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Abstract

Video communicationover the Internetrequiresperformanceguarantegin termsof
limited pacletlossprobabilityandendto enddelay This papercompareswo possiblenet-
work scenariogor transmittingvideostreamssourceshapingcombinedwith smallbuffers
at the network nodesanddelay limited buffering in the network. It is shavn thatdueto
its simplicity and performancecomparableto buffering sourceshapingcan provide the
solutionfor efficient videotransmissiorin the Internet.

1 Introduction

The transmissiorof video traffic over large paclet switchednetworks like the Internetis still
a fundamatal problemof network design.First, video applicaionsrequirequality of service
guaanteedrom the network, in termsof limited paclet loss,endto enddelayanddelayvari-
ation. The accetablepaclet lossprobalility depadson the video coding schemeandis in
therangeof 10 °-103. The delay limitation depadson the applicaion. While in the case
of compuer to humanapplicdions delaycanbe up to several secomls, in the caseof human
to human apgications delay shouldbe kept belov 150 ms. Secad, the provisioning of the
requred quality at a network utilization aceptalbe for the opeator is a comgex issuedue
to the chaacteristicsof codal video streams. Consideringthe widely usedMPEG codng,
thetransmissin rateis charging in shortandlong time scales.Moreover, asa resultof data
compressiorthedistribution of the pacletlossesaffectsthe percepedvisual quality: multiple
padetlossin asingleframedecreaesthevisualqudity of the corresponhg picture,andthe
effect of apacletlossin anl framepropagatesto P andB frames.

Researctand developementefforts today addresghe problem of finding efficient traffic
cortrol solutionsthat supportvisual communcation and can be introdued with accetable
cost[3, 7]. Oneof the essentialuestionsis whethe to designnetworks with large buffers



at the network nodesor ratherusesmall buffers and sourceshapingwhentransmittingdelay
andloss sensitve video traffic (E.g.,[8, 9]). Intuitively, usinglarge buffers low padet loss
probability canbe provided even at high network utilization, but the cortrol of endto end
delay and delay variation hasto be solved. On the otherhand sourceshapingwith small
buffersatthe nodes bourdsthe delays but atthe price of increasegaclet lossprobalility .

Consideing the feasibility of the two solutions,shapinghasits adwantages, asit canbe
introduced gradwally, accading to theindividual apgdications’ neelsanddoes not requireary
supprt from the network. On the othe hand in networks with large buffers delay aware
scheluling andor jitter compensatiorhasto beintroduadatall the network nodesto limit the
endto enddelayandavoid theincreaseof burstinesof thetraffic streams.

In [9] theperformane of sourceshapingandbufferingis comparedfor networks providing
strict endto enddelay bounds. The papercompaestwo solutions. In one of them, source
shapng with the maxmum accetabledelay is apdied and nodes are equpped with small
buffers, performingso called padket scalebuffering [1]. In the othe solutionthe maximum
aceptabe delayis divided amorg the network nodes thusnodesperformburstscalebuffering
with buffer size defined by the per nodemaximum delay. Nodesapgy jitter compensation
for eat video streamto cortrol the burstinesf the stream. It is shovn thatin the termsof
padet losstraffic shapingis lessefficient in the caseof a singlenodemultiplexer, but in the
caseof long transmissiorpaths,whenthe maximumendto enddelayhasto be split amorg
mary nocdes,traffic shapingoutpaformsbuffering.

In this paper we further evaluate the performare of thesetwo solutions,conparingthe
distribution of lossesandtheir effect on the visual qudity of the receved video stream.The
paperis organizedasfollows. Thenext sectiondescribeshetwo network scenariogorsidered,
section3 presentssimulationresultsand discusseshe loss charateristics of the scenarios,
finally in section4 we condude our work.

2 System description

We considerthefollowing networking scenaio. On-linevideo streamshave to be transmitted
throuch a large paclet switchednetwork - specificdly, the Internet. We assumethatthe net-

work hasDiffServ[2] capailities, andthe transmisgin of video streamss not disturbedby

besteffort traffic.

We assumehat call admissiorcortrol is introduad for the video streamdo provide per
formane guaratees.Measuremet basedend-nale call admissiorcontrol solutionsthatlimit
thepadetlossprobaility of theaceptedstreamsvithoutarny network signalingor perstream
processingatthenodes areproposedn e.g.,[3 5].

While paclet lossis limited by the adrisson control, endto enddelayis limited by the
network architecturespecifially by the buffer sizesat the sourceshapersandnetwork nodes.

Theconsideedsystemis shavn in figure 1, consistingof the sourceandthe destinatiorof
the video stream the sourcecoder anddecaler, the transmissiorandreceptioncortrol units
thatcancontainsourceshape andplayout buffer anderrorcontrol codinganddecaling.
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Figure 1: Consideredetwork model

Source coding

The sourceggererateMPEG codal streamsthe mostcommonly usedencaling schene for
the storageandtransmissiorof videoinformation. In the MPEG streaminformationis stored
asasequeneof frames correspoding to asequaceof picturesin avideo,gengatedwith fix
time intervals. Compressions achieved by eliminatingthe spatialandtemporalredunéng/
of theinformationin theframes.Spatialredurdang is decrasedby intraframecodng of the
individual frames while temporalredundng is reduedby interframecodingbetwesnsubse-
quent frames.Thusthesequeneof framescorsist of intraframecodal frames(l frames),and
interframecoded predictal (P frames)andbidirectiondly predcted frames(B frames). The
subseqgentframesbetweertwo conseutive | framesform agroupof picture(GOP). The GOP
structureof the streamsanbe different,dependirg ontherequiredquality. A typical example
for thesequaceof framesis IBBPBBPBBPEB.

The streamis highly bursty, with fluctuaions on two timescales.The intraframecodng
compressesompex sceres with lessefficiency, and consequetly, the frame sizeschange
on the long term at the scenechanges. The interframecodingleadsto shortterm framesize
fluctuation,sincel framesareusuallysignificarily largerthanP framesandP framesarelarger
thanB frames.Thescaleof thefluctuaion is abaut afactorof 3 onthelong, andafactorof 10
ontheshortterm.

As a consegene of the codng scheme informationlossin the threeframe typeshas
different effect on the perceped visual qudity. The loss of datain an| frame propagtes
forward throughthe next GOPandbackvardto the lastP frame (affecting up to 14 framesif
the numbe of framesin anopenGOPIs 12). Meanwtile, the lossof datain a B frameonly
affectsthatparticularframe.

Sour ce shaping

Shgersusedatthe sourceglecreaetheframeto framefluctuation of the codedvideo stream.
The shape we usein thiswork is a singlebuffer leaky bucket, asit is provedto be optimalfor

networks with small buffers [8]. Framedeaving the encaler are storedin the shapetbuffer

andaretransmittedvith a given transmissiomate,whichis adjustedo provide losslessdelay
limited shaping Shageralgorithmsfor on-linevideostreamsarepropose in [6]. In this pager,

we applyalow comgexity solutionbasedn the shape buffer content,asdescibedin [4].



The algorithmto cortrol the shapertransmisgin rater aimsto minimize the maximum
andthe varianceof the transmissiorrate,is efficient for large rangeof endto enddelaylimit
and assiss real time opeaation asit haslow computationd comgexity and does not require
knowledge onthe GOPstructure.

Thealgorithmassumeshatthe shape candeted¢ thetype of thearriving frameandapgdies
thefollowing rulesto setthe shape rate.

The shaperrate canbe chargedat ary framearrival n. The lowest accepableshape rate
rmin(n) is calaulatedbasedbn theamouwnt of datain the buffer, b(n) andthe delaylimit d, as:

rmin(n) = —.

The shaperrateis increasedat ary framearrival if rpin(n) > r(n—1). Theshaperateis
deaeasedf rmn(n) < r(n— 1), thenew frameis of type | andthe buffer is emptybeforethe
framearrival. This rule is basedon the assumptiorthat small P or B framesdo not indicate
intensitychargein thevideostreamandis restrictedsincethedelaylimit of individual frames
in the buffer cannotbeensure. To decreaefluctudion, the shape rateis deaeasedyertly,

() = Fmin(N) J;r(n— 1) .
P andB framesenteing the shape whenthe buffer is emptyaretransmittedwith a ratesuch
thatthe frameleaves the buffer beforethe new framearrives,i.e., in oneframetime, in order
to preventthe shape from keepirg databeforelarger! andP framesarrive.

If shapingis not appliedthe sourcesendgthe individual framessmoothe over oneframe
timei.e.,40 msif theframerateis 25 framespersecom.

Node ar chitecture

Packet streamdeaving the sourcenodes are multiplexed at the network nodes. Two different
noce archite¢uresareconsidered

1. The output buffers at the nodes provide buffering for simultaneaisly arriving paclets
only (paclet scalebuffering). In this casethe buffer sizeis in the rangeof the ratio of
thelink sped andthe ped rateof the streams.

2. Theoutpu buffersarelargeto provide buffering for bursts(burstscalebuffering). The
buffer sizein this caseis limited by the maximumaccetableendto enddelayandthe
numter of hops on the transmissin path. Spedfically, it means maximizing the buffer
capaitiesby B; = %c, whered is themaxmumendto enddelay N thenumkber of nodes
onthetransmissiorpath,andc; thelink capacity atnodei [9]. It is assumedhatnodes
applyjitter compensationwhichmeansthatthedelay atthe networking nodesis exactly
d/N.

Shayng of the sourceshassomeadwentagescompaedto buffering insidethe network. i)
Shaing canbeintroduedgradudly acwordingto theapplicaions’ need andnodesinsidethe
network arenotaffected Bufferingwith delay limit requiresupdatingof all thenetwork nodes.
i) Furthermaoe, buffering with delaylimit requiresper streamdelay andjitter control at the
nodes,with streamspecificlimits, anthusis a sourceof network scalabilityproblems. In the
caseof sourceshapingheendnodeskeep trackof the delaycontrolandnetwork nodesdo not
performperstreamprocessing.



3 Performance evaluation

To compareshapinganddelaylimited buffering we compae the average pacletlossprobabili-
ties,the pacletlossdistributionamorg I, PandB frames theprobalility of consecutve padet
lossesandlossesn smallblocksof padets. The presentedesultsaresimulationresults,the
simulationtime wasbetweer2000 to 6000 secomsto have enaughlosseventseven in the
caseof lossprobabilities in theorder10-5.
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Figure2: Theconsideredetwork model,(a) with shapers(b) with buffering

The simulatednetwork mode is showvn in figure 2. The systemincludestraffic sources,
sourceshapersindamultiplexing node with asingleoutpu link. Two scenariosirecorsidered.
In scenarida) thenodesapgy sourceshapingwith delaylimited by themaximumaccetable
endto enddelay and the multiplexer provides a small buffer for padet scalebuffering. In
scerario (b) the sourcesarenot shape andthe accetableper node delay is allocatedto the
multiplexer buffer.

We presentesultsfor anMPEG-4videotrace atalk shov with anaverag rateof 540kbps.
Thetraceis approxmately 2700 second, thus67000 frameslong. The framesof the MPEG
traceare padketizedto 188 bytes, asgiven for the transportstreamin the MPEG-2 standard
[IEC61833]. The camcity of the outputlink is 22.5 Mbps. The size of the shaperbuffer
is determiné by the corsideredendto end delay limits, 20 ms and 40 ms, aceptablefor
real-timecommunication. Whenshapimg is usedthe buffer at the multiplexer storesup to 10
padetsto provide paclet scalebuffering. When instead delaylimited buffering is apgdied at
thenetwork nodes, we assume transmissiompathlengthof 10 nodes, resultingbuffer capaity
for 38 and66 paclets for delays of 20 msand40 msrespectiely.

Average packet loss probabilities

Firstweinvestigpte theaveragepadetlossprobaility of themultiplexed streamsasafunction
of theaverage load at the multiplexer, definedby theratio of the sumof the meanratesof the
streamso thelink transmissiorcapaity.

Figure3 shavs the averagepadet lossprobaility asafunctionof theloadfor endto end
delays of 20 ms and40 ms for both the shapé andthe bufferedtraces. Buffering resultsin
a lower average padet loss probability, the differenceis lessthan one order of magritude.
Corsideringan accetable padket loss probaility of 1075, the differen@ of the maximum
network loadwith shapirg andbuffering is 3—-8%dependingon the delaylimit.
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Packet loss probabilitiesin I, P and B frames

In addtion to theaveragepacletlossprobalility of thestreamst is worthwhileto evaluatethe
padetlossprobaility in individual frametypes,since,asa consegene of thecodingscheme
it affectsthe perceptedvisual quality.
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Figure 4: Relative paclet loss probabilityin I,P,B framesof the shapedand buffered streamsfor d =

40ms.

Figure4 shavs the padet lossprobalility in I, PandB framesrelative to the average loss
probability for the shap@ andbufferedsourcedor anendto enddelayof 40 ms. Thefigure
shaws that while in the caseof unshged sourceshe loss probaility in the | framesis the
highest,up to 100% above the averagelossprobalility andthatin the B framesis the lowest,



in the caseof shapé sourceghe loss probailities in the individual frametypesareroughly
the same. In the | framesthe deadeaseof loss probaility is arourd 60%. Consegently as
lossedn thel framehave a significart effect onthevisualqudity, traffic shapingmprovesthe
distribution of thelossesamongthe frametypes.

Consecutive packet loss

1.2

—— 20ms shaped
-- bufferedy
- 40ms shaped
bufferedy

N
N
e

=
=
.
|
|

R
I~
N
\
\
1
I

Expected loss burst length

- b k
N

/

/

\

v

\

o o
P

1.04-

1.02-

&.65 0.7 0.75 0.8 0.85 0.9 0.95 1
Average load

Figure5: Expectechumberof consecutie paclet losses.

Conseative padket lossesmight have a degrading effect on the visual quality, aslarger
partsof a picturehave to berecovered.Figure 5 shavs the expectednumbe of corsecutvely
lost paclets. In the caseof the shaped sourceshe expectedlossburstlengthis 1 for a load
up to 0.7-0.8,mearing, that single padet losseshappen in mostof the casesandincreases
astheloadincreaes. In the caseof buffered source the graphof the expectedburstlength
hasa U shape reacling a minimum of 1.08 corsecutve paclet lossesat an averageload of
appoximately 0.85 The shapeof the graphsfor the buffered casecan be explainedby the
burstinessof the sources.In the caseof low averageload a bursty streamsendingat a high
bitrate is probale to causea congestionperiod itself, andlooseall its paclets during that
period thuslossesendto ocaur in bursts. In the high load region the congestion periods get
longer whatexplainstheincreaein the expectedosshurstlengthfor boththe shapedandthe
bufferedstreams.

Consideing theprobalility of conseative pacletlossestheresultindicateghatin thecase
of buffering the probalility of two or more conseative padet lossess ordersof magnitua
higher thanin the caseof shapiry atlow or modest averageload

Lossesin packet blocks

This partevaluatesthe average numbe of padketslostin smallblocks of paclets. Theresults
help to investigate whethe forward error correctionsolutions,basedon block coding of a
nunberof pacletscanimprove the quality of thetransmission.
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Figure6: Probabilityof 1 pacletlossoutof 10 and20 pacletsfor d = 20 ms.

Figure6 shows the probaility thatout of 10 or 20 padketsonly 1 paclet, if ary, getslost
for anendto enddelayof 20 ms. Figure7 showns the sameprobaility for anendto enddelay
of 40 ms. For the shapedsourceghe probalility of loosing1 padketout of 10 or 20is closeto
1 ataloadupto 0.8,anddeceasesmstheloadincreasesThe graphsshawving the 1 out of 10
and20 padetlossprobaility for thebufferedsourcesowever have anupsidedovn U shape
in acordane with figure 5. Thusthe probalility of loosingmorethanl pacletoutof 10or 20
firstincressesastheaverageloadincreaseso reachits maximum of 0.73atanaverageload of
0.85 thendeaeasesasthe averageloadfurtherincreases.

Theresultsshav thatwith sourceshapingmaximum5% of the lossesaremultiple losses
in pacletblocks upto aloadof 0.8, compaedto 20—3% with buffering. It indicatesthatthat
while in the caseof buffering the high probalility of multiple lossesmakes error correction
codng inefficient, in the caseof shapng forward error correctionmight be usefulto improve
transmissiomuality in termsof residualpadketlossprobability.

4 Conclusion

In this paper we evaluatedthe feasibility andefficiency of sourceshapirg versusdelaylimited
buffering for thetransmissiorof delayandlosssensitve videotransmissiorover theinternet.
The extensive performane analysis, basedn simulation,providedthefollowing results.

e The avergye padket loss probalility canbe up to oneorde of magitudelower in the
caseof buffering atthe network nodes.

e The paclet lossdistibution amorg framesis unevenif sourceshapingis not applied
with high padketlossprobaility in thel frames.Souceshapingequdizestheperframe
pacletlossprobaliliti es.

e The probaility of corsecutve paclet lossescanbe ordersof magnitude lower in the
caseof sourceshapimgy, depadingon the averagelossprobalility .
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Figure7: Probabilityof 1 pacletlossoutof 10 and20 pacletsfor d = 40 ms.

e Theprobaility of multiple lossesn blocksof padetsis 4—-6timeslower with shaping
thanwith buffering, giving afair chanceof efficient forwarderrorcorrection.

The abore resultsindicatethat while the average padket loss might be higherin the case
of paclet scalebuffering comkined with traffic shaping dueto the changein the padet loss
distribution, the percepedvisualquality canbe closeto the onein networks with large buffers.
Corsideringthe feasibility of the two solutions,we believe that sourceshapingtogetrer with
smallbuffersatthe network nodes canprovide the solutionfor transmissiorof delay sensitve
video traffic in theInternet.
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