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Abstract—
TCP is widely usedby commercial video streaming sys-

tems.When a packet hasnot arri vedby its playback time, 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 easy to
implement. However, stopping playout due to late packet
arri vals renders the viewing experienceunsatisfactory. A
continuousplayout strategy, i.e.,continuing playout regard-
lessof late packet arri vals,alsoleadsto unsatisfactoryview-
ing experience,since late packet arri vals causeglitches in
the playback. The performance of both the stop-and-wait
and the continuousplayout strategiesthereforedependson
the fr equencyof late packet arri valsduring the playback of
the video. In this paper, we develop discrete-time Mark ov
modelsto evaluate the performanceof liveand storedvideo
streamingusingTCP. Wevalidate the modelsusingnssimu-
lations and experimentsconductedover the Inter net. Based
on the models,we provide guidelinesasto whenusing TCP
for streamingleadsto satisfactoryperformance.

I . INTRODUCTION

Therapidgrowth of network bandwidth,especiallythe
installmentof high-bandwidthservicessuchascablemo-
demanddigital subscriberloop (DSL) at residenthouses,
makesvideostreamingmorepromisingthanever. A com-
monwisdomwith regardto videostreamingis to useUDP
ratherthanTCPasthe transportprotocol. Themain rea-
sonfor not usingTCPis that thebackoff andretransmis-
sionin TCPcanleadto undesirableend-to-enddelaysthat
violatethetimelinessrequirementfor streaming.Werefer
to a packet arriving later thanits playbacktime asa late
packet. UDP doesnot have theissueof latepacketssince
it doesnot have a backoff or retransmissionmechanism.
However, two otherissues,namelysatisfyingTCPfriend-
linessand loss recovery, have to be solved when using
UDP for streaming.TCP friendlinessis importantsince
TCPis largely responsiblefor thestabilityof thenetwork
andit is desirablefor network traf�c to reactto conges-
tion in a TCP-friendlymannerin orderto avoid network
collapse[1]. Loss recovery is neededsinceUDP does
not provide reliability and lossesin a stream,especially
of headerinformation,canrendera segmentof videoun-

viewable.
AlthoughbothTCPandUDPhavedisadvantageswhen

used for video streaming, there have been a greater
amountof researchon using UDP for streaming. This
is becauseUDP providesmore�e xibility to higherlevel
protocolsthan TCP. When using UDP, rate control and
loss recovery strategies can be exploited by higher lay-
ersto achieve TCPfriendlinessandrecover loss. Reduc-
ing thenumberof latepacketswhile usingTCP, however,
seemsbeyondthecontrolof higherlayerprotocols,since
they arecausedby thecongestioncontrol andavoidance
mechanismsembeddedin TCP. Therefore,it appearsthat
the problemsarisingwhenusingTCP for streamingare
moredif�cult to overcomethanthosewhenusingUDP.

Despitethe dif�culties, using TCP for streaminghas
obvious advantages. First, TCP is by de�nition TCP
friendly. Second,reliabletransmissionprovided by TCP
removestheneedfor lossrecoveryathigherlevels.These
advantagesmotivate several efforts on using TCP for
streaming[2], [3], [4], [5]. A commoncharacteristic
of theseefforts is that they combineclient-sidebuffer-
ing andrateadaptationtogetherto dealwith thevariabil-
ity in the availableTCP throughput. Client-sidebuffer-
ing prefetchesdatainto theclient buffer by introducinga
startupdelayin orderto absorbshort-term�uctuations in
the TCP throughput. Rateadaptationadjuststhe bitrate
(or quality) of the video in order to dealwith long-term
�uctuations. In [2], [3], rateadaptationrequiresprioriti-
zationto be associatedwith variousframesin the video
in orderto control the framerate. In [4], [5], rateadap-
tation is basedon the periodic feedbackfrom the client
onavailablebandwidthandonly appliesto layeredvideo.
All of theabove schemes,however, have limitations: pri-
oritizationof video framesrequiresextra work at theap-
plicationlevel andmaynotbesuitablefor live streaming;
theschemesbasedon layeredvideosrestrictthe formats
of thevideosthatcanbestreamedusingTCP.

Although therearevery few researchefforts on using
TCPfor videostreaming,TCPis widely usedby commer-
cial video streamingsystems. For instance,RealPlayer
usesTCPasthedefault transportprotocol[6]. Thesecom-



2

mercialsystems,however, usuallydo not exploit sophis-
ticatedrate adaptationat the applicationlevel. Instead,
they usea simplestop-and-wait playoutstrategy to deal
with latepackets: whenlatepacketsareencountered,the
client stopsfor the late packets and then resumesplay-
back.Not requiringrateadaptationattheapplicationlevel
simpli�es thedesignandimplementationof thecommer-
cial systems.However, stoppingplayoutdueto latepack-
etsrenderstheviewing experienceunsatisfactory. A con-
tinuousplayoutstrategy, i.e., continuingplayout regard-
lessof late packets,also leadsto unsatisfactory viewing
experience,sincelate packetscauseglitchesin the play-
back.Theperformanceof boththestop-and-wait andthe
continuousplayoutstrategiesdependsonthefrequency of
latepacketsduringtheplaybackof thevideo.

In this paper, we study the performancewhen using
TCP directly for streaming(i.e., without rateadaptation
at the applicationlevel). We aim to answertwo related
questions:(i) What is the performanceof usingTCP di-
rectly for streaming?(ii) Underwhatconditionsdoesthe
useof TCPprovide satisfactoryviewing experience?An-
sweringthe above questionsis importantin determining
whetherusingTCP directly for streamingis suf�ciently
goodandwhensomemoresophisticatedmechanism(ei-
ther usingUDP or TCP with rateadaptation)is required
to achieve goodperformance.Wedevelopadiscrete-time
Markov model for streamingusing TCP to answerthe
above questions.The model is basedon the continuous
playoutstrategy andprovides insightsinto the stop-and-
wait playoutstrategy (seeSectionV-E). Our maincontri-
butionsare:

� We develop modelsfor both live and stored video
streamingusingTCP to study the effect of various
parameters(i.e., lossrate,roundtrip time andtime-
out valuein TCPaswell asthevideoplaybackrate)
on the likelihoodof late packets for a startupdelay
on the orderof seconds.The modelsarevalidated
usingns[7] simulationandInternetexperiments.

� Usingthemodel,we exploretheparameterspaceto
provideguidelinesasto whenusingTCPdirectly for
streamingleadsto asatisfactoryperformance.

Therestof thepaperis organizedasfollows. SectionII
presentsthe modelsfor live andstoredvideo streaming
usingTCP. Validationof themodelsusingnssimulations
andInternetexperimentsis describedin SectionsIII and
IV respectively. A performancestudybasedonthemodels
is presentedin SectionV. Finally, SectionVI concludes
thepaperandpresentsfuturework.

I I . MODELS FOR STREAMING USING TCP

In this section,we describethe problemsettingand
then presentdiscrete-timeMarkov modelsfor live and
storedvideo streamingusingTCP. The key notationin-
troducedin this sectionis summarizedin TableI for easy
reference.

A. Problemsetting

Considera client requestinga video from the server.
Correspondingto therequest,theserverstreamsthevideo
to theclientusingTCP. Throughoutthepaper, weassume
thattheaverageTCPthroughputis no lessthantheband-
width of thevideo. This guaranteesthat,on average,the
throughputprovidedby TCPsatis�estherequirementfor
streamingthevideo. However, �uctuations in the instan-
taneousTCP throughputcanstill lead to signi�cant late
packet arrivals. All thepacketsarriving earlierthantheir
playbacktimesarestoredat theclient's local buffer. We
assumethis local buffer is suf�ciently large so that no
packet lossis causedby buffer over�ow at theclient side.
This assumptionis reasonablesincemost machinesare
equippedwith a largeamountof storagenowadays.

For simplicity, we considera CBR (constantbit rate)
video. The playbackrate of the video is � packets per
second.For simplicity, all packetsareassumedto be of
thesamesize.For analyticaltractability, we assumecon-
tinuousplaybackat the client. That is, a client doesnot
stopandwait for a late packet but playsbackat a con-
stantrateof � packetspersecond.A latepacket therefore
leadsto a glitch during the playbackandcausesperfor-
mancedegradation. We are interestedin the fraction of
late packets, i.e., the probability that a packet is late. In
SectionV-E, we discusshow the insightsobtainedfrom
our modelscanbe appliedto the stop-and-wait behavior
in thecommercialstreamingsystems.

We study two forms of streamingthat correspondre-
spectively to live andstoredvideo streamingin practice.
In live streaming,the server generatesvideo contentin
real time and is only able to transmit the content that
hasalreadybeengenerated.Thetransmissionis therefore
constrainedby thegenerationrateof thevideoat theap-
plication level. Hencewe refer to this form of streaming
asconstrainedstreaming. For a storedvideo,we assume
the server transmitsthe video as fast as allowed by the
availableTCPbandwidthin orderto fully utilize theavail-
ableTCPbandwidth.We refer to this form of streaming
asunconstrainedstreamingsincetheapplicationdoesnot
imposeany constrainton thetransmission.Wenext illus-
tratethecharacteristicsof constrainedandunconstrained
streaming.For easeof exposition,eachpacket is associ-
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(a)Constrainedstreaming.

Time

P
a

ck
e

t 
n

u
m

b
e

r

pl
ay

ba
ck

 B
(t)

�

0

ar
riv

al
 A

(t)

(b) Unconstrainedstreaming.
Fig. 1. VideostreamingusingTCP:Constrainedandunconstrainedstreaming.

atedwith a packet sequencenumberandthe �rst packet
hassequencenumberof

�

.
Constrainedstreamingis illustratedin Fig. 1(a). With-

out lossof generality, weassumethe�rst packet is gener-
atedat time � . Later packetsaregeneratedat a constant
rateequalto the playbackrateof the video. In the �g-
ure, �	��

� representsthe numberof packets generatedat
theserver by time 
 . Then �	��

���

�


 . At theclient side,
let ����
�� denotethenumberof packetsreachingtheclient
by time 
 . Sincethe TCP transmissionis constrainedby
the generationrateat the server, we have ����

�����	��

� .
Denote ����

� to be the numberof packets playedby the
client by time 
 . The playbackof the video commences
at time � . That is, the startupdelay is � seconds.Then

����

���

�

��
������ , 
 �!� . Observe that �	��
��"������
��#�

�

� .
A packet arriving earlierthanits playbacktimeis referred
to asan early packet. At time 
 , let the numberof early
packetsbe $%��

� . Then $&��
�� �'����

���&�(��

� . A negative
valueof $&��
�� indicatesthat the packet arrival is behind
theplaybackby �)$%��

� packets. Since ����
��*�+�,��
�� and

�	��

���%����
��-�

�

� , we have $&��
��.�/�,��
��0�1����
��2�

�

� .
That is, thereareat most �

� earlypacketsin constrained
streamingatany time 
 , asshown in Fig. 1(a).Thisobser-
vationis to beusedin themodelfor constrainedstreaming
laterin thissection.

Unconstrainedstreamingis illustratedin Fig. 1(b). As
shown in the �gure, the packet transmissionis only lim-
ited by theavailableTCPthroughputandno constraintis
imposedfrom theapplicationlevel. Therefore,thenum-
ber of early packets at time 
 , $&��
�� , can be larger than

�

� .
As describedabove,a negative valueof $&��
�� indicates

thatlatepacketsoccurattime 
 . Weneedto model$&��
�� in
orderto obtainthefractionof latepackets.Since $&��
��-�

����
��3�4�(��

� and ����
�� is a simple linear function of 
 ,
themaindif�culty left is modeling ����

� . We usethe the

Notation De�nition
5 Playbackrateof thevideo(packetspersecond)
6 Startupdelay(seconds)
798

Stateof theTCPsourcein the : th round
;

8

Numberof packetstransmittedsuccessfully
by TCPin the : th round

<

Roundtrip time(seconds)
=

Lengthof thevideo(measuredin rounds)
>

Fractionof latepackets
?38

Numberof earlypacketsin the : th round
?,@

8 Numberof latepacketsin the : th round
A3B

8 Stateof themodelfor constrainedstreaming
in the : th round

A3C

8

Stateof themodelfor unconstrainedstreaming
in the : th round

D
8

Probabilityof having at leastonelatepacket
in the : th round

TABLE I
KEY NOTATION.

modelsin [8], [9] to describe����

� , asdiscussedbelow.

B. Modelfor TCPthroughput

TCP is a window-basedprotocol with several mech-
anismsusedto regulate its sendingrate in responseto
network congestion.Timeoutandcongestionavoidance
are two mechanismsthat have signi�cant impacton the
throughput.For completeness,wegiveabrief description
of thesetwo mechanisms.More detaileddescriptioncan
befoundin [10]. For everypacketsentby thesource,TCP
startsaretransmissiontimerandwaitsfor anacknowledg-
mentfrom thereceiver. Theretransmissiontimer expires
(timeouts)whentheACK for thecorrespondingpacket is
lost andthereareno triple duplicateACKs. Whentime-
out occurs,the packet is retransmittedand the window
size is reducedto one. Furthermore,the retransmission
timervaluefor this retransmittedpacket is setto betwice
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the previous timer value. This exponentialbackoff be-
havior continuesuntil theretransmittedpacket is success-
fully acknowledged.In congestionavoidance,thewindow
sizeincreasesby onepacket whenall packetsin thecur-
rentwindow areacknowledged.In mostversionsof TCP,
suchasTCPRenoandTCPSack,thewindow sizeis re-
ducedby half when triple duplicateACKs arereceived.
If timeoutoccursbeforereceiving triple duplicateACKs,
thewindow sizeis reducedto one.

In [8], [9], the behavior of TCP is describedby a
discrete-timeMarkov model,whereeachtime unit is the
lengthof a “round”. A roundstartswith theback-to-back
transmissionof � packets,where � is the currentsize
of TCPcongestionwindow. Onceall packetsin thecon-
gestionwindow aresent,no morepacketsaresentuntil
ACKs for someor all of these � packets are received.
The receptionof the ACKs marksthe endof the current
roundandthebeginningof thenext round.Thelengthof
a roundis assumedto bea roundtrip time (RTT). Packet
lossesin differentroundsareassumedto be independent
andpacket lossesin the sameroundarecorrelated:if a
packet is lost, all remainingpacketsuntil the endof the
roundare lost. Furthermore,the effect of lost ACKs is
regardedasignorable.

Let �������	�

��

�

be a discrete-timeMarkov modelfor the
TCPsource,where �

� is thestateof themodelin the � th
round. Following the notationin [8], [9], �

�
is a tuple:

�
�

� ���
�������������������������

� , where �
� is thewindow size

in the � th round;
���

modelsthedelayedACK behavior of
TCP (

�
�*� � and

�
�*�

�

indicatethe �rst andthe sec-
ondof the two roundsrespectively); ��� is thenumberof
packetslost in the ��� �

�

� th round;
���

denoteswhetherthe
connectionis in a timeoutstateandthevalueof theback-
off exponentin the � th round;

���
indicatesif a packet be-

ing sentin thetimeoutphaseis a retransmission(
�

� �

�

)
or a new packet (

� �
� � ). Denotethe numberof pack-

ets transmittedsuccessfullyby TCP in the � th round as
!

� . Then
!

� is determinedby �
� and �

��"
� . Let �$#

!

�&% be
the expectationof

!

�
. We have

�$#

!

�'%
�

�$#

!

�)(
�

�
�

��*
��+	��,��.-/��0

�
�

�
��"
�

� ��*21
��+

1
��,

1
�.-

1
��0

1 �
% . Thedetailedde-

scriptionof how to compute
�)#

!

�'%
canbefoundin [8], [9],

[11]. Thetotalnumberof packetstransmittedsuccessfully
by TCPup to the 3 th roundis 465

��

�

!

� .

C. Modelsfor constrainedandunconstrainedstreaming

Wenow developdiscrete-timeMarkov modelsfor con-
strainedandunconstrainedstreaming.Eachtimeunit cor-
respondsto the length of a round, which is assumedto
bea RTT of lengthas

�
time units. We considera video

whoselengthis � rounds.Theplaybackrateof thevideo
is �

�
packetsperround.

Let 7 denotethe fraction of late packets during the
playbackof the video. Our goal is to derive modelsfor
determining 7 as a function of varioussystemparame-
ters(includingthelossrate,RTT, retransmissiontimer in
theTCP�o w andthevideoplaybackrate).Let $ � denote
the numberof early packets in the � th round,which is a
discrete-timeversionof $&��
�� introducedearlier(seeSec-
tion II-A) and $ � � $&��� � � . For simplicity of notation,
weassumethenumberof packetsplayedbackin a round,

�

� , to beaninteger. Let $98

�

bethenumberof latepackets
in the � th round. Then $ 8

�;:

� � �

�

�=<=<=<>�

�

� � . Let theex-
pectednumberof latepacketsin the � th roundbe �$# $?8

�

% .
Then

�$# $

8

�

% �

@	A

B

5



�

3DC � $

8

�

�E3 �

whereC � $F8

�

�G3 � is theprobabilityof having 3 latepack-
etsin the � th round.Thefractionof latepacketsis

7 �

4?H

��

�

�$#
$

8

�

%

�

�I�

(1)

wherethenumeratoranddenominatorcorrespondrespec-
tively to the expectednumberof late packets throughout
theplaybackof thevideoandthetotal numberof packets
in thevideo.

In orderto obtain C � $F8

�

�J3 � , we introduce$FK

�

to be

$

K

�

�

L

�
�

$
�

�!�

�)$
���

$
�NM

�

(2)

$
K

�

canbe thoughtof as the numberof packets that the
packet arrival falls behindthe playbackof the video in
the � th round. Expression(2) follows directly from the
de�nition of $

� and $OK

�

. Weobtain C � $F8

�

�J3 � as

C � $

8

�

�J3 �0�

L

C � $
K

�

�J3 �
�

3
M

�

�

C � $OK

�

�

�

�
�

�
3 �

�

�

(3)

Note that while the numberof late packets $
8

�

in the � th
roundis at most �

�
, $

K

�

canbe larger than �

�
. When

$PK

�

�

�

� , we have $O8

�

�

�

� . Therefore, C � $F8

�

�

�

�
���QC � $

K

�

�

�

�
� .

Summarizingtheabove,thefractionof latepacketscan
be obtainedfrom $

�
, �*�

�

�.RD�=<=<=<	���
. We next describe

themodelsfor constrainedandunconstrainedstreaming,
focusingonhow to derive $

� from themodels.
1) Constrainedstreaming: Let �TSVU

�

�

H

�W

�

beadiscrete-
time Markov modelfor constrainedstreaming,where S

U

�

is the stateof the model in the � th round. S�U

�

is a tuple
representedas �X�

���
$

�
� , where�

� and $
� arethestateof

theTCPsourceandthenumberof earlypacketsin the � th
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roundrespectively. Let $������ �

�

� . Then,asobserved
earlier(seeSectionII-A), $ � � $������ for � �

�

�.RD�=<=<=<	��� .
Theevolutionof $ � follows

$ �W"
� �

	�

�

� $������ � $ ���

!

� �

�

� �

where
!

�
is the numberof packets transmittedsuccess-

fully by TCP in the � th round. Observingthe fact that
$ � � $������ for �-�

�

�.RD�=<=<=< ���
, theTCPsourcedoesnot

sendoutany packet in the ��� �

�

� th roundif $V� �/$ ����� .
A detaileddescriptionof thestatetransitionprobabilities
for theMarkov chain �TS U

�

�

H

��

�

andthetimetakenfor each
statetransitioncanbefoundin [11].

Thefractionof latepacketsis computedfrom (1). We
considervideos of lengthssigni�cantly larger than the
RTT. In this case,the fraction of late packetscanbe ap-
proximatedby takingthelengthof thevideo,

�
, to in�nity .

That is, the fractionof late packetscanbe approximated
by thesteadystateprobability

�



	

H��

�

4?H

��

�

�)#
$P8

�

%

�

�I�

�

�



	

�

�

�

�$#
$O8

�

%

�

�

We solve for thestateoccupanciesusingthesteadystate
analysisin theTANGRAM-II modelingtool [12].

2) Unconstrained streaming: Let �TS��

�

�

H

�W

�

be a
discrete-timeMarkov modelfor unconstrainedstreaming,
where S

�

�

is thestateof themodelin the � th round.Here
S��

�

only containsthe stateof the TCP sourcein the � th
round,thatis, S

�

�

� �
�
. To reducethecomputationover-

head,thenumberof earlypacketsin the � th round, $
� , is

excludedfrom the statespace.Instead,it is represented
by animpulsereward. An impulserewardassociatedwith
a statetransitionis a genericmeansto de�ne measureof
interest(see[13] for referenceson reward models). We
associatean impulsereward of ������� to a transitionfrom
stateS

�

�

��� to stateS
�

�W"
�

���
1 , de�ned to bethediffer-

encebetweenthenumberof packetsreceivedandplayed
backduring this transition. Denotethe accumulationof
this impulserewardup to the � th roundas $

1

�

. Whenthe
transmissionandplaybackboth startat time � , $91

�

is the
total numberof earlypacketsin the � th round. Sincethe
playbackstartsat time � insteadof � , thenumberof early
packetsin the � th round,$

�
, hasthefollowing relationship

with $P1

�

$
�

�/$

1

�

�

�

�

which providesa way to obtain $
�

from the impulsere-
ward. Thedetaileddescriptionof theimpulserewardcan
befoundin [11].

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

TCP
sources

r0

100Mb

HTTP
sources HTTP

clients

TCP
sinks100Mb

r1

Fig. 2. Validationsettingin ns: Packet lossesarecausedby buffer
over�ow on thelink from router ��� to ��� .

the fraction of late packetsdependsheavily on the posi-
tion of theround. This is because, undertheassumption
that theaverageTCPthroughputis higherthanthevideo
bandwidth,thenumberof earlypacketsapproachesin�n-
ity and,hence,thefractionof latepacketsapproaches� as
thelengthof thevideogoesto in�nity .

DenoteC
� astheprobabilityof having at leastonelate

packet in the � th round.Then

C � �QC � $ �
M

� �0�GC � $

1

�

M
�

�

��� (4)

Let  be the probability that at leastone late packet
occursduringtheplaybackof thevideo.Thatis,

 �

�

�6C � $
�

�!�
�

$�!9� �
�=<=<=<T�

$

H

�!� �

This is a dif�cult quantityto computeexactly. As shown
in [11], anupperboundon  is

 �

�

�#" H

��

�

�

�

�6C
�

� (5)

I I I . MODEL VALIDATION USING nsSIMULATIONS

In this section,we validatethemodelsfor constrained
and unconstrainedstreamingusing ns simulations[7].
Thetopologyis shown in Fig. 2. Multiple TCPandHTTP
sourcesareconnectedto router 0%$ andtheircorresponding
sinksconnectedto router

0>�
. EachHTTP sourcecontains

�'&

connections.TheHTTP traf�c is generatedusingem-
pirical dataprovided by ns. The bandwidthand queue
lengthof a link from a source/sinkto its corresponding
routerare

�

� � Mbpsand
�

� � � packetsrespectively. The
propagationdelayof thelink from asource/sinkto its cor-
respondingrouteris uniformly distributedin #

�

�
�.R

�
% ms.

One of the TCP �o ws is usedto streamvideo, referred
to asthevideostream.For this videostream,denotethe
roundtrip propagationdelayas ( ; the averagelossrate
as ) ; the RTT as

�
andthe valueof the �rst retransmis-

siontimer as �+*-, . For simplicity, �+*-, is roundedto be
a multiple of

�
. We furtherde�ne .

,
�

�/*0,21 �
. Since

�/*0, is basedon the averageand the varianceof round
trip times, .

,
re�ects thevariationof theRTTs.
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Fig. 3. Constrainedstreaming:Thefractionof latepacketsversusthe
startupdelayfor a ������� -secondvideo.

Thelink from router 0 $ and 0	� formsa bottlenecklink
wherepacket lossesoccurdueto buffer over�ow. Wecre-
atedifferentsettingsby varyingthebandwidth,buffer size
andthe propagationdelayof the bottlenecklink aswell
as the numberof �o ws (TCP andHTTP) traversingthe
bottlenecklink. For eachsetting,we run multiple simu-
lations. For the purposeof late-packet modelvalidation,
whentheloss(packet drop)ratein themodelis ) , ideally,
thelossratefrom thesimulationshouldbe ) or veryclose
to ) . However, dueto therandomnessin thebackground
traf�c, the lossratefor thevideostreamin differentruns
mayvarysigni�cantly in a �x edsetting.We thereforese-
lect therunswith lossratein therangeof �

�����

� ) , where
�

M

�	��


, for modelvalidation.(Recallthatour goalhere
is to validateour modelfor predictinglate-arriving pack-
etsfor a given valueof ) ). In eachsetting,we compare
theresultpredictedby themodelto thatobtainedfrom the
simulations.The �

��


con�denceintervals for thesimu-
lationareobtainedfrom theselectedruns.

A. Modelvalidationfor constrainedstreaming

Wevalidatethemodelfor constrainedstreamingin four
settingsaslistedin TableII. In thesesettings,thenumber
of TCPsourcesvariesfrom 6 to 10. Thenumberof HTTP
sourcesis

�	�

, 
 � or � � . Thebuffer sizeof router 0 $ ranges
from

�

� to
�

� � packets. Thebandwidthof the link from
0'$ to 0 � is 


<�� or
�

Mbps. The propagationdelay from
0'$

to
0	�

is
�

or � � ms. A TCP �o w is associatedwith a
CBRsourcefor videostreaming.Theplaybackrateof the
video is

R

�

or
�

� packetsper secondandeachpacket is
�	�

� � bytes.Therefore,thebandwidthof thevideois 
 � �

or
&

� � Kbps.Thevariousparametersfor thevideostream
arelistedin TableII: Theroundtrip propagationdelayis

�

� or
�

R
� ms;thelossraterangesfrom �

<
� ��� to �

<
�

�

� ; �

rangesfrom
�'&

� to
R

�

� msand .
,

rangesfrom
R

to � . In
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Fig. 4. Unconstrainedstreaming:Thefractionof latepacketsversus
the video playbackrate for the startupdelayof 4 seconds(a) and6
seconds(b).

eachsetting,the fractionof latepacketspredictedby the
modelis comparedto that from thesimulation. We next
describethevalidationfor onesettingin detail;theresults
for othersettingsbeingsimilar.

In this setting,
�

� TCP sourcesand � � HTTP sources
areconnectedto router

0
$ . Thevideostreamhasa play-

backrateof R

�

packetspersecond.Theroundtrip propa-
gationdelayof this videostream,( , is

�

R
� ms. We gen-

erate
&

� simulationruns.Eachrun lastsfor �
� � � seconds.

We assumethe video length to be
�

� � � seconds,corre-
spondingto theentirelengthof a simulationrun. Theav-
eragelossrateof all therunsis �

<
�

�

� . We use)�� �
<

�

�

�

in the modelandselectrunswith lossratesin the range
of �

<
�

�

� to �
<

�
R

�

for thereasongivenearlier. Amongthe
selected
�� runs, the valuesof

�
and .

,
areclosewith

the averageof R

�

� ms and R respectively. Thesevalues
areusedin themodelto obtainthe fractionof latepack-
ets. Fig. 3 depictsthe fraction of late packetsversusthe
startupdelaypredictedby the modelandobtainedfrom
the simulation. We observe a good matchbetweenthe
modelandthesimulation.

B. Modelvalidationfor unconstrainedstreaming

We validatethe modelfor unconstrainedstreamingin
four settingsaslistedin TableIII. A TCP�o w is usedfor
unconstrainedvideo streaming. The variousparameters
of this videostream(including ) , � , .

, andtheaverage
throughput)areestimatedandlistedin TableIII. For each
setting,we vary theplaybackrateof thevideoandcom-
paretheresultsfrom themodelto thosefrom thesimula-
tion. Wenext describeonesettingin detail;theresultsfor
othersettingsaresimilar.

In thissetting,
�

TCPsourcesand 
 � HTTPsourcesare
connectedto router 0 $ . Wegenerate

�

� � � simulationruns.
Eachrun lasts for

R
� � seconds.We assumethe length

of the video to be � � seconds,correspondingto approx-
imately the initial � � secondsof a simulationrun. The
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# of sources Link from router ��� to ��� Parametersof thevideostream
TCP HTTP Prop.delay(ms) B.w. (Mbps) Buffer (pkts) 5 (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 II
CONSTRAINED STREAMING: VARIOUS SETTINGS FOR THE MODEL VALIDATION IN ns.

# of sources Link from router � � to � � Parametersof 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 III
UNCONSTRAINED STREAMING: VARIOUS SETTINGS FOR THE MODEL VALIDATION IN ns.

averagelossrateof the video streamin the
�

� � � runsis
�

<
�

�

� . We use ) � �
<

�

�

� in the model and selectthe
runswith lossratebetween�

<
�

�

R
to �

<
�

�'&

. Therearea
total of

���

� suchruns. For theselectedruns,theaverage
RTT and .

,
are

� �

� ms and 
 respectively; the average
TCP throughputis �

�

<
� packets per second.We set the

playbackrate of the video to be
� �

,
���

and
&

� packets
persecond.Thatis, theavailableTCPthroughputis � �




,

 �




,
R

�




higherthanthevideoplaybackrate. Fig. 4(a)
and(b) depictthefractionof latepacketsfor variousplay-
backrateswith startupdelaysof 4 and6 secondsrespec-
tively. Both the resultspredictedby themodelandmea-
suredfrom the simulationareshown in the �gures. For
both startupdelays,the widths of the con�dence inter-
valsarelargefor low playbackratesanddecreasewith the
video playbackrate. The matchbetweenthe modeland
the simulationfor a startupdelayof

&

secondsis better
thanthat for a startupdelayof � seconds.We conjecture
thatthis is dueto thevariationin theRTT encounteredby
thevideostream,whichmanifestsitselfmoreprominently
for thestartupdelayof � secondsin thesimulationandis
not capturedby themodel.

Forastartupdelayof
&

seconds,atplaybackratesof
� �

,
���

and
&

� packetspersecond,theprobabilitiesof experi-
encingno latepacketsthroughoutan � � -secondvideoare

�
<

�
RD�

�
<

��� and �
<

��� respectively from thesimulation.The
upperboundson theseprobabilitiesgivenby (5) are �

<

�

� ,
�

<

�

� and �
<

��� respectively. Theupperboundsarenotvery
closeto thesimulationresults.This is likely dueto thein-
dependenceassumptionusedin deriving thebound[11].

IV. MODEL VALIDATION USING EXPERIMENTS OVER

THE INTERNET

In this section,we validatethemodelsfor constrained
and unconstrainedstreaming using experiments con-
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Fig. 5. TheTCPthroughputof anexperimentfrom USCto theclient
in theresidenthousein Amherst,MA.

ductedover theInternet.In eachexperiment,we streama
videousingTCPfrom onesiteto anothersiteandusetcp-
dump[14] to capturethepacket timestamps.Theaverage
lossrate ) , averageRTT

�
and . , of this TCP �o w are

estimatedfrom the tcpdumptraces.We useLinux-based
machinesfor all theexperiments.

A. Modelvalidationfor constrainedstreaming

We �rst focuson constrainedstreaming.A CBR video
is transmittedusingTCPfromUniversityof SouthernCal-
ifornia (USC) to a client in a residenthousein Amherst,
Massachusetts.The residenthouseusesa cablemodem
for its Internetconnection.Theplaybackrateof thevideo
is � � or

�

� packetsper secondandeachpacket consists
of

�

��� � bytes.That is, thebandwidthof thevideois ap-
proximately � � � or

&

� � Kbps. We conducted� experi-
mentsfrom March3 to March 7, 2003at randomlycho-
sentimes;eachexperimentlastingfor onehour. For each
experiment,we plot the time seriesof the TCP through-
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Fig. 6. Constrainedstreaming:Thefractionof latepacketsobtained
from themeasurementsversusthatpredictedby themodel.

put, whereeachpoint is the averagethroughputover a
�

� -secondinterval. Basedon the throughputseries,we
choosestationarysegmentsof length

�

� � to
�

� � � sec-
ondsthat exhibit variationsin throughput,implying the
occurrenceof congestion. The segmentsare chosenby
visual inspectionalthoughmorerigorousmethodscanbe
used[15]. We useonetraceto illustrateour procedure.
Fig. 5 plots the TCP throughputaveragedover every

�

�

secondsfor oneexperiment.We choosethe �rst, second
andthird

�

� � � secondsof the traceasthreesegmentsto
validatethe modelagainstthe measurements.Eachseg-
mentis treatedasa1000-secondvideo.Thelossrate,RTT
and.

, areobtainedfrom thedatasegmentandusedin the
model.

We obtaineda total of
� �

segmentsfrom the experi-
ments.Thestartupdelayvariesbetween� to

�

� seconds.
Fig. 6 presentsa scatterplotshowing the fraction of late
packetsfor variousstartupdelaysobtainedfrom themea-
surementsversusthatpredictedby themodel.The �

�

de-
greeline startingat the origin representsa hypothetical
perfectmatchbetweenthemeasurementsandthemodel.
Along the upperand lower �

�

degreelines, the fraction
of late packets from the model is respectively

�

� times
higherand lower than that from the measurements.All
but � scatterplotpointsfall within anorderof magnitude
of eachother. These� pointsarefor thestartupdelaysof

� or
�

� seconds.Thereasonwhy thefractionof latepack-
etsfrom thesemeasurementsis

�

� timeshigherthanthat
from themodelmight bebecausethenumberof samples
in thedatasegmentis not suf�cient.

B. Modelvalidationfor unconstrainedstreaming

We next comparemodel prediction to measurements
taken over the Internetfor unconstrainedstreaming. In
each experiment, we run � parallel TCP connections
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Fig. 7. Unconstrainedstreaming:Thefractionof latepacketsversus
theplaybackrateof thevideofor experimentsfrom UMassto Italy.

to obtain a group of runs with similar TCP parameters
(loss rate, 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 server is at University of
Massachusetts(UMass)and the client is in Universita'
dell'Aquila, Italy. Eachexperimentlastsfor

�

hour. We
thendivide thetracefor eachTCP�o w into multipleseg-
ments,eachof

�

� � seconds.Each100-secondsegment
is treatedasa

�

� � -secondvideo. We use ) � �
<

��


�

in
the model and select R

& &

segmentshaving loss rate be-
tween �

<
�

R��
and �

<
��


�

. For the selectedsegments,the
RTT is 
 �

�

ms and .
,

�

�

. The averagethroughputis
�	�

< R
packetspersecond.We settheplaybackrateof the

videotobe
�

R ,
�


 and
�

� packetspersecond.Correspond-
ingly, theavailableTCPthroughputis R��




,
�

�




and �




higherthantheplaybackrateof thevideo.Fig. 7 plotsthe
fraction of late packets for variousplaybackrateswhen
thestartupdelayis

&

seconds.Thefractionof latepack-
etspredictedby themodelarehigherthanthosefrom the
measurements.Thismightbebecause,at thebeginningof
thevideostreaming,thewindow sizeis alwaysonein the
modelwhile it maybelargerthanonein themeasurement
datasegment.

V. EXPLORING THE PARAMETER SPACE

In this section,we vary the modelparametersin con-
strainedandunconstrainedstreamingto studytheimpacts
of theseparameterson performance.In doingso,we pro-
vide guidelinesasto whentheuseof TCP leadsto satis-
factoryperformance.

We assumethe startupdelay is � to
�

� seconds.The
loss rate,

�
and .

,
in the model jointly determinethe

availableTCPthroughputmeasuredin packets. For con-
venience,we refer to thesethreeparametersasTCP pa-
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Fig. 8. Constrainedstreaming:Thefractionof latepacketsversusthe
lengthof thevideofor a startupdelayof � seconds.

rameters. Wesetthevaluesof theTCPparametersto rep-
resenta wide rangeof scenarios.The lossrateis varied
in therangeof �

<
� ��� to �

<
��� , sincea lossrateof �

<
� ��� is

relatively low andalossrateof �
<

��� is highfor streaming.
Basedonpreviousstudies[16] andourmeasurements,we
vary � in the rangeof � � ms to 


R
� ms. Previous work

showsthatthemedianRTT betweentwo sitesonthesame
coastin theUS is

�

� ms,while themedianRTT between
west-coastand east-coastsitesis

�

� � ms [16]. We ob-
served a RTT of 
 � � ms in our experiments(seeSec-
tion IV). We vary .

, in the rangeof
�

to 
 , basedon
several measurementsfrom Linux machinesin [17] and
ourmeasurements.

DenotetheavailableTCPthroughputas . packetsper
second.Then .

1

� representshow muchthe achievable
TCP throughputis higher than the video playbackrate.
In thefollowing, we �rst explorehow theperformanceof
constrainedandunconstrainedstreamingvarieswith the
lengthof thevideo.We theninvestigatetheeffectof .

1

�

ontheperformanceandthesensitivity of theperformance
to thevariousparametersin themodel.Following that,we
identify theconditionsunderwhichusingTCPprovidesa
satisfactoryviewing experience.At theend,we summary
thekey resultsanddescribethe implicationof theresults
to thestop-and-wait playoutstrategy.

A. Theeffectof videolengthon theperformance

We �rst usethesettingin SectionIII-A to illustratethe
fractionof latepacketsasafunctionof thevideolengthin
constrainedstreaming.Thestartupdelayis

&

secondsand
thelengthof thevideorangesfrom

�

� � to
�

� � � seconds.
Fig. 8 plots the fraction of late packetsversusthe video
lengthfrom themodelandthenssimulation.We observe
that for videoslongerthan R

� � � seconds,the fractionof
late packets for differentvideo lengthsfrom the simula-
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Fig. 9. Unconstrainedstreaming:Probabilityof having at leastone
latepacket in a roundversusroundsfor variousplaybackratesof the
video.

tion is similarandcloserto thepredictionfrom themodel
thanfor shortervideos. Throughoutthis section,we as-
sumethe video for constrainedstreamingis suf�ciently
long so thatstationaryanalysiscanbeusedto obtainthe
fractionof latepackets.

In unconstrainedstreaming,to investigatehow thefrac-
tion of latepacketsvarieswith thevideolength,weobtain

C � ���*�

�

�=<=<=<T���
� , the probabilityof having at leastone

latepacket in the � th roundfrom (4) (seeSectionII-C.2).
Fig. 9 plots C

�
over thelengthof thevideofor thesetting

in SectionIII-B. Here the video is �

 � rounds( � � sec-

onds). Fig. 9 indicatesthat the fractionof latepacketsis
low atthebeginningof thevideo,increasesto apeakvalue
andthendecreasesover time. This canbe explainedas
follows. At thebeginningof theplayback,theprobability
of having latepacket in a roundis low dueto thepackets
accumulatedin the client local buffer during the startup
delay. Subsequently, packetsareplayedout while at the
sametime being accumulatedin the client buffer. The
numberof earlypacketsin thebuffer increaseswith time
since,on average,theavailableTCPthroughputis higher
thantheplaybackrateof thevideo. Therefore,theprob-
ability of having late packets in a round reachesa peak
valueatapproximatelythe

R
� � th round(the22ndsecond)

and subsequentlydecreasesover time as the numberof
earlypacketsin thebuffer increases.

In Fig. 9, the probability of having late packet in the
�


 � th rounddecreasesto theorderof
�

���

�

and
�

���

�

for
theplaybackratesof

� �

and
���

packetspersecondrespec-
tively. Thisindicatesthat,after �


 � rounds,thefractionof
latepacketsis approximatelyinverselyproportionalto the
lengthof the video, sincethe probability of having late
packetafter �


 � roundsis closeto � . This is con�rmed by
thesimulationresults.In general,to obtainthefractionof
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Fig.10. Theperformanceof constrainedandunconstrainedstreaming
whenvaryingthevideoplaybackrateand�xing theTCPparameters.

latepackets, 7 , for a videoof
�

rounds,it is suf�cient to
obtainthefractionof latepacketsin theinitial , roundsof
thevideo,denotedas 7

8

, suchthat C

8

is closeto 0. Then
7 �

,
7

8

1 � . Throughoutthissection,weassumethevideo
for unconstrainedstreamingis � � to

�

� � seconds.

B. Theeffectof .
1

� on theperformance

We now explore theeffect of .
1

� on theperformance
of constrainedandunconstrainedstreaming.Thefraction
of late packetsdecreasesas .

1

� increases.This is intu-
itive since,as .

1

� increases,packetsareaccumulatedin
theclient's local buffer fasterrelative to theplaybackrate
of the video. We increase.

1

� by eitherdecreasingthe
video playbackrateor oneof the TCP parameterswhile
�xing the otherparameters.We only show oneexample
wherewe vary the video playbackrateand �x the TCP
parameters.Weusethesettingdescribedin SectionIII-B,
where)�� �

<
�

�

� ,
�

�

� �

� ms, .
,

� 
 andtheavailable
TCPthroughputis

�

�

<
� packetspersecond.Theplayback

rateof thevideois chosento be
� �

,
���

and
&

� packetsper
second,correspondingto .

1

�

�

�

<
� ,

�

<

 and

�

< R
respec-

tively. Fig. 10 shows the fraction of late packets for the
variousplaybackrateswith a startupdelayof

&

seconds
underconstrainedandunconstrainedstreaming.For con-
strainedstreaming,thevideois assumedto beontheorder
of thousandsof seconds.For unconstrainedstreaming,the
lengthof thevideois � � seconds.We observe thatasthe
playbackrateof thevideodecreases( .

1

� increases),the
fraction of late packets decreasesexponentially in both
constrainedand unconstrainedstreaming. For the same
playbackrate,the fraction of late packets in constrained
streamingis higherthanthat in unconstrainedstreaming
by an orderof magnitude.The differencebetweencon-
strainedandunconstrainedstreamingbecomesevenmore
dramaticasthevideo lengthincreases,sincethe fraction
of late packets is similar for long videosin constrained
streaminganddecreaseswith the lengthof the video in
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Fig. 11. Constrainedstreaming:Sensitivity to variousparameters
(����� , ��� andtheplaybackrateof thevideo), �	��

����� � .

unconstrainedstreaming.1 It is not surprisingthat un-
constrainedstreamingcansigni�cantly outperformcon-
strainedstreaming,sincethe maximumnumberof early
packets in the latter is no more than the productof the
startupdelayandthe videoplaybackrate,while no such
limit existsin theformer.

C. Sensitivityof performanceto thevariousparameters

We next �x .
1

� andstudy the sensitivity of the per-
formanceto thevariousmodelparameters.Fig. 11 shows
the fraction of late packets for four setsof TCP param-
etersin constrainedstreaming.The playbackrateof the
video is chosenso that .

1

�

�

�

<

&

for all the settings.
Thestartupdelayis between� and

�

� seconds.In Fig.11,
.

,
�

�

, 
 ; ) � �
<

�
R , �

<
��� and �

�
�

� , 150 ms. For
) � �

<
�

R
and

�
�

�	�

� ms, the fraction of late pack-
etsfor variousstartupdelaysdecreasesdramaticallywhen

.
, decreasesfrom 
 to 1, especiallyfor largestartupde-

lays. For )%� �
<

��� and .
,

�

�

, thedecreaseis closeto
anorderof magnitudewhen � decreasesfrom

�	�

� msto
�

� ms. For .
,

�

�

and
�

�

�	�

� ms,thedecreaseis also
large for long startupdelayswhen ) decreasesfrom 0.08
to 0.02. The above shows that the performanceof con-
strainedstreamingis not solely determinedby .

1

� but
alsodependson the valuesof the variousparametersin
themodel.For a �x edvalueof .

1

� , theperformanceim-
proveswhenreducingoneof theTCPparameters.

Fig. 12shows theprobabilityof having at leastonelate
packet in a roundfor four setsof TCP parametersin un-
constrainedstreaming,whereroundsarerepresentedus-
ing seconds.Theplaybackrateof thevideois chosenso
that .

1

�

�

�

<

 for all the settings.The startupdelayis

� We ignorethe initial increasingtrendsinceits durationis usually
veryshort(seeSectionV-A).
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�

.

&

seconds.In Fig. 12, ) � � < � R
, � < ��� ;

� �

�'&

� , 
 R � ms
and .

,
�

�

, 
 . Theprobabilityof having latepacketsin a
roundis reducedby approximatelyanorderof magnitude
for all the roundswhen

�
decreasesfrom 


R
� to

�'&

� ms
for .

,
� 
 and)�� �

<
�

R ; when) decreasesfrom �
<

��� to
�

<
�

R
for

�
�

�'&

� msand.
,

� 
 ; andwhen.
,

decreases
from 
 to

�

for �
�

�'&

� ms and )!� �
<

�
R . This above

shows thattheperformanceof unconstrainedstreamingis
sensitive to the variousparametersin the modelandthe
performanceimproveswhenreducingoneof theTCPpa-
rameters.

D. Conditionsfor satisfactoryperformance

In SectionV-C, we observe that, for a �x ed value of
.

1

� , different setsof parameterscan lead to dramati-
cally different performancein both constrainedand un-
constrainedstreaming. In otherwords,different setsof
parametersplacedifferent requirementson the value of

.
1

� neededto achieve the sameperformance.We next
identify theconditionsunderwhichtheperformancewhen
usingTCPis satisfactory.

1) Constrainedstreaming: We �rst de�ne a criterion
of satisfactoryperformancefor constrainedstreaming.A
viewing experienceis de�nedto besatisfactoryif thefrac-
tion of latepacketsis below

�

���

�

whenthestartupdelay
is

�

� secondsor less. We usethis criterionsimply asan
examplesincea startupdelayno morethan

�

� secondsis
still tolerableanda fractionof latepacketsbelow

�

�
�

�

is
low for viewing a video. Othercriteria can alsobe de-
�ned. For �x ed .

,
and) , we �nd themaximumvalueof

�
and,hence,the minimum valueof .

1

� suchthat the
criteriais satis�ed.

Fig. 13 shows theminimumrequiredvalueof .
1

� asa
functionof .

, and) for aplaybackrateof R

�

packetsper
second.When .

,
increasesfrom

�

to 
 , theincrementof
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for asatisfactoryperformance.

theminimumrequiredvalueof . 1

� is from
�

<

�

to
RD<

�

for
)��/� < ��� ; from

�

<

&

to
�

< � for )��/� < � R andfrom
�

< � to RD<

�

for )�� � < � ��� . For a�x ed . ,
, therequirementon . 1

� for
thelowestlossrate(i.e., ) �/�

<
� ��� ) is themoststringent.

We observe similar requirementson .
1

� for othervideo
playbackrates(�gures not shown). In summary, themin-
imum requiredvalueof .

1

� for constrainedstreamingis
between

�

<

�

and
�

<

�

for all thesettingswestudy.

2) Unconstrainedstreaming: We explore the perfor-
manceof unconstrainedstreamingin two extremecases.
The bestcaseis whenall the TCP parametersareat the
lowestvalues,thatis, )��/�

<
� ��� , �

� � � msand .
,

�

�

.
In this case,therequirementon .

1

� to achieve a certain
performanceis theleaststringent.Theworstcaseis when
all the TCP parametersareat the highestvalues,that is,

)&� �
<

��� ,
�

� 

R

� msand .
,

� 
 , wherethe require-
menton .

1

� to achieveacertainperformanceis themost
stringent.Weuseastartupdelayof

&

secondsandavideo
of

�

� � seconds.
In thebestcase,when .

1

� is aslow as
�

<

�

, theproba-
bility of having latepacketsreachesa maximumvalueat
the

�

� th secondandthendecreaseswith thelengthof the
video.Furthermore,theprobabilityof having latepackets
in a roundis lessthan

�

� �

�

for all therounds.This indi-
catesthatanavailablethroughputslightly higherthanthe
playbackrateof thevideo is suf�cient to achieve a good
performancein this case. In the worst case,the average
availableTCP throughputis

&

packets per second. The
videoplaybackrateis setto 
 and � packetspersecond,
correspondingto .

1

�

�
R

and
�

<

�

respectively. When
.

1

�

�

�

<

�

, the fraction of late packets is �
<

�
R
. When

.
1

�

�
R
, the performancebecomesreasonablygood:

The fraction of late packets decreasesto �
<

� �

�

and the
probability of having late packetsat the

�

� � th secondis
�

<
� �

�

. In summary, for all the settingswe consider, the
minimum requirementon .

1

� to achieve a goodperfor-
manceis between

�

<

�

to
R

in unconstrainedstreaming.
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E. Summaryof resultsandimplicationsto stop-and-wait
playout

Thekey resultsfromourexplorationof parameterspace
are:

� Thefractionof latepacketsis similar for longvideos
in constrainedstreamingwhile decreaseswith 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 . 1

� . Underthesameconditions,uncon-
strainedstreamingcansigni�cantly outperformcon-
strainedstreaming.

� The performanceof constrainedand unconstrained
streamingis notsolelydeterminedby . 1

� but is sen-
sitive to the valuesof the variousparametersin the
models.

� In the settingswe study, the minimum requirement
on .

1

� for a goodperformance(by the criteria we
de�ned) is between

�

<

�

to
RD<

�

in constrainedstream-
ing. For unconstrainedstreaming,the requirement
on .

1

� is in therangeof
�

<

�

to
R
.

Our modelsfor constrainedandunconstrainedstream-
ing assumecontinuousplaybackat theclient, which dif-
fers from the stop-and-wait playout strategy commonly
usedin the commercialstreamingsystem.However, the
fractionof latepacketsobtainedfrom ourmodelsprovides
someinsightinto thelikelihoodthataclientneedsto stop
during theplaybackof thevideo,and,hence,theperfor-
manceunderthestop-and-wait playoutstrategy. Further-
more,astopandwait duringtheplaybackcanberegarded
asextendingthe startupdelayin our models.Therefore,
we conjecturethat the performanceunderstop-and-wait
strategy will bebetterthanthatpredictedfrom our model
underthesameconditions.

VI. CONCLUSIONS AND FUTURE WORK

In thispaper, wedevelopeddiscrete-timeMarkov mod-
els for constrainedandunconstrainedstreamingthatcor-
respondsto live andstoredvideo streamingrespectively.
Our validationusingnsandInternetexperimentsshowed
thattheperformancepredictedby themodelsareaccurate.
Usingthemodels,we studiedtheeffectof thevariouspa-
rameterson the performanceof constrainedand uncon-
strainedstreaming.In doing so, we provided guidelines
asto whenusingTCPdirectly for streamingrenderssat-
isfactoryperformance.

As futurework, we arepursuingin two directions:(i)
Develop an exact model for the stop-and-wait playout

strategy. (ii) Explore the useof parallel TCP �o ws for
videostreamingwhentheaveragethroughputof oneTCP
�o w is lower thanthevideoplaybackrate.
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