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Abstract—

TCP is widely usedby commercial video streaming sys-
tems. When a packet hasnot arri ved by its playbacktime, a
typical practice in thesecommercial systemis that the client
simply stops and waits for this packet, and then resumes
playback. This stop-and-wait playout strategy is easyto
implement. However, stopping playout due to late packet
arri vals rendersthe viewing experienceunsatisfactory. A
continuousplayout strategy, i.e.,continuing playout regard-
lessof late packet arri vals, alsoleadsto unsatisfactory view-
ing experience,since late packet arri vals causeglitches in
the playback. The performance of both the stop-and-wait
and the continuous playout strategiestherefore dependson
the fr equencyof late packet arri vals during the playback of
the video. In this paper, we develop discrete-time Mark ov
modelsto evaluate the performanceof live and storedvideo
streamingusing TCP. Wevalidate the modelsusing nssimu-
lations and experimentsconductedover the Inter net. Based
on the models,we provide guidelinesasto whenusing TCP
for streamingleadsto satisfactory performance.

I. INTRODUCTION

Therapidgrowth of network bandwidth,especiallythe
installmentof high-bandwidthservicessuchascablemo-
demanddigital subscribetoop (DSL) atresidenthouses,
makesvideostreamingnorepromisingthanever. A com-
monwisdomwith regardto videostreamings to useUDP
ratherthan TCP asthe transportprotocol. The mainrea-
sonfor notusing TCP s thatthe bacloff andretransmis-
sionin TCPcanleadto undesirablend-to-endielaysthat
violatethetimelinesgequirementor streamingWe refer
to a paclet arriving later thanits playbacktime asa late
padet UDP doesnot have theissueof late pacletssince
it doesnot have a bacloff or retransmissiomechanism.
However, two otherissuespamelysatisfyingTCP friend-
linessand loss recavery, have to be solved when using
UDP for streaming. TCP friendlinessis importantsince
TCPis largely responsibldor the stability of the network
andit is desirablefor network trafc to reactto conges-
tion in a TCP-friendlymannern orderto avoid network
collapse[1l]. Lossrecovery is neededsince UDP does
not provide reliability andlossesin a stream,especially
of headelinformation,canrendera segmentof video un-

viewable.

AlthoughbothTCPandUDP have disadwantagesvhen
used for video streaming, there have been a greater
amountof researchon using UDP for streaming. This
is becausdJDP providesmaore e xibility to higherlevel
protocolsthan TCRP. When using UDP, rate control and
loss recovery stratgies can be exploited by higher lay-
ersto achieve TCP friendlinessandrecover loss. Reduc-
ing the numberof late pacletswhile usingTCP, however,
seemdyeyondthe controlof higherlayer protocols since
they arecausedy the congestiorcontrolandavoidance
mechanism&mbeddedn TCPR Thereforejt appearshat
the problemsarisingwhenusing TCP for streamingare
moredif cult to overcomethanthosewhenusingUDP.

Despitethe dif culties, using TCP for streaminghas
obvious adwantages. First, TCP is by de nition TCP
friendly. Secondeliabletransmissiorprovided by TCP
removestheneedfor lossrecovery at higherlevels. These
adwantagesmotivate sereral efforts on using TCP for
streaming[2], [3], [4], [5]. A commoncharacteristic
of theseefforts is that they combineclient-side buffer-
ing andrate adaptationtogetherto dealwith the variabil-
ity in the available TCP throughput. Client-sidebuffer-
ing prefetcheslatainto the client buffer by introducinga
startupdelayin orderto absorbshort-term uctuationsin
the TCP throughput. Rate adaptatioradjuststhe bitrate
(or quality) of the video in orderto dealwith long-term

uctuations. In [2], [3], rate adaptatiorrequiresprioriti-

zationto be associatedvith variousframesin the video
in orderto controlthe framerate. In [4], [5], rateadap-
tation is basedon the periodic feedbackfrom the client
on availablebandwidthandonly appliesto layeredvideo.
All of theabore schemeshowever, have limitations: pri-

oritization of video framesrequiresextra work at the ap-
plicationlevel andmay not be suitablefor live streaming;
the schemedasedon layeredvideosrestrictthe formats
of thevideosthatcanbe streamedisingTCPR.

Although thereare very few researchefforts on using
TCPfor videostreaming TCPis widely usedby commer
cial video streamingsystems. For instance,RealPlayer
usesT CPasthedefaulttransporprotocol[6]. Thesecom-



mercialsystemshowever, usuallydo not exploit sophis-
ticatedrate adaptationat the applicationlevel. Instead,
they usea simple stop-and-wait playoutstratgy to deal
with late paclets: whenlate pacletsareencounteredhe
client stopsfor the late paclets and then resumesplay-
back.Notrequiringrateadaptatiorattheapplicationevel

simpli es the designandimplementatiorof the commer

cial systemsHowever, stoppingplayoutdueto late pack-
etsrendergheviewing experienceunsatisactory A con-
tinuousplayoutstratgy, i.e., continuingplayoutregard-
lessof late paclets, alsoleadsto unsatisactory viewing

experience sincelate paclets causeglitchesin the play-

back. The performancef boththe stop-and-wit andthe
continuouplayoutstratgiesdepend®nthefrequenyg of

late pacletsduringthe playbackof thevideo.

In this paper we study the performancewhen using
TCP directly for streaming(i.e., without rate adaptation
at the applicationlevel). We aim to answertwo related
questions:(i) Whatis the performancenf using TCP di-
rectly for streaming?ii) Underwhatconditionsdoesthe
useof TCP provide satishctoryviewing experienceAn-
sweringthe above questionds importantin determining
whetherusing TCP directly for streamingis sufciently
goodandwhensomemoresophisticateanechanisniei-
therusing UDP or TCP with rateadaptation)s required
to achieve goodperformanceWe develop a discrete-time
Markov model for streamingusing TCP to answerthe
above questions. The modelis basedon the continuous
playoutstratgy and providesinsightsinto the stop-and-
wait playoutstratgy (seeSectionV-E). Our maincontri-
butionsare:

We develop modelsfor both live and stored video
streamingusing TCP to studythe effect of various
parametergi.e., lossrate,roundtrip time andtime-
outvaluein TCP aswell asthevideo playbackrate)
on the likelihood of late pacletsfor a startupdelay
on the order of seconds.The modelsare validated
usingns[7] simulationandinternetexperiments.
Usingthe model,we explore the parametespaceto
provide guidelinesasto whenusingTCPdirectly for
streamingeadsto a satishctoryperformance.

Therestof thepaperis organizedasfollows. Sectionll
presentdhe modelsfor live and storedvideo streaming
using TCR Validationof the modelsusingns simulations
andInternetexperimentss describedn Sectiondll and
IV respectiely. A performancetudybasednthemodels
is presentedn SectionV. Finally, SectionVI concludes
the paperandpresentguturework.

I[I. MODELS FOR STREAMING USING TCP

In this section,we describethe problemsettingand
then presentdiscrete-timeMarkov modelsfor live and
storedvideo streamingusing TCP. The key notationin-
troducedn this sectionis summarizedn Tablel for easy
reference.

A. Problemsetting

Considera client requestinga video from the sener.
Correspondingo therequestthesener streamghevideo
to theclientusingTCR. Throughouthe papeywe assume
thatthe averageT CPthroughpuis no lessthanthe band-
width of the video. This guaranteeghat, on average the
throughputprovided by TCP satis estherequiremenfor
streamingthe video. However, uctuationsin theinstan-
taneousT CP throughputcanstill leadto signi cant late
paclet arrivals. All the pacletsarriving earlierthantheir
playbacktimesare storedat the client's local buffer. We
assumethis local buffer is sufciently large so that no
pacletlossis causedy buffer over ow attheclientside.
This assumptioris reasonableince most machinesare
equippedvith alargeamountof storagenowvadays.

For simplicity, we considera CBR (constantbit rate)
video. The playbackrate of the videois paclets per
second.For simplicity, all pacletsareassumedo be of
the samesize. For analyticaltractability we assumeson-
tinuousplaybackat the client. Thatis, a client doesnot
stop and wait for a late paclet but plays backat a con-
stantrateof pacletspersecondA latepaclettherefore
leadsto a glitch during the playbackand causegerfor
mancedegradation. We are interestedn the fraction of
late padkets i.e., the probability thata paclet is late. In
SectionV-E, we discusshow the insightsobtainedfrom
our modelscanbe appliedto the stop-and-wait behaior
in thecommerciaktreamingsystems.

We study two forms of streamingthat corresponde-
spectvely to live andstoredvideo streamingn practice.
In live streaming,the sener generatevideo contentin
real time and is only able to transmitthe contentthat
hasalreadybeengeneratedT hetransmissions therefore
constrainedy the generatiorrate of the video at the ap-
plication level. Hencewe referto this form of streaming
asconstainedstreaming For a storedvideo, we assume
the sener transmitsthe video as fast as allowed by the
availableTCPbandwidthin orderto fully utilize theavail-
able TCP bandwidth. We referto this form of streaming
asunconstainedstreamingsincetheapplicationdoesnot
imposeary constrainton thetransmissionWe next illus-
tratethe characteristic®f constrainedand unconstrained
streaming.For easeof exposition,eachpaclet is associ-
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(a) Constrainedtreaming.

Fig. 1. VideostreamingusingTCP: Constrainedndunconstrainedtreaming.

atedwith a paclet sequencewumberandthe rst paclet
hassequencaumberof

Constraineastreamings illustratedin Fig. 1(a). With-
outlossof generalitywe assuméhe rst pacletis gener
atedattime . Later pacletsaregeneratedt a constant
rate equalto the playbackrate of the video. In the g-
ure, representshe numberof paclets generatedat
thesener by time . Then . At theclientside,
let denotethe numberof pacletsreachingthe client
by time . Sincethe TCP transmissioris constrainedy
the generatiorrate at the sener, we have

Denote to be the numberof paclets playedby the
clientby time . The playbackof the video commences
attime . Thatis, the startupdelayis seconds.Then

, . Obsenre that
A pacletarriving earlierthanits playbacktiimeis referred
to asanearly paket At time , let the numberof early

pacletsbe . Then . A ngyative
value of indicatesthat the paclet arrival is behind
the playbackby paclets. Since and

, we have .
Thatis, thereareatmost  early pacletsin constrained
streamingatary time , asshavnin Fig. 1(a). Thisobser
vationis to beusedin themodelfor constrainedgtreaming
laterin this section.

Unconstrainedtreamings illustratedin Fig. 1(b). As
shawvn in the gure, the paclet transmissions only lim-
ited by the available TCP throughputandno constraintis
imposedfrom the applicationlevel. Therefore the num-
ber of early paclets at time , , canbe larger than

indicates
in

As describedabore, a nggative value of
thatlatepacletsoccurattime . Weneedio model
orderto obtainthefractionof late paclets. Since

and is a simple linear function of ,
the maindif culty left is modeling . We usethethe
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(b) Unconstrainedtreaming.
| Notation | De nition |
Playbackrateof thevideo (packetspersecond)
Startupdelay(seconds)

Stateof the TCP sourcein the th round
Numberof pacletstransmittedsuccessfully
by TCPin the thround
Roundtrip time (seconds)
Lengthof thevideo(measuredh rounds)
Fractionof late paclets
Numberof early pacletsin the th round
Numberof late pacletsin the th round
Stateof the modelfor constrainedgtreaming
in the thround
Stateof the modelfor unconstrainedtreaming
in the thround
Probabilityof having at leastonelate paclet
in the thround

TABLE |

KEY NOTATION.

modelsin [8], [9] to describe  , asdiscussedbelow.

B. Modelfor TCPthroughput

TCP is a window-basedprotocol with several mech-
anismsusedto regulateits sendingrate in responsdo
network congestion. Timeoutand congestioravoidance
aretwo mechanismghat have signi cant impacton the
throughput.For completenessye give a brief description
of thesetwo mechanismsMore detaileddescriptioncan
befoundin [10]. For every pacletsentby thesource,TCP
startsaretransmissiotimerandwaitsfor anacknavledg-
mentfrom therecever. Theretransmissiotimer expires
(timeouts)whenthe ACK for the correspondingacletis
lost andthereareno triple duplicateACKs. Whentime-
out occurs,the paclet is retransmittedand the window
sizeis reducedto one. Furthermorethe retransmission
timer valuefor this retransmittegaclet is setto betwice



the previous timer value. This exponentialbacloff be-
havior continueauntil theretransmitteghacletis success-
fully acknavledged.In congestioravoidancethewindowv
sizeincreasedy onepaclet whenall pacletsin the cur
rentwindow areacknavledged.In mostversionsof TCR,
suchasTCP Renoand TCP Sack,thewindow sizeis re-
ducedby half whentriple duplicateACKs arereceved.
If timeoutoccursbeforereceving triple duplicateACKs,
thewindow sizeis reducedo one.

In [8], [9], the behaior of TCP is describedby a
discrete-timeMarkov model,whereeachtime unit is the
lengthof a“round”. A roundstartswith the back-to-back
transmissiorof  paclets,where is the currentsize
of TCP congestiorwindow. Onceall pacletsin the con-
gestionwindow are sent,no more paclets are sentuntil
ACKs for someor all of these pacletsarereceved.
The receptionof the ACKs marksthe endof the current
roundandthe beginning of the next round. Thelengthof
aroundis assumedo be a roundtrip time (RTT). Packet
lossesn differentroundsareassumedo be independent
and paclet lossesin the sameround are correlated:if a
paclet is lost, all remainingpaclets until the end of the
round are lost. Furthermorethe effect of lost ACKs is
regardedasignorable.

Let be a discrete-timeMarkov modelfor the
TCPsourcewhere s thestateof themodelin the th
round. Following the notationin [8], [9], is atuple:

, where isthewindow size
in the thround; modelsthedelayedACK behaior of
TCP( and indicatethe rst andthe sec-
ond of thetwo roundsrespectiely);  is the numberof
pacletslostin the thround; denotesvhetherthe
connectioris in atimeoutstateandthevalueof the back-
off exponentin the thround; indicatesf apaclet be-
ing sentin thetimeoutphasds a retransmissiof )
or a new paclet ( ). Denotethe numberof pack-
ets transmittedsuccessfullyoby TCP in the th roundas

. Then isdeterminecby and . Let be
the expectationof . We have

. The detailedde-
scriptionof how to compute canbefoundin [8], [9],
[11]. Thetotalnumberof pacletstransmittedsuccessfully
by TCPuptothe throundis

C. Modelsfor constainedandunconstainedstreaming

We now developdiscrete-timeviarkov modelsfor con-
strainedandunconstrainedtreaming Eachtime unit cor
respondgo the length of a round, which is assumedo
beaRTT of lengthas time units. We considera video
whoselengthis  rounds.The playbackrateof thevideo
is pacletsperround.

4

Let denotethe fraction of late paclets during the
playbackof the video. Our goalis to derive modelsfor
determining asa function of various systemparame-
ters(includingthelossrate,RTT, retransmissiotimerin
the TCP o w andthevideoplaybackrate).Let  denote
the numberof early pacletsin the th round,whichis a
discrete-timerersionof introducedearlier(seeSec-
tion 1l-A) and . For simplicity of notation,
we assumehe numberof pacletsplayedbackin around,

,tobeaninteger Let  bethenumberof latepaclets
in the th round. Then . Lettheex-
pectednumberof late pacletsin the th roundbe
Then

where is theprobabilityof having latepack-
etsin the th round. Thefractionof late pacletsis

1)

wherethe numeratoanddenominatocorrespondespec-
tively to the expectednumberof late pacletsthroughout
the playbackof the videoandthetotal numberof paclets
in thevideo.

In orderto obtain

,weintroduce tobe

(2)

canbe thoughtof asthe numberof paclets that the
paclet arrival falls behindthe playbackof the video in
the th round. Expression(2) follows directly from the

de nition of and . Weobtain as

)
Note that while the numberof late paclets  in the th
roundis at most canbelargerthan . When

, we have . Therefore,
Summarizingheabove, thefractionof latepacletscan
be obtainedfrom , . We next describe
the modelsfor constrainecand unconstrainedtreaming,
focusingonhow toderve  from themodels.
1) Constainedstreaming: Let beadiscrete-
time Markov modelfor constrainedstreamingwhere
is the stateof the modelin the th round. is atuple
representeds ,where and arethestateof
the TCP sourceandthe numberof earlypacletsin the th



. Then,asobsered
for

roundrespectiely. Let
earlier(seeSectionll-A),
Theevolutionof  follows

where is the numberof paclets transmittedsuccess-
fully by TCPin the th round. Observingthe fact that
for , the TCP sourcedoesnot
sendoutary pacletin the th roundif .
A detaileddescriptionof the statetransitionprobabilities
for theMarkov chain andthetimetakenfor each
statetransitioncanbefoundin [11].

Thefraction of late pacletsis computedrom (1). We
considervideos of lengthssigni cantly larger than the
RTT. In this case,the fraction of late paclets canbe ap-
proximatedoy takingthelengthof thevideo, ,toin nity.
Thatis, the fraction of late paclets canbe approximated
by the steadystateprobability

We solwe for the stateoccupanciesisingthe steadystate
analysisn the TANGRAM-II modelingtool [12].

2) Unconstained streaming: Let be a
discrete-timéMiarkov modelfor unconstrainedtreaming,
where is thestateof themodelin the th round.Here

only containsthe stateof the TCP sourcein the th
round,thatis, . Toreducethecomputatiorover
head the numberof early pacletsin the thround, ,is
excludedfrom the statespace. Instead,it is represented
by animpulsereward. An impulserewardassociatevith
a statetransitionis a genericmeansto de ne measuref
interest(see[13] for referencen reward models). We
associatean impulsereward of to a transitionfrom
state to state , de ned to bethediffer-
encebetweenthe numberof pacletsreceved andplayed
backduring this transition. Denotethe accumulationof
thisimpulserewardup to the throundas . Whenthe
transmissiorandplaybackboth startat time , is the
total numberof early pacletsin the th round. Sincethe
playbackstartsattime insteadof , thenumberof early
pacletsin the thround, ,hasthefollowing relationship
with

which providesa way to obtain ~ from the impulsere-
ward. The detaileddescriptionof theimpulserewardcan
befoundin [11].

The fraction of late paclets is computedfrom (1)
througha transientanalysisover the length of the video
using the TANGRAM-II modelingtool [12]. Note that

O

TCP
sources

HTTP

sources ' HTTP

" clients

Fig. 2. Validationsettingin ns Paclet lossesare causecby buffer
over ow onthelink fromrouter to

the fraction of late paclets dependsheaily on the posi-
tion of theround. Thisis because underthe assumption
thatthe averageTCP throughputis higherthanthe video
bandwidththe numberof early pacletsapproaches n-
ity and,hencethefractionof latepacletsapproaches as
thelengthof thevideogoesto in nity .

Denote asthe probability of having at leastonelate
pacletin the th round.Then

(4)

Let be the probability that at leastone late paclet
occursduringthe playbackof thevideo. Thatis,

Thisis adif cult quantityto computeexactly. As shavn
in [11], anupperboundon is

®)

In this section,we validatethe modelsfor constrained
and unconstrainedstreamingusing ns simulations|[7].
Thetopologyis shawvn in Fig. 2. Multiple TCPandHTTP
sourcesreconnectedo router andtheircorresponding
sinksconnectedo router . EachHTTP sourcecontains

connectionsThe HTTP trafc is generatedisingem-
pirical dataprovided by ns The bandwidthand queue
length of a link from a source/sinkto its corresponding
routerare Mbpsand pacletsrespectrely. The
propagatiordelayof thelink from asource/sinko its cor
respondingouteris uniformly distributedin ms.
Oneof the TCP ows is usedto streamvideo, referred
to asthe video stream.For this video stream denotethe
roundtrip propagatiordelayas ; the averagelossrate
as ; theRTT as andthevalueof the rst retransmis-
siontimer as . For simplicity, is roundedto be
amultiple of . We furtherde ne . Since

is basedon the averageand the varianceof round
trip times,  re ectsthevariationof the RTTs.

MODEL VALIDATION USING NSSIMULATIONS
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Fig.3. ConstrainesgtreamingThefractionof late pacletsversushe
startupdelayfor a -secondvideo.

Thelink fromrouter and formsabottleneckink
wherepacletlossesoccurdueto buffer over ow. We cre-
atedifferentsettingsby varyingthe bandwidth buffer size
andthe propagatiordelay of the bottlenecklink aswell
asthe numberof ows (TCP andHTTP) traversingthe
bottlenecklink. For eachsetting,we run multiple simu-
lations. For the purposeof late-packt modelvalidation,
whentheloss(pacletdrop)ratein themodelis , ideally,
thelossratefrom thesimulationshouldbe or veryclose
to . However, dueto therandomnes the background
trafc, thelossratefor thevideo streamin differentruns
mayvary signi cantly in a x edsetting.We thereforese-
lecttherunswith lossratein therangeof , Where

, for modelvalidation. (Recallthatour goalhere
is to validateour modelfor predictinglate-arrving pack-
etsfor a givenvalueof ). In eachsetting,we compare
theresultpredictedoy themodelto thatobtainedrom the
simulations.The con denceintenals for the simu-
lation areobtainedrom the selecteduns.

A. Modelvalidationfor constainedstreaming

We validatethe modelfor constrainedtreamingn four
settingsaslistedin Tablell. In thesesettingsthe number
of TCPsourcewariesfrom 6 to 10. Thenumberof HTTP

sourcess , or . Thebuffersizeofrouter ranges

from to paclets. The bandwidthof the link from
to is or Mbps. The propagationdelay from
to is or ms. ATCP ow is associatedvith a

CBRsourcefor videostreaming.Theplaybackrateof the
videois or pacletspersecondandeachpaclet is
bytes. Therefore the bandwidthof the videois
or Kbps. Thevariousparameteror thevideostream
arelistedin Tablell: Theroundtrip propagatiordelayis
or ms;thelossraterangesrom to ;
rangedrom to msand rangesfrom to .In
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Fig. 4. Unconstrainedtreaming:Thefractionof late pacletsversus
the video playbackrate for the startupdelay of 4 secondqa) and 6
secondgb).

eachsetting,the fraction of late paclets predictedoy the
modelis comparedo that from the simulation. We next
describehevalidationfor onesettingin detail;theresults
for othersettingsbeingsimilar.

In this setting, TCPsourcesand HTTP sources
areconnectedo router . Thevideo streamhasa play-
backrateof pacletspersecond.Theroundtrip propa-
gationdelayof this videostream, , is ms. We gen-
erate simulationruns.Eachrun lastsfor seconds.
We assumehe video lengthto be secondsgorre-
spondingto the entirelengthof a simulationrun. The av-
eragelossrateof all therunsis . We use
in the modelandselectrunswith lossratesin the range

of to for thereasorgivenearlier Amongthe
selected runs,thevaluesof and are closewith
the averageof msand respectiely. Thesevalues

areusedin the modelto obtainthe fraction of late pack-
ets. Fig. 3 depictsthe fraction of late pacletsversusthe
startupdelay predictedby the modeland obtainedfrom
the simulation. We obsere a good match betweenthe
modelandthe simulation.

B. Modelvalidationfor unconstainedstreaming

We validatethe modelfor unconstrainedgtreamingin
four settingsaslistedin Tablelll. A TCP o w is usedfor
unconstrainediideo streaming. The various parameters
of thisvideo stream(including , andthe average
throughputiareestimatedandlistedin Tablelll. Foreach
setting,we vary the playbackrate of the video andcom-
parethe resultsfrom the modelto thosefrom the simula-
tion. We next describeonesettingin detail;theresultsfor
othersettingsaresimilar.

In thissetting, TCPsourceand HTTP sourcesare
connectedo router . Wegenerate simulationruns.
Eachrun lastsfor seconds. We assumethe length
of thevideoto be  secondsgorrespondindo approx-
imately the initial secondf a simulationrun. The



# of sources Link fromrouter to Parametersf thevideostream
TCP | HTTP | Prop.delay(ms) | B.w. (Mbps) | Buffer (pkts) (persec)| (ms) | | (ms)]
10 40 40 3.7 50 25 120 0.019 210 2
6 30 40 3.7 50 25 120 0.0065| 210 2
7 40 5 3.7 100 25 50 0.004 280 3
6 15 5 5 80 50 50 0.0074| 160 4
TABLE I
CONSTRAINED STREAMING: VARIOUS SETTINGS FOR THE MODEL VALIDATION IN NS,
# of sources Link fromrouter to Parametersf thevideostream
TCP | HTTP | Prop.delay(ms) | B.w. (Mpbs) | Buffer (pkts) (ms) | | (ms)] | tptr. (pktspersec.)
9 40 40 3.7 50 120 0.022| 220 2 30.8
5 30 40 3.7 50 120 0.006 | 195 2 66.5
9 40 5 5 100 50 0.015| 162 3 46.1
5 30 5 5 100 50 0.014| 110 3 71.4
TABLE 11l
UNCONSTRAINED STREAMING: VARIOUS SETTINGS FOR THE MODEL VALIDATION IN nS.
averagelossrate of the video streamin the runsis 1 26+06
. We use in the model and selectthe
runswith lossrate between to . Therearea 1.2e+06 |
total of suchruns. For the selecteduns,the average
RTTand are msand respectiely; the average g ey
TCP throughputis paclets per second. We setthe 2 800000 | A [ \
playbackrate of the videoto be , and paclets g W f\‘ [] I \ | h |
persecondThatis, theavailableTCPthroughpuis £ 600000 Wf l, ‘W&ﬂ%&%%@% }@W@
, higherthanthe video playbackrate. Fig. 4(a) " M Wl i P ql ﬁi 1
and(b) depictthefractionof late pacletsfor variousplay- 400000 1 ] vl |
backrateswith startupdelaysof 4 and6 secondsespec- 200000 L.

tively. Both the resultspredictedby the modelandmea-
suredfrom the simulationare shavn in the gures. For
both startupdelays,the widths of the con dence inter
valsarelargefor low playbackratesanddecreasevith the
video playbackrate. The matchbetweenthe modeland
the simulationfor a startupdelayof secondds better
thanthatfor a startupdelayof secondsWe conjecture
thatthisis dueto thevariationin the RTT encounteredhy
thevideostreamwhich manifeststself moreprominently
for thestartupdelayof secondsn thesimulationandis
not capturedby themodel.
Forastartupdelayof secondsatplaybackratesof
and pacletspersecondthe probabilitiesof experi-
encingno late pacletsthroughoutan -secondvideoare
and respectiely from the simulation.The
upperboundsontheseprobabilitiesgivenby (5) are ,
and respectiely. Theupperboundsarenotvery
closeto thesimulationresults.Thisis likely dueto thein-
dependencassumptiorusedin deriving thebound[11].

IV. MODEL VALIDATION USING EXPERIMENTS OVER
THE INTERNET

In this section,we validatethe modelsfor constrained
and unconstrainedstreaming using experiments con-

0 500 1000 1500 2000 2500 3000
Time (sec)

Fig.5. TheTCPthroughpuif anexperimentfrom USCto theclient
in theresidenthousein Amherst,MA.

ductedover the Internet.In eachexperimentwe streama
videousingTCPfrom onesiteto anothersiteandusetcp-
dump[14] to capturethe paclet timestampsThe average
lossrate , averageRTT and  of thisTCP ow are
estimatedrom the tcpdumptraces.We useLinux-based
machinedor all the experiments.

A. Modelvalidationfor constainedstreaming

We rst focuson constrainedgtreaming A CBR video
is transmittedusingTCPfrom Universityof SoutherrCal-
ifornia (USC)to aclientin aresidenthousein Amherst,
MassachusettsThe residenthouseusesa cablemodem
for its Internetconnection.The playbackrateof thevideo

is or pacletspersecondandeachpaclet consists
of bytes. Thatis, the bandwidthof the videois ap-
proximately or Kbps. We conducted experi-

mentsfrom March 3 to March 7, 2003 at randomlycho-
sentimes;eachexperimentlastingfor onehour For each
experiment,we plot the time seriesof the TCP through-
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Fig. 6. Constrainedstreaming:Thefraction of late pacletsobtained
from themeasurementgersusthat predictedby the model.

put, where eachpoint is the averagethroughputover a

-secondinternval. Basedon the throughputseries,we
choosestationarysegmentsof length to sec-
ondsthat exhibit variationsin throughput,implying the
occurrenceof congestion. The sggmentsare chosenby
visualinspectionalthoughmorerigorousmethodscanbe

used[15]. We useonetraceto illustrate our procedure.

Fig. 5 plots the TCP throughputaveragedover every
seconddor oneexperiment. We choosethe rst, second
andthird secondf the traceasthreeseggmentsto
validatethe modelagainstthe measurementsEachsey-
mentis treatedasa1000-secondideo. Thelossrate, RTT
and areobtainedromthedatasggmentandusedn the
model.

We obtaineda total of  seggmentsfrom the experi-
ments.The startupdelayvariesbetween to
Fig. 6 presentsa scatterplotshaving the fraction of late
pacletsfor variousstartupdelaysobtainedfrom the mea-
surementyersusthatpredictedoy themodel. The  de-
greeline startingat the origin representsa hypothetical
perfectmatchbetweernthe measurementandthe model.
Along the upperandlower  degreelines, the fraction
of late paclets from the modelis respectiely  times
higherandlower thanthat from the measurementsAll
but scatterplopointsfall within anorderof magnitude
of eachother These pointsarefor the startupdelaysof

or secondsThereasonwhy thefractionof late pack-
etsfrom thesemeasurements timeshigherthanthat
from the modelmight be becausehe numberof samples
in thedatasegmentis not sufcient.

B. Modelvalidationfor unconstainedstreaming

We next comparemodel predictionto measurements loss rate,

taken over the Internetfor unconstrainedgtreaming. In
each experiment, we run

seconds.
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Fig. 7. Unconstrainedtreaming:The fractionof late pacletsversus
theplaybackrateof thevideofor experimentdfrom UMassto Italy.

to obtain a group of runswith similar TCP parameters
(lossrate, RTT and ). The bandwidthfrom USC to
the client in the residenthouseis too low to run par
allel TCP connections. We thereforechosea differ-
ent network path, where the sener is at University of
MassachusettiUMass) and the client is in Universita'
dell’Aquila, Italy. Eachexperimentlastsfor hour We
thendivide thetracefor eachTCP o w into multiple seg-
ments,eachof seconds.Each100-secondsegment
is treatedasa  -secondvideo. We use in
the model and select segmentshaving loss rate be-
tween and For the selectedsegments,the
RTT is ms and . The averagethroughputis

paclets per second.We setthe playbackrate of the
videotobe , and pacletspersecondCorrespond-
ingly, the available TCPthroughputs , and
higherthanthe playbackrateof thevideo. Fig. 7 plotsthe
fraction of late pacletsfor variousplaybackrateswhen
the startupdelayis seconds.The fraction of late pack-
etspredictedby the modelarehigherthanthosefrom the
measurementd.hismightbebecauseatthebeginningof
thevideostreamingthewindow sizeis alwaysonein the
modelwhile it maybelargerthanonein themeasurement
dataseggment.

V. EXPLORING THE PARAMETER SPACE

In this section,we vary the model parametersn con-
strainedandunconstrainedtreamingo studytheimpacts
of theseparametersn performanceln doing so,we pro-
vide guidelinesasto whenthe useof TCP leadsto satis-
factoryperformance.

We assumehe startupdelayis to  seconds.The
and in the modeljointly determinethe
available TCP throughputmeasuredn paclets. For con-

parallel TCP connections veniencewe referto thesethreeparameteras TCP pa-
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Fig.8. ConstrainesgtreamingThefractionof late pacletsversushe
lengthof thevideofor a startupdelayof seconds.

rametes. We setthevaluesof the TCP parameterso rep-
resenta wide rangeof scenarios.The lossrateis varied
in therangeof to , Sincea lossrateof is
relatvely low andalossrateof is highfor streaming.
Basedon previousstudieg16] andour measurementsye
vary intherangeof msto ms. Previouswork
shavsthatthemedianRTT betweenwo sitesonthesame
coastin theUSis  ms,while themedianRTT between
west-coastind east-coassitesis ms [16]. We ob-
sened a RTT of ms in our experiments(see Sec-
tion IV). We vary in therangeof to , basedon
several measurementom Linux machinesn [17] and
our measurements.

Denotethe available TCP throughputas pacletsper
second. Then representhiov muchthe achievable
TCP throughputis higher than the video playbackrate.
In thefollowing, we rst explore how the performanceof
constrainedand unconstrainedgtreamingvarieswith the
lengthof thevideo. We theninvestigatehe effect of
ontheperformancendthesensitvity of theperformance
to thevariousparameters themodel.Following that,we
identify theconditionsunderwhich usingTCP providesa
satishctoryviewing experience At theend,we summary
the key resultsanddescribethe implication of the results
to the stop-and-\ait playoutstratey.

A. Theeffectof videolengthonthe performance

We rst usethesettingin Sectionlll-A to illustratethe
fractionof late pacletsasafunctionof thevideolengthin
constrainedtreaming.Thestartupdelayis secondsand
thelengthof the videorangesrom to seconds.
Fig. 8 plots the fraction of late paclets versusthe video
lengthfrom the modelandthe ns simulation.We obsere
thatfor videoslongerthan secondsthe fraction of
late pacletsfor differentvideo lengthsfrom the simula-
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Fig. 9. Unconstrainesgtreaming:Probabilityof having atleastone
late paclet in aroundversusroundsfor variousplaybackratesof the
video.

tion is similarandcloserto the predictionfrom the model
thanfor shortervideos. Throughoutthis section,we as-
sumethe video for constrainedstreamingis sufciently
long sothat stationaryanalysiscanbe usedto obtainthe
fractionof late paclets.
In unconstrainedtreamingto investigatenow thefrac-
tion of late pacletsvarieswith thevideolength,we obtain
, the probability of having at leastone
late pacletin the throundfrom (4) (seeSectionll-C.2).
Fig.9 plots overthelengthof thevideofor thesetting
in Sectionlll-B. Herethevideois rounds( sec-
onds). Fig. 9 indicatesthatthe fraction of late pacletsis
low atthebeginningof thevideo,increaseso apeakvalue
andthendecreasesver time. This canbe explainedas
follows. At the beginning of the playback the probability
of having late pacletin aroundis low dueto the paclets
accumulatedn the client local buffer during the startup
delay Subsequentlypacletsare playedout while at the
sametime being accumulatedn the client buffer. The
numberof early pacletsin the buffer increasesvith time
since,on average the available TCP throughputs higher
thanthe playbackrate of the video. Therefore the prob-
ability of having late pacletsin a roundreachesa peak
valueatapproximatelythe  thround(the22ndsecond)
and subsequentlyecreasesver time as the numberof
earlypacletsin thebuffer increases.
In Fig. 9, the probability of having late paclet in the
th rounddecreaset the orderof and for
theplaybackratesof and pacletspersecondespec-
tively. Thisindicateghat,after ~ roundsthefractionof
late pacletsis approximatelyinverselyproportionalto the
length of the video, sincethe probability of having late
paclet after roundsis closeto . Thisis con rmed by
thesimulationresults.In general{o obtainthefractionof
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Fig.10. Theperformancef constraine@ndunconstrainedtreaming
whenvaryingthevideoplaybackrateand xing the TCP parameters.

late paclets, , for avideoof roundsiit is sufcient to
obtainthefractionof late pacletsin theinitial roundsof
thevideo,denotedas , suchthat is closeto 0. Then

. Throughouthis sectionwe assumehevideo
for unconstrainedtreamings  to seconds.

B. Theeffectof ontheperformance

We now explorethe effect of on the performance
of constrainedndunconstrainedtreaming.Thefraction
of late pacletsdecreasesas increases.This s intu-
itive since,as increasespacletsareaccumulatedn
theclient's local buffer fasterrelative to the playbackrate
of thevideo. We increase by eitherdecreasinghe
video playbackrate or one of the TCP parametersvhile

xing the otherparametersWe only shawv oneexample
wherewe vary the video playbackrateand x the TCP
parametersWe usethe settingdescribedn Sectionlll-B,
where , ms, andtheavailable
TCPthroughpuis pacletspersecond.Theplayback
rateof thevideoischosertobe , and pacletsper
secondgcorrespondingo , and respec-
tively. Fig. 10 shaws the fraction of late pacletsfor the
variousplaybackrateswith a startupdelayof seconds
underconstrainecaindunconstrainedtreaming.For con-
strainedstreamingthevideois assumedo beontheorder
of thousandsf secondsFor unconstrainedtreamingthe
lengthof thevideois  secondsWe obsenre thatasthe
playbackrateof the videodecreaseé increases)the
fraction of late paclets decreasegxponentiallyin both
constrainedand unconstrainegtreaming. For the same
playbackrate, the fraction of late pacletsin constrained
streamings higherthanthatin unconstrainegtreaming
by an orderof magnitude. The differencebetweencon-
strainedandunconstrainegtreamingoecomes&venmore
dramaticasthevideo lengthincreasessincethe fraction
of late pacletsis similar for long videosin constrained
streamingand decreasesvith the length of the video in
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Fig. 11. Constrainedstreaming: Sensitvity to variousparameters

« andthe playbackrateof thevideo),

unconstrainedstreaming: It is not surprisingthat un-
constrainedstreamingcan signi cantly outperformcon-
strainedstreaming sincethe maximumnumberof early
pacletsin the latter is no more thanthe productof the
startupdelayandthe video playbackrate, while no such
limit existsin theformer

C. Sensitivityof performanceo the variousparametes

We next X and study the sensitvity of the per
formanceto the variousmodelparameterskig. 11 shavs
the fraction of late paclets for four setsof TCP param-
etersin constrainedstreaming. The playbackrate of the
video is chosenso that for all the settings.
Thestartupdelayis between and secondsln Fig. 11,

. , and , 150 ms. For
and ms, the fraction of late pack-
etsfor variousstartupdelaysdecreasedramaticallywhen
decreaseffom to 1, especiallyfor large startupde-
lays. For and , the decreasés closeto
anorderof magnitudevhen decreaseffom msto
ms. For and ms,thedecreasés also
large for long startupdelayswhen decreaseffom 0.08
to 0.02. The above shavs that the performanceof con-
strainedstreamingis not solely determinedby but
also dependson the valuesof the variousparametersn
themodel.For a x edvalueof , the performancem-
proveswhenreducingoneof the TCP parameters.

Fig. 12 shavs the probabilityof having atleastonelate
pacletin aroundfor four setsof TCP parameterin un-
constrainedstreamingwhereroundsarerepresentedis-
ing seconds.The playbackrate of the videois chosenso
that for all the settings. The startupdelayis

We ignoretheinitial increasingtrendsinceits durationis usually
very short(seeSectionV-A).



To=3,R=320ms,p=0.02 —+—
= To=3,R=160ms,p=0.08 —<—
c 01t To=3,R=160ms,p=0.02 —*—
§ To=1,R=160ms,p=0.02 —&—
«
£ 0.01 t
§2)

v

o

[}

& 0.001
[=2]

£ FFEER
& 0.0001 |
=

ks

€  1e05 |
o

1le-06

0O 10 20 30 40 50 60 70 80 90
Time (sec)

Fig. 12. Unconstrainedgtreaming:Sensitvity to thevariousparame-
ters( andthe playbackrateof thevideo),

secondslin Fig. 12, , ; , ms
and , . Theprobabilityof having late pacletsin a
roundis reducedoy approximatelyanorderof magnitude

for all theroundswhen decreasefom to ms

for and ; when decreaseom to
for msand ;andwhen decreases

from to for ms and . This abore

shawvsthatthe performancef unconstrainegtreamings
sensitve to the variousparametersn the modelandthe
performancemproveswhenreducingoneof the TCP pa-
rameters.

D. Conditionsfor satisfactoryperformance

In SectionV-C, we obsere that, for a x ed value of
, different setsof parameterscan lead to dramati-
cally different performancen both constrainedand un-
constrainedstreaming. In otherwords, different setsof
parameterplace different requirementon the value of
neededo achieve the sameperformance.We next
identify theconditionsunderwhichtheperformancevhen
usingTCPis satishctory
1) Constainedstreaming: We rst de ne a criterion
of satishctoryperformancdor constrainedgstreaming.A
viewing experiencds de nedto besatishctoryif thefrac-
tion of late pacletsis below whenthe startupdelay
is  secondor less. We usethis criterion simply asan
examplesincea startupdelayno morethan  secondss
still tolerableanda fractionof late pacletsbelow is
low for viewing a video. Othercriteria canalsobe de-
ned. For xed and ,we nd themaximumvalueof
and, hence,the minimum value of suchthat the
criteriais satis ed.
Fig. 13 shavs theminimumrequiredvalueof asa
functionof  and for aplaybackrateof pacletsper
secondWhen increasefrom to ,theincrementf
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for asatishctoryperformance.

theminimumrequiredvalueof isfrom to for
from to for andfrom to
for .Fora xed ,therequiremenbn for

thelowestlossrate(i.e., ) is themoststringent.
We obsenre similar requirement®n for othervideo
playbackrates( gures not shavn). In summarythe min-
imum requiredvalue of for constrainedtreamings
between and for all thesettingswe study

2) Unconstained streaming: We explore the perfor

manceof unconstrainedtreamingn two extremecases.

The bestcaseis whenall the TCP parametersre at the
lowestvaluesthatis, , msand
In this case the requiremenbn to achieve a certain
performances theleaststringent.Theworstcases when
all the TCP parametersre at the highestvalues,thatis,
, msand , Wheretherequire-
menton to achieve a certainperformances the most
stringent.We usea startupdelayof secondsndavideo
of seconds.

In thebestcasewhen isaslow as , theproba-
bility of having late pacletsreachesa maximumvalueat
the th secondandthendecreasewith thelengthof the
video. Furthermorethe probability of having late paclets
in aroundis lessthan for all therounds.This indi-
categhatanavailablethroughputslightly higherthanthe
playbackrate of the videois sufcient to achieve a good

performancean this case. In the worst case,the average

available TCP throughputis  paclets per second. The

videoplaybackrateis setto and pacletspersecond

correspondingo and respectiely. When

, the fraction of late pacletsis . When

, the performancebecomesreasonablygood:

The fraction of late paclets decreases$o andthe

probability of having late pacletsatthe  th seconds

. In summary for all the settingswe consider the

minimum requiremenbn to achieve a good perfor
manceis between to in unconstrainedtreaming.



E. Summanypof resultsandimplicationsto stop-and-wait
playout

Thekey resultsfrom ourexplorationof parametespace
are:
Thefractionof latepacletsis similar for long videos
in constrainedstreamingwhile decreasesvith the
video length (after a short duration of increasing
trend at the beginning of the playback)in uncon-
strainedstreaming.
The performanceof constrainedand unconstrained
streamingimproves dramatically when increasing
thevalueof . Underthesameconditionsuncon-
strainedstreamingcansigni cantly outperformcon-
strainedstreaming.
The performanceof constrainedand unconstrained
streamings notsolelydeterminedy butis sen-
sitive to the valuesof the variousparametersn the
models.
In the settingswe study the minimum requirement
on for a good performancgby the criteria we
de ned)isbetween to  in constrainecgtream-
ing. For unconstrainedgstreaming,the requirement
on isintherangeof  to
Our modelsfor constrainedandunconstrainedtream-
ing assumecontinuousplaybackat the client, which dif-
fers from the stop-and-wait playout stratgy commonly
usedin the commercialstreamingsystem. However, the
fractionof latepacletsobtainedrom ourmodelsprovides
someinsightinto thelikelihoodthata clientneedso stop
during the playbackof the video, and, hence the perfor
manceunderthe stop-and-wait playoutstratgy. Further
more,astopandwait duringtheplaybackcanberegarded
asextendingthe startupdelayin our models. Therefore,
we conjecturethat the performanceunderstop-and-\ait
stratgy will bebetterthanthatpredictedirom our model
underthe sameconditions.

V1. CONCLUSIONS AND FUTURE WORK

In this paperwe developeddiscrete-timéviarkov mod-
elsfor constrainecandunconstrainedgtreamingthat cor
respondgo live andstoredvideo streamingrespectiely.
Our validationusingns andInternetexperimentsshaved
thattheperformanceredictedoy themodelsareaccurate.
Usingthemodels we studiedthe effect of the variouspa-
rameterson the performanceof constrainedand uncon-
strainedstreaming.In doing so, we provided guidelines
asto whenusing TCP directly for streamingenderssat-
isfactoryperformance.

As future work, we are pursuingin two directions: (i)
Develop an exact model for the stop-and-wait playout
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stratgy. (ii) Explorethe useof parallel TCP o ws for
videostreamingvhenthe averagethroughpuof one TCP
o w is lower thanthevideoplaybackrate.
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