ADU oc-
curs before a complete ADU arri ves, the application makesan
srrtp_read_and_cancel() call to SR-RTP, which cancelsfur-
ther retransmit requestsfor that ADU.

pacletin its retransmissiomuffer andsendthe pacletagain.
As paclets arrive at the recever, they arereassemblech are-
assemblyuffer. At this point, oneof two thingscanhappe:

o theentireADU will arrive, or

e sectionsof the ADU will bemissing.

Figure 12 shavs how the recever reassemblepaclets into
ADUs for processindoy the applicationlayer. As soonasthe en-
tire ADU arrives at the recever, the srrtp_app-notify () call-
backis madeto the applicationlayer The applicationthenhan-
dleseachADU in anindepementfashion. In the caseof MPEG
video, an srrtp_app-notify() callbackimpliesthe arrival of a
completeMPEG video frame. At this point the applicationwill
first call the srrtp_read () functionto readthe given ADU from
the reassemblybuffer into the applicationmemory and will sub-
sequentlydecock this frame and place it into a playou buffer
for future display Generally when ary applicationreceves the
srrtp_app notify() callback,it will call srrtp_read() and
subseqeantly performary applicationspecificprocessig.

If sectionsof the ADU are missing, the recever will send
a data-drven requestto the senderasking for the retransmis-
sion of lost paclets. This operationis completelytranspaent
to the application Alternatively, the application can ask SR-
RTP to cancelary further retransmissiomrequestsby calling the
srrtp_read_and cancel() function. This function readsthe
specifiedADU from theretransmissiouffer andinformsthe SR-
RTP layeratthereceverthatit shouldnolongermalke ary retrans-
missionrequestgor thatparticularADU. Thismaycausesomelate
retransmission$o be sentbecauseof round-triptime delay; thus,
retransmissionshould be canceledapprodmately 1 RTT before
theframeis readto minimize futile retransmissions.

Bandwidthadaptationis performedusingthe CongestionMan-
ager(CM) extensiors to the Linux kernel[3, 5]. Bandwidthadap-
tationis performedby the sendeiif it suppats CM functionality—
notethatthereceiver doesnot needto supportCM to enableband-
width adaptatiorfor streamingvideo.

3.3 Recever Postprocessing

This sectionfocuses on the benefitsthat SR-RTP provides for
performingerror concealmenvia decodermostprocessingnd ar
guesthat

e SR-RTPisacomplemetaryschemehatcanbeusedin com-
binationwith othertechniquesand
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Figure 13: In sceneswith high motion, replacemissingtexture
with more appropriate pixels from the precedirg P-frame.
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Figure 14: Block Diagram. Exploit temporal dependenciego
achieve more accuratetexturereplacementn I-frames.

e SR-RTP helpsprovide informationaboutpaclet lossto the
applicationthat can be usedin performingothererror con-
cealmentechniques.

We propcse a postproessingroutine for performingtemporal
errorconcealmenof I-framesattherecever.

First, we describea conventional macroblockreplacemenap-
proachwheremissingmacroldocks arereplaced We find thatthis

approachwhile simple,doesnotwork well in high-motionscenes.

Becausemotion in video sequa&cestendsto be highly corre-
lated, however, we canmalke useof motion informationthat may
be presentin previous portionsof the bitstreamto reconstructhe
lostinformationin the currentl-frame. For scenesith highermo-
tion, we presentanalgorithmfor recovering I-framesthat exploits
bothtemporalcorrelationandthe motionvectorinformationin the
bitstream.

We assumehatthe locationof a paclet losswithin a given pic-
ture canbe detectedsincethis informationis provided by SR-RTP.
Mechanismf this flavor allow the transportiayerto detectwhen
a certainsegmentof datahasbeenlost andinform the application
of theselosses.

A simple approzh replacesthe missingmacroblocls with the
sameblocksfrom apreviousframe. Thisworkswell in low-motion
sequence®rwhenthelossoccursin auniformbackgroundregion.
In the event of high motion, however, simplemacroblockreplace-
mentis not acceptablebecausehe missingmacroblockdatawill
not correspondvell with the sameblocksin a previous frame. In
this case we mustsearchfor apprgriate correspading pixel val-
uesfor themissingmacroblocls. Fortunatelywith high probability
thebitstreamwill containmotionvectorsfor surroundimg pictures,
from which we can estimatethe motion that hasoccurredin the
region wherepaclet losshasoccurred.

MPEG-4usesmotion vectorsto estimatethe B-frame(s)imme-
diatelypriorto thegivenl-frame;motionvectorsalsoexist from the
precedingP-framefor theseB-frames.Usingthe availablemotion
vectorinformation, we can estimatethe motion that hasoccurred
betweerthis P-frame(which we will useto obtainthetexture data)
andthe given I-frame. For our experimerts, we usedthe motion
vectorsfrom the precedingP-frameto the precedingB-frame for
the correspoding macroblak andadjustits value accordinglyto
reconstructlatain the I-frame. We canthink of this asessentially
performingmotion compenston on the I-frame The conceptal

illustration of this methodis shawvn in Figure 13, and the corre-
spondingblock diagramis showvn in Figure 14 (a similar ideato
recover errorsin depenéntframeswasproposedn [22]).

In additionto knowledge abou thelocationof the errorandtex-
ture datafrom the precedingP-frame the decodr mustalsohave
accesdo relevart motioninformation. If this datais somehowost,
it canbe estimatedising spatialtechnigwes, suchasan averaging
of motionvectorsfor surroundirg macroblocls. Figurel4 assumes
thatmotioninformationis notlostandwe canperformtemporaler-
ror concealmentusingthe motion vectorsfrom P, _» to B,,_1 to
estimateahemotionvectorsM V' for P,_» to I,,. Themotionvec-
tors M V' arethenusedto locatethe relevanttexture datain B, _»
to usefor replacemenin I,,. This algorithmcanbe generalized
depenéhg on the numberof B-framesthat exist betweenl and P-
frames.

If too muchinformationis lost and lateng permits,it may be
betterto recover from errorsvia retransmissiomf the missingdata
usingthe selectve retransmissiomfeaturesof SR-RTP.

4. PERFORMANCE EVALUATION

We condicted experimentsto show that selectve reliability is
both a feasibleand beneficialmeansof improving the quality of
recevedvideo. Thevideosener (runningon a Pentium4 1.5GHz
Linux 2.2.18box) streamediatato the receier (a Pentiumll 233
MHz Linux 2.2.9box) acrossa 1.5 Mbps link, configuredusing
Dummynet[18].

We performedtwo lossrecovery experimentsusing 300 frames
of a 20 Kbps 30 fps sequene. To examinethe gainsof selectie
reliability for variouspaclet lossrateswe streamed00 framesof
a20Kbps30fpssequaceacrossal.5Mbps50mslink with vary-
ing paclet lossrates. We studiedthe performanceof SR-RTP for
variousbandwidthsby transmittingthis bitstreamacrossa 50 ms
link with a2~ 5 paclet lossrate. To emulateactuallinternetcondi-
tions,we useda 200 msround-triptime (RTT) link andintroduced
background Webcross-trafic usingthe SURGEtoolkit [7] to emu-
latethe varying network condtions thatanactualstreamingsener
might seein thefaceof competingWebtraffic onthelnternet.

4.1 Selectve Reliability

Our experimentsshav that selectve retransmissiorof I-frame
datacanresultin significantperformancegains. We presentour
findingsfrom experimentson anemulatedhetwork thatshawv con-
siderableperformarme improvementfor only a small amountof
buffering, and discussthe tradeof betweenreliability, interactv-
ity, andgenerabuffering requirements.

4.1.1 Bendits of Seletive Reliability

Usingthe 200 ms of initial buffering andthe buffering required
to combatroundtrip timejitter (actually in the caseof theseexper
iments,buffering for retransmissiomvasdwarfedby theamour of
bufferingrequiredto combatround-triptimejitter), we wereableto
achieve significantgainsin resultingvideo quality by performing
selectve retransmissionsf I-framedata.

Performing selectve recosery on important data within an
MPEG-4 bitstreamresultsin significant improvementsin per
ceptualquality. As mentionedin the previous section, different
amountsof buffering will allow for a variableamountof selectve
retransmissionFigure 15 shavs two curves: the bottomcurwe is
the resulting picture quality for various paclet loss rateswithout
performingselectie retransmissiorandtheupper curve shavsthe
corresponihg picturequality thatcanbe achiezed by usingselec-
tive retransmissionThis graphshavs the potentialfor quality gain
that exists undercertainconditiors. For otherquality thresholds,
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Figure 16: SR-RTP can provide benefitsfor channelsof vari-
ousbandwidths. This graph shows the effective frame rate for
various bandwidths using a fixed PSNRthr esholdof 25dB and
packet lossrate of 27°.

bitrates etc.,the benefitswill vary; neverthelessit is clearthatse-
lective reliability canbe a boon in certaincircumstances.These
resultsgenerdly correspod to our expectedresultsin Figure?7.

In a secondexperimen, we fixed the acceptale picture quality
at25 dB andthe paclet lossrateat2~ 5 andexaminedthe benefits
of selectve reliability for variousbandwidths.The resultsin Fig-
ure 16 shav thatselectve reliability canprovide significantframe
rateimprovemers at differentbandwidths

4.1.2 Buffer Requiements

Thereis afundametal tradeof betweernthe amountof reliabil-
ity obtainedvia retransmissiomndthe degreeof interactvity pos-
sible. For instancepneextremeis simply to transmitthe bitstream
over TCP;while this providescompletereliability, thedegreeof in-
teractvity is smallbecausef the delaysincurredwhile achieving
completereliability [34]. Smoothquality of arecevedvideosignal
dependon appropiate buffering. In particular recever buffering
mustbe large enoudh to (1) accoun for network jitter, (2) allow
timefor retransmissionf lostpaclets, and(3) enablequality adap-
tation[45]. Thebuffering requiredto courteractnetwork jitter is a
function of the variancein network delay wherethe instantaneosi
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Figure 17: The benefits of recever postprocessing Given
knowledge about the location of packet lossesin an I-frame,
which SR-RTP canprovide, the receiver can perform temporal
concealmenton I-frames to recover from packet lossand thus
alleviate propagationof errors, evenif selective retransmission
is not possible. This graph shows the gainsthat recever post-
processingcanprovide for I-frames fr om 3 differ entsequences:
coastguad, stefan and table

jitter j; canbeexpresseds|(A4; — A;—1) — (S; — Si—1)| [34,48].
Using this, the requiredbuffering to counteractnetwork jitter is
Bd;, whered; is smoothel jitter; smallervaluesof 3 reduceoverall
delay andlargervaluesdecreaseéhe likelihood of late (hence ef-
fectively lost) paclets. Buffering for retransmissioif lost paclets
alsodepend on the absolutenetwork round-triptime. Buffering
for quality adaptationdepend on the absolutetransmissiorrate.
A larger rate resultsin a larger bacloff in the event of a paclet
loss,andthusrequiresmorebuffering to sustainplayoutatthe cur-
rentlayer We have shavn thatrequiredQA bufferingis O(R) for
SQRT congestiorcontrolandO(R?) for AIMD [19].

The dominant factor deperms on the relation of the absolute
round-triptime to the RTT variane, aswell asthe absolutetrans-
missionrate. As the absoluteRTT becomedarge with respectio
RTT variance buffering dueto retransmissiomequestswill domi-
natebuffering requiredto counteraciitter, andvice versa.As the
absolutebitrate grows large, the amountof buffering requiredfor
QA will increaseusingmoreaggressie congestion control algo-
rithmssuchasAIMD alsoresultin morebufferingrequiredfor QA.

4.2 Recever Postprocessing

Figure17 summarizefiow usingtemporalpostprocesingatthe
recever to recover I-framescanresultin improved imagequality.
We examinethreedistinctinstancesf paclet lossin I-framesin
threeindepementvideo sequenes: coastguad, stefan andtable
(a table tennisscene). In certaincasesrecovery of I-frame data
canimprove the PSNRof thatreferencdrameby morethan2 dB.
While perfectrecovery via a schemdik e selectve retransmission
via SR-RTP allows for the highestpossiblequality at the decodey
in case®f highend-to-endateng, aschemesuchasrecever post-
processingallows for reasonale I-frame recovery to take place.
Evenif selectve retransmissioris not possible,SR-RTP canpro-
vide information regardinglossesto the decode and thus aid in
recever postprocssing.Thus,receier postproessingcanbeused
in combinationwith selectve retransmissioto improve thequality
of importantdatain compresse video,therebylimiting the effects
of errorpropagation.



5. RELATED WORK

MPEG-4 is the latest standardfor inter-frame compression
and storageof digital video from the Moving Picture Experts
Group([13, 20, 28, 31, 37]. Much prior work hasfocusedon the
transmissiorof MPEG video over networks. In the following sec-
tion, we outlinehow othercontributionsrelateto our work.

5.1 Media Transport

The Real-timeTransportProtocol (RTP) [48] is an end-to-end
protocolthatenableghetransporbf real-timestreamingdata. The
RealTime StreamingProtocol(RTSP [49] is anapplication-l@el
protocol that controlsthe delivery of datawith real-time proper
ties. RFC3016definesanRTP payloadformatfor MPEG-4for the
purposeof directly mappingMPEG-4Audio andVisualbitstreams
onto paclets without using the MPEG-4 Systemsstandard[30].
This specificationworks in concertwith SR-RTP, asit simply de-
finesthe mannerin which an MPEG-4 bitstreamcan be mapped
into paclets. Previous RFCsdefinepayloadformatsfor MPEG-1/2
videoandbundledMPEG-2video andaudiolayers[15, 27]. Early
work recogrized someof the challengs of streamingcompressed
video on the Internetand explored the useof RTP asa transport
protocolfor video[8]. We extendthis work by defininga frame-
work for ALF within RTP andimplementinga systemthatsuppaots
this principle.

Concurretwork proposeonemechanisnfor performingmul-
tiple selectve retransmissionef genericmediadata[12, 36]. This
work hasa differentgoal from our work asit is designedprimarily
for paclet lossresultingfrom bit errorsanddoesnotaddressecor-
ery from congestion-relategaclet loss. Otherwork describesan
extendedRTP profile thatallowsfor providing immediatefeedback
to thesendeusingRTCPreceverreports[40]. Thiswork comple-
mentsSR-RTP, which allows therecever to provide RTT andloss
informationto the sendewia frequentRTCPrecever reports.

Prior work usesfiltering techniques within the network to adapt
with congestion-relategaclet losson a besteffort network [26].
Otherspropcse using a rate-baseapproach similar to TFRC, to
control the rate of video transmissior{52]. Our systemusesthe
CongestiorManagerto adaptvideotransmissioratthe endhostin
accordancevith changng network conditions and usesa combi-
nationof retransmissionequestandpostproessingattherecever
to recover from congestiorrelatedpacletloss.

Rejaie et al. proposea quality adaptationschemeusing re-
ceiver buffering for AIMD-controlled transmissiornand playback
for hierarchically-encded video [44, 46]. We extend this work
andhave incorpaatedit into our systemasdescribedn [19].

5.2 Error and LossRecovery

Previouswork performederrorconcealmatin dependat frames
by replacing missing macrolbocks with a motion-compesated
block from a differentframe [22]. We usea similar ideato re-
cover I-framedata.Wahetal. have recentlysuneyedvariouserror
concealmetschemedor real-timeaudio and video transmission
andamuethaterrorrecovery via retransmissioris notfeasibledue
to theimposeddelay[54]. However, otherresearcherbave shavn
thatretransmissioganbeafeasibleoptionfor errorrecosery. Rhee
proposesretransmission-basedrorcontroltechnigqe withoutin-
curringadditionallateng by rearranginghe temporaldepen@ngy
of framessothata referencerameis referencedy its dependent
framesmuch later thanits display time, therebymaskingthe de-
lay in recovering lost paclets [47]. Anotherschemeusesplayou
buffering, conditiond retransmissiorrequests and various other
techniquedo alleviate the effects of paclet loss[41]. Our work
shavs how MPEG-4delivery canbe improved usingselectve re-
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transmissionandrecever postproessing.

Priorwork hasanalyzel MPEG-4sbuilt-in errorresiliencecapa-
bilities andexaminedpropagatiorof errorson aninter-framevideo
bitstreamwhenbit errorsoccur[23]. In contrastye examineprop-
agationof errorsdueto padetlossanddevelop amodelto describe
the effectsof theseerrors.

Forward error correction (FEC) been proposedin several
projectsas a meansfor providing error recosery and paclet re-
construction[9, 10]. An RTP payloadformat for paclet-level
FEC hasbeendefinedto achieve unesen error protectionof RTP-
encapsulatediata[33]. However, theseschemesely on the fact
thatthe FECinformationcontainedn onepaclet itself is not lost.
FEC-basedchemesddredundintinformation,which canpoten-
tially worsennetwork traffic andaggravate existing paclet loss.

Several schemesuse prioritization ideasto protectdataof high
importanceon lossy chamels. Quality assurancéayering (QAL)
protectshigh priority datawith FEC [39, 50]. One approat is
to usethe priorities associatedvith a bitstreamto provide error
protectionat the time of encodng [25]. This approachallocates
more bits to moreimportantinformation, suchasheaderand mo-
tion information,while allocatingfewer bits to textureinformation,
within a particularvideo paclet. Priority encodingtransmission
(PET)[1] is an approachfor sendingmessagesver a lossy net-
work basedon a specifiedprioritization scheme.It hasbeenused
to provide a mechanisnfor usingPETto createa hierarchicalen-
codingof MPEG-1videobitstreamg32].

Another approachto error concealments multiple description
coding (MDC) [14, 51], a joint sendetrecever approab for de-
signingtransforms This schemealividesthe bitstreaminto equally
important‘descriptions’; sothateachadditionaldescriptionis use-
ful in enharting the quality of thereceivedvideo.

6. CONCLUSION

In orderfor video streamingo succeedn the Internet,systems
mustaccountor theanomalie®f pacletlossandchangesn band-
width and delay that malke the delivery of real-timevideo on the
Internetchallenging We have analyzedthe effects of paclet loss
on the quality of MPEG-4video andpropcseda modelto explain
theseeffects. We have shavn that, by recovery of only the most
importantdatain the bitstream significantperformarce gainscan
be achieved without much additionalpenaltyin termsof lateng.
Finally, we have designeda systemthatemploys backwardscom-
patibleextensionsto RTP to enableselectve retransmissiomf im-
portantdatain conjurction with recever postprocesag anduses
the CongestiorManagerto performTCP-fiendly congestion con-
trol thatis more amenablédo the transmissiorof video. Through
the combinationof thesetechnigue, we have enableda streaming
systemthatis adaptve to changingconditionsand delivers high-
quality, highly-interactie video.
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