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Abstract

This paper introducesTime-lined TCP (TLTCP). TLTCP is
a protocol designedto provide TCP-friendly delivery of time-
sensitivedata to applications that are loss-tolerant, such as
streamingmediaplayers. Previouswork on unicastdelivery of
streamingmediaover the InternetproposesusingUDP and per-
formscongestioncontrol at theuserlevel by regulatingtheappli-
cation'ssendingrate(attemptingto mimicthebehaviorof TCPin
order to beTCP-friendly).TLTCP, on theotherhand,is intended
to beimplementedat thetransportlevel,andis basedonTCPwith
modi�cations to supporttime-lines. Insteadof treatingall data
asa bytestreamTLTCP allows theapplicationto associatedata
with deadlines.TLTCPsendsdatain a similar fashionto TCPun-
til thedeadlinefor a sectionof data haselapsed;at which point
thenowobsoletedata is discardedin favor of new data. Asa re-
sult,TLTCPsupportsTCP-friendlydeliveryof streamingmediaby
retainingmuch of TCP's congestioncontrol functionality. We de-
scribean API for TLTCPthat involvesaugmentingtherecvmsg
andsendmsg socketcalls. We alsodescribehowstreamingme-
dia applicationsthat usevariousencodingschemeslike MPEG-1
canassociatedata with deadlinesand useTLTCP's API. We use
simulationsto examinethebehaviorof TLTCPundera widerange
of networksandworkloads.We �nd that it indeedperformstime-
lined data delivery and under mostcircumstances bandwidthis
sharedequallyamongcompetingTLTCP and TCP �ows. More-
over, thosescenariosunderwhich TLTCPappearsto beunfriendly
are thoseunderwhich TCP�ows competingonly with otherTCP
�ows do notsharebandwidthequitably.

1. Introduction

It is widely believed [1] [23] [8] that congestioncontrol
mechanismsarecritical to the stablefunctioningof the Internet.
Presently, the vastmajority (90-95%)of Internettraf�c usesthe
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TCPprotocol[3] which incorporatescongestioncontrol[11] [26].
However, dueto thegrowing popularityof streamingmediaappli-
cationsandbecauseTCP is not suitablefor thedelivery of time-
sensitive data,a growing numberof applicationsarebeingimple-
mentedusingUDP[15].

SinceUDP doesnot implementcongestioncontrol, protocols
or applicationsthatareimplementedusingUDPshoulddetectand
reactto congestionin thenetwork. Ideally, they shoulddo so in
a fashionthat ensuresfairnesswhencompetingwith existing In-
ternettraf�c (i.e., they shouldbe TCP-friendly). Otherwisesuch
applicationsmayobtainlargerportionsof theavailablebandwidth
thanTCP-basedapplications.Moreover, the wide-spreaduseof
protocolsthat do not implementcongestioncontrol or avoidance
mechanismscould result in a congestive collapseof the Internet
[8] similar to thecollapsethatoccurredin October, 1986[11].

Thework describedhereis motivatedby theseconcerns.From
theperspectiveof theapplicationthereis aneedfor aprotocolthat
is designedfor transportingdatawith deadlinesover a network
that provides no quality of service(QoS) guarantees.From the
perspective of thenetworkthereis a needfor a protocolthatgen-
eratesstreamsthatcompetefairly with theexisting traf�c andper-
formscongestioncontrolusingrobustmechanisms.To thisendwe
have createda new protocol,calledtime-linedTCP (TLTCP)de-
signedto supporttheTCP-friendlydelivery of time-sensitive data
over theInternet.

Contributions
� We have createda new transportprotocol,calledtime-lined

TCP(TLTCP),for deliveringtime-sensitivedataovertheIn-
ternet.We have deviseda way for TLTCPto usetherobust
window-basedcongestioncontrolof TCPwithout requiring
thatthedatabedeliveredreliably. As a result,TLTCPcom-
petesfairly with TCP �o ws (and is TCP-friendly) over a
wide rangeof networkconditions.TLTCP associateseach
sectionof datawith a deadlineandusesa novel time-lined
datadelivery mechanismin TLTCP that usesthesedead-
lines to keeptrackof thesectionsof datathatareobsolete
andensuresthatno obsoletedatais sent.

� TLTCP provides an interfacethat is more suited to con-
tinuousmediaapplicationsthan a simple end-to-endbyte
stream. We proposeaugmentingthe presentsocketAPI
thatallowsa sendingapplicationto specifyadeadlinewhen
handinga sectionof datato TLTCP. The API also allows
TLTCP to inform the receiving applicationof the gapsin



thedatabeingdelivered.Theproposedchangesdo notalter
but extendthesemanticsof thepresentsocketAPI.

� We have performedextensive simulation experimentsto
evaluateTLTCP. Theexperimentsshow thatTLTCPindeed
performsdatadelivery in atime-linedfashion.Furthermore,
usingdatafrom our simulationswe have quanti�ed theef-
fect of TLTCP�o ws on competingTCP�o ws. Our simula-
tion resultsshow thatTLTCPis indeedTCP-friendlyover a
wide rangeof networkconditions.In addition,thecircum-
stanceswhereTLTCPseemsto beTCP-unfriendlyarethose
underwhichTCPis unableto sharebandwidthequitably.

Theremainderof this paperis organizedasfollows. In Section2
wedescriberelatedworkandin Section3 weexplainourapproach
to the problem. Section4 describeshow our protocolwould be
usedin conjunctionwith streamingmediaapplications.How the
TLTCPprotocoloperatesis describedin Section5. We reportthe
resultsfrom our simulationexperimentsusing the ns-2 network
simulator[29] in Section6. This is followed by conclusionsin
Section7.

2. Related work

Previouswork [4] [25] [18] [23] hasexaminedrate-basedalgo-
rithmsfor implementingTCP-friendlycongestioncontrol. In each
casethesenderthrottlestherateatwhich it injectspacketsinto the
networkin orderto performcongestioncontrol.To competefairly
with TCP, thesendingrateis regulated,thusattemptingto achieve
the samethroughputas a TCP-streamwould if operatingunder
thesameconditions.Theseapproachesarebasedon modelsthat
attemptto characterizeTCPcongestioncontrolmechanisms[12]
[14] [17]. As datais sent,the applicationmeasuresor estimates
valuesfor theparametersof themodel;suchaspacketlossrates,
round-triptimes,andtimeoutvalues.Usingtheseparametersand
themodeltheapplicationperiodicallyrecomputestheappropriate
sendingrate. The proposedschemesdiffer primarily in thecom-
plexity andaccuracy of themodelused.

RAP [23] employs a relatively simple additive-increase,
multiplicative-decrease(AIMD) modelof TCP's congestioncon-
trol mechanismsandis ableto obtainrelatively TCP-friendlybe-
havior whencompetingfor bandwidthwith TCP Sack�o ws [6].
While it is targetedtowardsfutureInternetscenariosin whichTCP
Sackand RED [9] are widely deployed,it is not able to share
bandwidthfairly with commonimplementationsof TCP[6], TCP
Tahoeor TCP Reno[22]. A signi�cant advantageof TLTCP is
that it is basedon andis TCP-friendlywith TCPRenoimplemen-
tations,which is themostwidely usedTCPimplementationin the
Internettoday[19] [20].

Sisalemet al. [25] proposea rate basedequationthat is de-
signedto be usedwith RTP/RTCP. Their schemedynamically
computesanadditive increaserateandalsoperformsbackoff. Ex-
perimentsconductedwith RED gatewaysarereportedandshow
that their schemedoesnot sharebandwidthequallyundersitua-
tionswith low lossrates.We expectTLTCPto bemorestableand
sharebandwidthequallyunderconditionswith low lossrates.

Padhyeet al. [18] describeandevaluatea ratecontrol proto-

col basedon a moredetailedmodelof TCPthroughput[17]. Al-
thoughthey areableshow thattheirprotocolisTCP-friendlyunder
a varietyof networkcon�gurationsandconditions,the recompu-
tationinterval (thetime betweenrateadjustments)mustbechosen
carefully. As can be seenfrom their simulationresultsthe best
recomputationinterval may vary acrossdifferentnetworkcondi-
tions,makingit dif�cult to useonerecomputationstrategy undera
varietyof circumstances.They alsopointoutthatthey donotshare
bandwidthfairly with TCP streamswhenbottlenecklink delays
aresmall or large becauseit makesit dif�cult to obtainaccurate
estimatesof lossrates.

Rameshetal. [21] describeanumberof potentialdrawbacksof
modelbasedapproaches.In particular, they point out thatseveral
factorscanresultin inaccuratepacketlossestimatesin themodel
developedby Padhyeet al. [17]. Theseinaccurateestimatescan
leadto underor over-allocationof bandwidthto non TCP �o ws.
TLTCPis not modelbasedbut ACK-clockedandthusis not im-
pactedby thesedrawbacks.

Cenetal. describeastreamingcontrolprotocol(SCP)[4], that
usesa congestionwindow basedpolicy for congestionavoidance.
While their approachis similar to TCP they they do not perform
retransmissionand are not faithful to TCP in order to improve
smoothnessin streaming. The experimentalresultsreportedus-
ing animplementationof SCPontopof UDPshow thatthepacket
ratesof competingSCPandTCPsessionsdiffer signi�cantly un-
dera varietyof networkcon�gurations.

Another schemereportedby Jacobset al. [10] attemptsto
mimic TCP's congestionwindow in userspace.Thewindow size
is usedto estimatebandwidthwhich is thenusedto drive a media
pumpat thesenderthatusesUDP to senddatato thereceiver. At-
temptingto mimic thecongestionwindow of TCPattheuserlevel
is likely to be inaccurate.This is because,the fact a messageis
written to theUDPsocketdoesnotmeanthatthepackethasbeen
releasedinto thenetwork. A mechanismin theuserspacewould
havenomeansof knowing if themessageor its acknowledgement
is waiting in thekernelbuffers or traversinga link. TLTCPdoes
notuseamediapumpto regulateits datasendsbut insteadit usesa
slidingwindow protocollike TCP. TLTCPalsodoesnotuseUDP
andis meantto be implementedin thekernelby makingchanges
to the TCP stack. Furthermoreunlike the schemesproposedin
past,TLTCP usesthe time-lined natureof continuousmediato
drive its datasends.Detailsof theschemeproposedby Jacobset
al. [10] arenot providedandit is unclearhow TCP-friendlysuch
anapproachwouldbe.

3. Proposed approach

Unlike previouswork, our approachis notbasedon modelsof
TCP. Insteadwe proposea new protocol,called time-linedTCP
(TLTCP),thatis intendedto beimplementedatthetransportlevel,
and is basedon TCP with modi�cations to support time-lines.
Time-linesareusedfor thedelivery of time-sensitive datato loss-
tolerantapplicationssuchasstreamingmediaplayers.Suchappli-
cationsaretime-sensitive becausedatathatarrivesafter thedead-
line by which it was meantto be playedis not useful and will
simply be ignored. Although usingTCP will ensurethat an ap-
plicationis TCP-friendly, TCPis unsuitablefor suchdatatransfer



becauseit will potentiallysendobsoletedatathatwouldno longer
beusefulto thereceiving application.

WhenusingTLTCP, in additionto specifyingthedataandits
size,anapplicationincludesthedeadlineafterwhich thetransport
protocolshouldstoptrying to sendthatdata. TLTCPattemptsto
sendthe datauntil the deadlinehasexpired, at which point it is
presumedthat the datawould be obsoleteby the time it would
reachthereceiver. Oncea deadlinehasexpiredTLTCPabandons
theobsoletedatain favor of new datathat is associatedwith later
deadlines. Note that deadlinesare de�ned to be relative to the
sender. For best-effort service,thepresentschemecouldbeeasily
extendedto makethedeadlinesrelative to thereceiverby factoring
in the RTT estimatesto the deadlines.TLTCP is intendedto be
implementedin thetransportlevel of thekernel. SinceTLTCPis
ACK-clocked,it is ableto mimic thebehavior of TCPovera wide
rangeof conditions.As TCPcontinuesto evolve [11] [26] [2] [6]
we believe that it would be relatively easyto implementa time-
lined versionof the protocol. However, we expectthat it will be
relatively dif�cult to produceaccuratemodelsanddevelopTCP-
friendly protocolsfor eachfuture variationof or modi�cation to
TCP.

4. Applications

ThecontinuousmediaapplicationthatusesTLTCP is expected
to handletheencodingschemespeci�c functions,while relyingon
TLTCP to performcongestioncontrol andbesteffort datadeliv-
ery. Thesendingapplicationwould typically calculatea schedule
for the transmissionof its data. Eachsectionof databeingsent
(e.g.,sequenceof videoframes,layersof video,or audiosamples)
would be assigneda deadlinethat is determinedby theschedule
(whichwouldaccountfor bufferinganddelaycharacteristicsof the
encodinganddecodingschemes).Thereceiverapplicationwould
begin playbackafter �rst receiving andbuffering someportionof
thedata. During playbackportionsof dataaredecodedandpre-
sentedto theuser. If thesenderis not be ableto sendall or even
portionsof a sectionbeforethedeadlineassociatedwith thesec-
tion expires, the receiver may be able to continuewith a lower
qualityplayback,dependingontheapplication'sability to tolerate
lostdata.

For exampleMPEG-1 video [24] that hasframeswith vary-
ing degreesof importancefor the playbackapplication,I, P and
B respectively. Roughlyspeaking,the I framescanbe displayed
independentlywhile thePframescanonly bedisplayedif thepre-
vious I or P frameshasarrived. The B framesare bidirection-
ally encodedand cannotbe displayedunlessthe previous non-
bidirectionally encoded(I or P) frame as well as the next non-
bidirectionallyencoded(I or P) framearedelivered. Becauseof
the bidirectionaldependencies, the display order of framesdif-
fers from the order in which they are storedin a �le or trans-
ported. For instancethe display order of an MPEG-1 video
maybe,
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TLTCPsectionsarecreatedfrom anMPEG-1�le in thesame
orderasthey arestoredbut thedeadlinesareassignedaccordingto
theorderof display. Thesamedeadlineis assignedto anI frame,

theP framesdirectly dependenton the I frame,theP framesthat
aredependenton the P framesthat dependon the I framean so
on. The B framesare assignedthe samedeadlinesas the ear-
lier framesthey dependupon,but they aresentafter the frames
they dependupon.Thusin theexampleabovethedeadlineassign-
mentswould beasfollows.
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plicationwould startby writing theencodedframesto thesocket
asdescribedaboveandTLTCPwould try to deliver thesectionsin
theorderthey werewritten. However, if theavailablebandwidthis
insuf�cient to deliverall of thesection
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. In
otherwords, if the bandwidthis insuf�cient TLTCP will discard
thelessimportantdataandinsteadattemptto deliver themoreim-
portantdatathatstill hasa chanceof reachingthereceiver in time
for playback.Notethat, if theavailablebandwidthdecreasesfur-
ther (due to congestion),the sendingapplicationuponreceiving
feedbackfrom theplaybackapplicationmaydecideto changeits
transmissionscheduleandjustsendtheI andP framesor evenjust
theI framessothattheimportantframeshavemoretimeto getde-
livered.Reusingtheexample,thedatasectionshandedto TLTCP
in thesetwo reducedbandwidthcasesdescribedabovewould look
like
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MPEGreceiver on the otherhand,will be ableto continueplay-
backbut thequalityof playbackwouldworsenasmoreframesare
skipped.

The API

The API for TLTCP hastwo main functions. First, thesend-
ing applicationneedsto beableto specifyto TLTCPsegmentsof
dataalongwith their associateddeadlines.Second,the receiving
end needsto be able to deliver to the client applicationthe re-
ceiveddataalongwith informationaboutwheregapsarelocated.
We proposeaugmentingtheUNIX socketcallsof recvmsg and
sendmsg [28] for thispurpose.

To seehow theAPI would beusedconsiderthefollowing ex-
ample. The server process�rst createsa SOCKSTREAMsocket
and connectsit to the receiver to establishthe dataconnection.
Then the various�elds of the msg header structureare �lled
in before calling sendmsg with a MSGTL �ag used to indi-
cate time-lined data. Pointersfor eachof the data sectionsto
be sentby TLTCParestoredin an arrayof msg iov structures.
Thesearemadeup of a pointer to the data,iov base and the
size of the data, iov len . The size of the msg iov array is
equalto thenumberof sectionsbeingwritten andis storedin the
msg iovlen �eld of themsg header . Deadlinescorrespond-
ing to thedatasectionsareprovidedusinganancillarydatames-
sage.Thevalueof thedeadlinesarestoredin msg control �eld
of msg header , with themessagetype(cmsg type ) speci�ed
as,TL DEADLINE. The lengthcmsg len , is againequalto the
numberof datasections.

At thereceiverendwhenrecvmsg is calledtheMSGTL �ag
indicatesthat the datareceived is time-lined. The receiver can
thenreadthe ancillary datapointedto by msg control , in or-
der to distinguishbetweenthe data and gaps. If a �eld in the
ancillary datacontainsTL DATAthenthe corresponding�eld of



the msg iov structurepoints to valid data and the application
can storethe pointer in order to retrieve the data later. On the
otherhandthe ancillary datacontainsTL GAPthenthe applica-
tion needsto makea noteof thesizeandlocationof thegapand
takethis into accountduringplayback.

5. Functioning of TLTCP

As discussedpreviously, exceptfor theadditionalmechanisms
to supporttime-lines,the functionalityandthusthe datasending
characteristicsof TLTCP aresimilar to TCP. The following de-
scriptionof TLTCP is basedon TCP-Reno.We assumethat the
readeris familiar with TCP-RenoandweuseTCPto referto TCP-
Reno.

5.1 The Sender

TheTLTCPsenderacceptstime-sensitive datafrom theappli-
cationvia theTLTCPAPI. Eachsectionof datais associatedwith
a deadlineby which it shouldbe sent. The sendermaintainsa
linked list, called time-line list, that storesthe deadlinesfor the
time-lineddata. A nodein this list that storesthe deadlineand
startingsequencenumberfor theassociatedsectionof data.Note
that the dataitself is storedin the kernelbuffers asTCP andthe
lowest seqno �eld of thelist nodepointsto the�rst databyte
of a sectionin thebuffer.

ThesenderperformsdatasendsasanormalTCPsenderwould
until theexpiry of thelifetime timerwhich indicatesthatthedead-
line for thecurrentsectionof datahasexpired. It thenselectsthe
next sectionof datato be sentfrom the list andsetsthe lifetime
timer to the deadlinefor this section. All of the dataup to the
lowestsequencenumberof thenew sectionof datais discarded.

5.2 Lifetime Timer

In additionto the TCP timers,TLTCP hasa timer called the
lifetime timer. This new timer keepstrackof thedeadlinesasso-
ciatedwith theoldestdatain the sendingwindow (the minimum
of the receiver's advertisedwindow andthecongestionwindow).
The lifetime timer countsdown in the samefashionas the TCP
timers. When a lifetime timer expires any dataassociatedwith
thatdeadlinethathasnotalreadybeensentis consideredobsolete
andis discardedfrom thesendingwindow. In otherwords,in re-
sponseto adeadlineexpiry thesendingwindow is movedforward
to sequencenumbersthatarenot obsolete.TLTCPthenattempts
to sendthe dataassociatedwith the next deadlineand the life-
time timer is setto thatdeadline.Furthermore,uponexpiry of the
lifetime timer the time-line list is updatedto containonly entries
for thedatasectionsthatarenot obsolete.Figure1 shows these-
quenceof actionsthataretakenafterexpiry of thelifetime timer.
Dueto expiry of thedeadlinessomedatasectionsmaynot bede-
liveredcompletelyleaving gapsin the sequenceof bytesthat is
deliveredto thereceiver.

Letusconsideranexamplethatillustrateshow aTLTCPsender
transportscontinuousmediadatato a receiver. Supposethat the
senderhasa sendwindow sizeof 10 bytes.For simplicity assume
singlebytepayloadfor all packets.The sendercanthensend10

if ( Lifetime_ tmr has EXPIRED ) {
rem_expi red _dat a(t im eli ne_l ist , &buf);
if (!timeline _l ist _empty( )) {

cur_node= get_ cur _node(t im eli ne_li st );
store_una ck ed_se q( );
move_wind ow(c ur_ node. lo west_ se q);

set_lifet im e_tmr (c ur_ node.de adlin e) ;
}

}

Figure 1. Pseudo code of the actions taken on
the expiry of lifetime timer .

consecutivepackets.Furtherassumethatanapplicationhasspec-
i�ed the deadlinesfor sequencenumbers10 to 19 and20 to 29,
as �

� and �

� respectively, where �

�

�

�

� (i.e., the deadlinefor
packets10 to 19 will expire beforethedeadlinefor packets20 to
29). TLTCP setsthe lifetime timer to the deadline�

� andcom-
mencessending.Now supposethatwhendeadline�

� expiresonly
packets10 to 14 have beensent. At this point TLTCPwill aban-
donthesendingof all thesequencesfrom 10 to 19 and20 will be
the next packetto send. It will alsoset the lifetime timer to �

�

andcontinueto keeptrack of the unacknowledgedpacketsfrom
theobsoletedata.This is donein orderto preserve thesemantics
of the congestionwindow mechanism(for a detailedexplanation
seeSection5.4).

5.3 The Receiver

Upon expiration of the lifetime timer the senderdiscardsall
dataassociatedwith thecurrentdeadlinethathasnotyetbeensent.
However, if the receiver is not informedof this it would consider
thediscardeddatato be lost andrejectpacketsfrom thenew sec-
tion becausethey are beyond its receive window. The receiver
would continueto acknowledgethe last received sequencenum-
ber, which is now obsolete.On the otherhand,sincethe sender
hasalreadydiscardedtheobsoletedatait would continueto send
thecurrentdataanda deadlockwould result. In orderto prevent
thisdeadlock,whendatais discardedtheTLTCPsenderexplicitly
noti�es the receiver of the changein its next expectedsequence
number. Theexpectedsequencenumberupdatenoti�cations also
allow the receiver to keeptrackof the gapsin thestream.Infor-
mationaboutwherethegapsarelocated(alongwith thedata)will
eventuallybepassedto theapplicationwhenit attemptsto readthe
data.

Expectedsequencenumbernoti�cations areincludedwith ev-
ery packetby using32-bitsof theavailableTCP-options.We call
this 32-bit �eld, seq update . Thereceiver knows that it needs
to skip sequencenumberswhenever it receivesa packetcontain-
ing a seq update value that is greaterthan its next expected
sequencenumberandadjustsits next expectedsequencenumber
to thesequencenumbercontainedin the�eld seq update .

5.4 ACKs for ObsoleteData

Thesenderneedsto keeptrackof acknowledgmentsfor obso-
letedata,in orderto ensurethatthesendwindow is correctlysized



andis permittedto advanceasACKsarrive for theobsoletedata.

Reconsiderthe example describedin Section5.2, when the
deadline�

� expires,packets10 to 14 have alreadybeensent. At
thispointTLTCPkeepstrackof thefactthatit mightreceiveACKs
for packets10 to 14 andremovespackets10 to 19 from its buffer.
Thesenderthencontinuesby sendingdataassociatedwith thenext
deadline�

� . Packets20, 21, 22, 23 and24 aresentandthesend
window is full. Oncethewindow is full, no moredatacanbesent
until outstandingACKsarrive. Onewayto logically view thecur-
rentsituationis to imaginetheobsoletedataoccupyingslotsin the
currentsendwindow. Thusthesendwindow couldbethoughtof
as

�

10, 11, 12, 13, 14, 20, 21, 22, 23, 24� . WhenACKs for ob-
soletedataarrive, thesender'swindow is movedby theamountof
datathat is ACKed, thusallowing new sends.For example,if an
ACK is received for sequencenumber12 the window will move
aheadby 3 sequencenumbers(sinceACKs arecumulative) and
thesendermaysendthreenew packets25, 26, 27. Thuskeeping
trackof ACKs for obsoletedatais necessarybecausetheseACKs
allow the window to move forward. In the exampleabove, the
logical window movesforward upon the receiptof the ACK for
sequencenumber12.

In order to recognizeACKs for obsoletedata,TLTCP usesa
vectorto storethehighestsequencesentandthelastACK received
for eachobsoletesectionthathasunacknowledgeddata.Thesize
of thevectoris boundedby thewindow size.As theACKsfor ob-
soletedataarrivetheentriesin thevectorarefreedandasmoreun-
acknowledgeddatabecomesobsolete,new entriesareadded.Note
thateventhoughTLTCPkeepstrackof thesequencenumbersof
theunacknowledgeddatathat is obsolete,it sendsdatafrom new
sectionsinsteadof retransmittingobsoletedata.

5.5 Handling Lost Packets

If a lost packetis detectedprior to thedeadlineexpiry for that
dataTLTCPwill retransmitthelostpacket.Thus,TLTCPattempts
to reliably deliver dataprior to theexpiry of thedeadlineassoci-
atedwith thedata.Ontheotherhand,if thelostpacketis obsolete,
TLTCP sendsthe lowestunacknowledgedpacketthat is current.
This is similar to the actionsthat would be takenby TCP, ex-
ceptthatTLTCPwouldtransmitcurrentdataratherthanretransmit
(possibly)obsoletedataasin thecaseof TCP.

To clarify how this works reconsiderthe above examplebut
now supposethat the window sizeis 5. Assumethat packets10
to 14 have beensentandthendueto a deadlineexpiry packets10
to 19 are deemedobsolete. Now imaginethat packet10 is lost
andthis is detectedby thesendereitherbecauseof threeduplicate
ACKs or a retransmittimeout. The TLTCP senderwould then
sendthenext unacknowledgedpacket,in this case20. This may
resultin behavior that is closeto but not identicalto TCP. In order
to further illustratethis scenariowe now comparetheactionsthat
TLTCPwould takewith thoseof TCPunderthesameconditions.
The scenariois depictedin Figure2. If this is the �rst time that
packet20 is sentthenTLTCPbehavesthesameasTCP. Whenwe
saythat TLTCPbehavesthesameasTCP, we meanthat it sends
a packetwhenTCP does. However, the sequencenumberof the
databeingsentmay be different in eachcase. If in the caseof
TLTCP, thepacketsentandACK for thesequencenumber20 are
not lostandif in thecaseof TCP, thepacketthatTCPresendsand

its ACK arenot lost thenTLTCP'sACK for 20 wouldarrive at the
sametime asTCP's ACK for 10. TheseACKs would clock the
subsequentsendsat thesametime for bothTCPandTLTCP.
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Figure 2. Example of a loss in obsolete data.

However, asshown in Figure3, if packet20 hasalreadybeen
sent(becauseof a window sizegreaterthan5) andtheACK for it
hasnot beenreceived,TLTCPsendsit again. We refer to this as
a pseudo-retransmissionsinceTLTCP is retransmittingdatathat
maynot requireretransmissionin orderto ensurethata packetis
sentwhen TCP would senda packet. If the ACK for the orig-
inal sendof packet20 arrives prior to an ACK for the pseudo-
retransmissionthenthatACK will clockTLTCP'ssubsequentsend
soonerthanit wouldbeclockedwith TCP.
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Figure 3. Example of a pseudo­
retransmission.

Deviation from the behavior of TCP may alsooccurbecause
of pseudo-retransmissionsanda seq update message.Theloss
of anobsoletepacket,besidestriggeringa pseudo-retransmission,
could causesubsequentlossesof obsoletepacketsto be ignored
as shown in Figure4. Supposein the original exampleof Sec-
tion 5.2, packet14 is lost in addition to packet10. Under this
scenarioTCPwould retransmitthelost packetandreduceits rate
of sendingby halvingssthresh [26] asa resultof threedupli-
cateACKs or by reducingits congestionwindow dueto a time-
out. However, TLTCP's pseudo-retransmissionwould include a
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seq update that would causethe receiver to move its receive
window beyondpackets10 to 19 andrequestpackets20 andbe-
yond,thereforemissingthefactthatpacket14is lost. In general,if
beforea packetlossis detectedanew seq update is receivedat
thereceiver, thereceiver will ignorethemissingdataandrequest
for dataseq update onwards.As a consequence, asshown in
theexample,TLTCPwouldbeunableto detectthelossof packets
subsequent to a pseudo-retransmissionandwould not experience
thesecondslowdown.

6. Simulations

In this sectionwe evaluatethebehavior of TLTCPusingsim-
ulations. Thereareseveral reasonswhy simulationexperiments
aremoresuitablethanlive Internetexperimentsfor our purposes.
In order to quantify TLTCP's TCP-friendlinesswe needto mea-
suretheeffect of TLTCPtraf�c on TCP streams,discountingthe
impactof all other factorssuchas backgroundtraf�c. In a live
Internetscenariothesefactorsarebeyondour controlandin most
caseswouldaddsigni�cant noiseto theexperimentalresults,while
with simulationsimpactdueto theotherfactorscanbeeliminated
or factoredinto the results. Furthermore,for the measurements
obtainedin thebaselinecase(controlexperiment)to bemeaning-
ful theexperimentsmustberun underthesameconditionsasthe
original experiment. Becausethe conditionsof a simulationare
reproducible,thebaselineexperimentscanberun andvalid mea-
surementsfor comparisoncanbeeasilyobtained.TLTCPis anew
protocolandin orderto testit thoroughlywe needto vary several
networkparametersin a controlledfashion.Usingsimulationswe
areable to studythe effect of varying several parametersover a
wide range,oneat a time, in orderto quantify the effect of each
oneof them.In a live Internetexperimentmostof thenetworkpa-
rameters,suchasthenumberof �o wscompetingat thebottleneck,
arebeyondourcontrolwhile otherslike link delaysandbottleneck
bandwidtharedif�cult to vary. We have implementedTLTCPin
thens-2simulator[29] andhaveconductedseveralexperimentsto
studyTLTCP's time-lineddatatransportbehavior andto quantify
its TCP-friendliness.

6.1 Time­lined Data Transfer

Usingasimulatednetworkasshown in Figure6, webegin two
simultaneousdatatransfersessionsbetweena TCPsenderandre-
ceiver anda TLTCPsenderandreceiver. We keeptrackof packet
arrivalsof boththestreamsin orderto comparetheir datasending
characteristics.For thesakeof clarity in Figure5, weuseconstant
sizeddatasectionsof 700,000byteseachassociatedwith constant
deadlinesof 1 secondto ensurethat thewhole sectioncannotbe
deliveredwithin thegivendeadline.Theotherparametersusedin
thissimulationareshownin Table1 andjusti�cation for thevalues
is providedin thenext section.
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Figure 5. Data sending characteristics of
TLTCP as compared to TCP.

Shown in Figure5 is a plot of sequencenumberversestime
whereeachsequencenumberrepresentsa 1,500bytedatapacket.
It canbeseenthat in thecaseof theTLTCP�o w, datais sentse-
quentiallyfor thedurationof onesecond(whichis thedeadlineset
for all sectionsof thedata). At theendof thedeadlinethereis a
visible jump in thesequencenumber(to thenext multipleof 467)
and sequentialsendingresumesagainfor anothersecond. Also
notethat theslopesof thecontinuoussectionsof theTLTCPplot
andtheTCPplot arethesame.In fact,thelinesarealmostcoinci-
dentif thediscontinuitiesof theTLTCPtracearemasked.

The observed discontinuitiesin the sequencenumberof the
TLTCPstreamstemsfrom the fact thatat theexpiry of thedead-
linesTLTCPstopssendingdatafrom theexpiredsectionandstarts
sendinga new sectionof data. New sectionsof datain this ex-
perimentbegin with sequencenumbersthat aremultiplesof 467
(

���������������
	�������
��������

), indicatingthat TLTCPis startingto
senda new section. Throughoutour experimentsthis patternof
datasendingis observed in TLTCP. It can thus be inferred that
TLTCPindeedperformsdatatransferin a time-linedmanner. The
fact that theslopesof thecontinuoussectionsof TLTCP's packet
traceand that of TCP are the sameimplies that they consume
equalbandwidth.It canbeseenfrom thegraphsthat eachof the
streamsconsumeapproximatelyhalf of the1.5 Mbps bandwidth
( �

������	������������
	���������	������

�

���

, whereapproximately900
packetsof 1500bytesaredeliveredin 14secondsby eachstream).

6.2 TCP­friendliness



In several studies[4] [23] [18] TCP-friendlinesshasbeenin-
terpretedandmeasuredby theability of non-TCP�o wsto equally
sharebandwidthwith TCP �o ws. This is typically measuredby
observingthethroughputobtainedby several�o ws(bothTCPand
non-TCP)simultaneouslyoperatingover thesamebottlenecklink
anddeterminingthebandwidthsharesof each�o w.

We considertwo main metrics for examining the extent to
which the �o ws sharebandwidthequally. The friendlinessra-
tio [23] [18],

�

, is the ratio of themeanthroughputobservedby
non-TCP�o ws (TLTCP�o ws in our case),���������	� , to themean
throughputobtainedby TCP�o ws, � ���	� ,

�

�

� �
��������
 � ���	� .
Sincethefriendlinessratiodoesnotexposevariationsin observed
bandwidthin individual �o ws we also considerthe ratio of the
maximumobserved bandwidthto the minimum observed band-
width [18]. We call this the separationindex, � . We examine
theseparationindex acrossall �o ws in an experiment.In theex-
perimentswith both TCP and non-TCP�o ws we call this mea-
sure �
����� , whereasin the experimentswhereonly TCP �o ws
arepresentwe call it �

���	�
.

In all of ourexperimentsweuseatotalof � �o ws(where� is
even)with anequalnumberof competingTLTCPandTCP�o ws
( �




�

). As a baselinefor comparisonwe alsorunexperimentsun-
derthesameconditionswith all � �o wsbeingTCP�o ws. In order
to producea metricsimilar to

�

whenonly TCP�o ws areconsid-
eredwe computethe ratio of the meanthroughputof onehalf of
theTCP�o wsto themeanthroughputof theotherhalf. Thevalue
of

�

will varydependinguponwhichof the �
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for eachhalf. Therefore,we computeandconsidertwo extremes
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.
This is done by sorting the �o ws by bandwidth and divid-
ing the �o ws into two groups, odd ranked (
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). Then we compute the ra-
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Sincethe TCP �o ws themselvesdo not sharebandwidthequally
if their round-trip times are not equal [13] [7], we consider �

sourcescon�gured symmetrically(as shown in Figure 6) such
that the end-to-enddelaysof all the streamsareequal. In all of
our experimentseachsenderis continuouslysendingdatato the
correspondingreceiver. We chooseour initial setof simulation
parameters,shown in Table 1, to be representative of Internet
traf�c. Later experimentsconsiderthe impact that changesto
someof theseparametershaveontheTCP-friendlinessof TLTCP.

Thebottlenecklink hasabandwidthof 1.5Mbps,which is rep-
resentative of a T1 link. We usea 1,500byte packetsize,which
is a commonsize of packetsseenin the Internet[5]. A maxi-
mumreceiver window of 10 packets(15,000bytes)is usedwhich
is nearthehigherendof thedefaultvaluesusedfor typical TCP
implementations[27]. We assumethat all the datatransfersare
unidirectionalandthereforesetthe ACK sizeto 40 bytes,which

is thesizeof a TCP ACK with no payload.The sourceanddes-
tinationhostsconnectto thebottlenecklink with a 10 Mbps link
whichrepresentsa localareanetwork.Previoussimulationresults
[16] suggestthatfor TCPto sharebandwidthevenlyamongalarge
numberof �o wsabottleneckrouterqueueneedsto beprovisioned
to hold 10 timesasmany packetsasthenumberof �o ws. There-
fore,in orderto ensurethatTCPsharesbandwidthequallywepro-
vision thequeueat thebottleneckrouterto hold 400packets.All
theexperimentsarerun for a simulatedtime of 500 secondsand
datacollectionbeginsafter the �rst 50 secondsto avoid the tran-
sienteffectsof startup. The TLTCP �o ws aregiven sectionsof
700,000byteseachandthedeadlinesfor thesesectionsaresetat5
seconds.This correspondsto a maximumdatarateof 1.12Mbps.
This is intentionallychosento be high in orderto thoroughlyex-
ercisethetime-linespeci�c mechanismsof TLTCP.

Parameter Value
Packetsize 1,500bytes
ACK size 40 bytes
Bottlenecklink BW 1.5Mbps
Bottlenecklink delay 20 ms
Routerbuffer size 400pkts
Source/Destlink BW 10Mbps
Source/Destlink delay 2 ms
Receivermaxwindow size 10 pkts
Simulatedtime 500sec
Sizeof TLTCPsections 700,000bytes
Deadlinesfor TLTCPsections 5 sec
Totalnumberof �o ws 30

Table 1. Default sim ulation parameter s.

Bottleneck

Link

Senders Receivers

Figure 6. Topology used for sim ulations.

6.2.1 Varying theNumberof Flows
In our �rst setof experimentswe increasecontentionat the bot-
tleneckby increasingthenumberof competing�o ws in orderto
studytheresourcesharingbehavior of theTLTCP�o ws. As seen
in Figures7 and8 acrosstherangeof �o wsusedin theexperiments
TLTCPobtainsgoodfriendlinessratiosandseparationindicesex-
ceptwhena total of 50 �o ws is reached.While TLTCPdoesnot
sharebandwidthfairly at this point, it is importantto noticethat
in thebaselinecase,50TCP�o wscompetingamongstthemselves
underthesameconditionsdonotsharebandwidthfairly. Thiscan
be seenin

�
���������

in Figure7 and �
���	� in Figure8, wherethe

valuesarenotcloseto 1.

The situationwherea numberof TCP streamscompeteover
a singlebottleneckrouterhasbeenstudiedpreviously by Morris
[16]. He hasobservedthat if therearea largenumberof compet-
ing �o ws,TCP'scongestioncontrolmechanismsfail to ensurefair
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sharingof thebottleneckbandwidth.As aresultof thehighpacket
lossratesthatoccurin this situationandsubsequenttimeouts,the
bandwidthobtainedby competing�o ws is highly variable. Mor-
ris suggeststhatwhenthe numberof �o ws exceeds10 timesthe
queuesizeof thebottleneckrouterTCPdoesnotsharebandwidth
equally. In our experiments,with a bottleneckbuffer queueof
size400,thefairnessratiosandseparationindicesarecloseto the
ideal value of 1 for up to 40 TCP and TLTCP �o ws (

�����




	��

).
However, with a total of 50 �o ws the queuesize is lessthan10
packetsper �o w (

���

�

�����




	��

) andthusthe �o ws (TLTCPand
TCP)do not sharethebandwidthequitably. For still largernum-
berof �o wsTCP'sfairnessdetoriatesfurtherandthusthenotionof
TCP-friendlinessloosesits meaning.Wethereforedonotconsider
largernumberof �o ws.

TLTCP's congestioncontrolmechanismsarebasedon TCP. It
is thusexpectedthatthesharingbehavior of TLTCPwould beno
betterthanthat of TCP. It canbe seenfrom Figures7 and8 that
in the experimentswith a mix of TCP andTLTCP �o ws, higher
valuesfor thefriendlinessratio andseparationindex areobserved
ascomparedto thebaselineexperimentwith just TCP�o ws. This
is becausein the experimentsabove TLTCP �o ws do not reduce
their dataratesasmuchasthecompetingTCP �o ws duringcon-
gestion.As describedin Section5.5, TLTCPperformsa pseudo-
retransmissionin responseto a lossof obsoletedataand cannot
keeptrack of subsequentlossesin the obsoletedata. In the case
of 50 competing�o ws,dueto heavy contentionat thebottleneck,
thepacketlossratesarehighandthedataratesarelow As aresult,
thereis a greaterlikelihoodof multiple lossesfor obsoletedatain
someTLTCP�o ws. SincetheseTLTCP�o wsareunableto detect
someof theselossesthey do not reducetheir sendingratesduring

congestionasmuchasthecompetingTCP�o ws, therebyobtain-
ing a largershareof thebandwidth.By examiningthe individual
�o ws we observe that during the simulationrun thereare fewer
retransmissionsfor mostof theTLTCP�o ws thanthecompeting
TCP�o ws,con�rming thattheTLTCP�o ws indeedmisssomeof
thepacketlossesandasaconsequencedonotreducetheirdatarate
asoften asthe competingTCP streams.Unlessotherwisestated
we usea total of 30 �o ws for our remainingexperiments. This
ensuresthat the bottleneckrouterhassuf�cient buffer spaceand
thereforedecreasesthe likelihood that TCP �o ws will not share
bandwidthequally.

6.2.2 Varying theMaximumWindowSize
In this section,we considerthe impact of increasingthe maxi-
mum receiver window sizeson the TCP-friendlinessof TLTCP.
As notedin Section5.5, the scenariosthat causethebehavior of
TLTCPto deviatefrom thatof TCPoccurwhentherearemultiple
packetlossesin theobsoletedata.Thereis a greaterlikelihoodof
thisoccurringwith largerwindow sizes,sincethereis apossibility
of moreunacknowledgedobsoletedatain this case.Moreover in
both TCPandTLTCPlarge receiver windows increasethepossi-
bility of greatervariationsin sendwindow sizesamongcompeting
�o ws.

In the Figures9 and 10 we show the friendlinessratios and
separationindicesrespectively for window sizesof 7,500,15,000,
30,000,60,000and120,000bytesrespectively. The sizes7,500
and15,000werechosento looselycorrespondto defaultwindow
sizescommonlyusedin TCPimplementations[27]. Theremain-
ing valueswere chosento signi�cantly exceedthesecommonly
usedsizes.Theresultsof theseexperimentsdemonstratethatun-
der the conditionsusedfor thesesimulationsTLTCP and TCP
sharebandwidthfairly when the receiver window size is within
the rangestypically usedasdefaultsin currentTCPimplementa-
tions.
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Figure 9. Windo w: TCP­friendliness ratios

Howeverwhenthemaximumwindow sizeis 20 packets,there
is unequalsharingof thebandwidth.In theexperimentwith only
TCP�o ws anda window sizeof 20, the friendlinessratio is seen
to be close to 1 but the separationindex is closeto 2. This is
aninstancewheretheseparationindex is a valuablemetricin un-
covering unfriendliness.It canalsoseenfrom Figure9 that the
friendlinessratiosin bothof thesecases(i.e., with just TCP�o ws
andthewith a mix of TLTCPandTCP�o ws) improve consider-
ably whenthe receiver's window size is further increasedto 40.
Again,eventhoughthefriendlinessratiosfor theTCPonly cases
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(with maximumwindow sizesof 40and80)arecloseto 1 thesep-
arationindicesindicatethattherearedisparitiesin thethroughput
of theindividualstreams.It is alsoobservedthattheresultsfor the
window sizeof 80 arefairly similar to thosefor 40.

It is unclearto uswhy the�o wsarelessfair with awindow size
of 20 thanwith larger window sizeof 40 and80. We speculate
that the increasein unfriendlinesswhenthe window sizeis 20 is
becausea largerwindow sizemaycausethebandwidthsharingto
beunequal.Thesender'scongestionwindow in all the�o wsvaries
from aminimumof 1 segmentto a maximumof thereceiver'sad-
vertisedwindow. Ideallywhenall the�o wsarein equilibriumthey
would have equalwindow sizesandwould thusachieve thesame
throughput.But this equilibrium is not reachedbecausethecon-
gestioncontrolmechanismsof bothTCPandTLTCPkeepchang-
ing thesizeof thecongestionwindow by additively incrementing
it when thereareno lossesand multiplicatively decrementingit
whena lossis inferred.Additionally, sincepacketsareforwarded
in routersusingaFIFOdiscipline(insteadof per�o w forwarding)
some�o ws mayexperiencebursty losseswhile othersmayexpe-
rienceno lossesatall. The�o wsthatexperiencethelossesreduce
their congestionwindow while otherskeepincrementingit, thus
resultingin thedisparityin observedthroughput.A largereceiver
window (suchthe onesusedin theseexperiments)increasesthe
disparityamongthe �o ws asit allows the�o ws without lossesto
increasetheir window size to a larger extent (up to the large re-
ceiverwindow limit).

Wealsobelievethereasonthattheresultsfor thewindow sizes
of 40 and80 aresimilarandindicateincreasedfriendlinessis that
the trendtowardsunfairnessis likely to be self-limiting. That is,
after a point increasingthe receiver window sizeis not likely to
result in an appreciabledifferencein the friendlinessmetricsob-
servedfor bothTCPandTLTCP. Thereasonfor this is thatin most
casesa �o w will be ableto increaseits window to a limited size
beforeexperiencinga packetloss and consequentlyreducingit.
As a result,most�o ws wouldnot beableto signi�cantly increase
their sendingwindows to sizesmuch larger than the averageas
they wouldexperiencepacketlossesbeforereachingthelimit. By
examiningthetracesfrom ourexperimentswe�nd outthatin spite
of doublingthemaximumpossiblewindow sizein eachstep,the
averageacquiredwindow sizesacrossthe�o ws in eachof theex-
perimentsareindeedsimilar.

In theexperimentswith amix of TLTCPandTCP�o ws,by ex-
aminingthetraceswe observe thattheTLTCP�o ws aretheones

that obtaingreaterbandwidths. This is becauseof the fact that
TLTCP cannotinfer multiple packetlossesin obsoletedata. If a
TLTCP �o w hasa large window sizeas in this experiment,it is
likely to have more obsoletedata in the sendingwindow. This
in turn meansthat thereis a larger likelihood of multiple packet
lossesin obsoletedata.Thus,with a larger receiver window such
aTLTCPstreamis likely to incrementitswindow morethanaTCP
streamandwouldcontinueto dosountil a lossis detected.There-
foreon anaverageTLTCPstreamsobtaingreaterthroughputwith
large maximumreceiver window sizes. But note that the extent
of the disparitiesin the throughputis not expectedto get much
worsefor still larger windows becauseof self-limiting natureof
theunfairnessdescribedabove.

6.2.3 Varying thePropagationDelay
It is known that �o ws betweendifferentpairsof hostsin the In-
ternetwould encountera wide variety of round-tripdelays. It is
thusimportantthat a transportprotocolbe ableto functionprop-
erly acrossawiderangeof round-tripdelays.Dealingwith a large
rangeof round-tripdelayshasbeenreportedas a problemwith
existing rate-basedstreamingmediaprotocols. In their work on
TFRCP, a rate-basedprotocol,Pahdyeet al. [18] reportthatwith
smallround-tripdelaysTFRCPbehavesaggressivelyascompared
to TCP, thereforeobtaininga largershareof thebottleneckband-
width thanthecompetingTCP�o ws.They alsopointout thatwith
largeround-tripdelaysandcomparatively small raterecomputa-
tion intervals, TFRCPis unableto accuratelyestimatelossrates
andasa resultits performanceis highly variable.

An advantageof TLTCP whencomparedwith rate-basedpro-
tocolsis thatit is ACK-clockedandit usestheACK-basedround-
trip timing mechanismsof TCP. Therefore,weexpectthatTLTCP
will be ableto reactmorequickly to traf�c �uctuations andpro-
vide stablebehavior over a wider rangeof operatingconditions
thanrate-basedprotocols.In thenext setof experimentswe study
TLTCP'sbehavior over a largerangeof bottleneckdelays.
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Figure 11. Varying delay: friendliness ratios

It canbe seenfrom the �gures that the friendlinessratiosand
separationindicesobtainedfor TLTCParevery closeto 1, asare
thoseobtainedfor TCP. The observation that TLTCP and TCP
�o ws areableto sharethebandwidthequitablyover a wide range
of bottleneckdelaysindicatesthatthelifetime timerexpiry events
in the TLTCP �o ws do not signi�cantly affect the accuracy of
round-trip timing mechanisms. In addition, by examining the
tracesof our experimentswe saw that,on average,the round-trip
estimatesof theTLTCP�o wsarecloseto thatof theTCP�o ws.
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6.2.4 Varying theDeadlines
In the sameway that large window sizesincreasethe likelihood
thatthebehavior of TLTCPdeviatesfrom thatof TCPthetime-line
chosencanalsoimpactTLTCP. Clearly with large enoughdead-
linesit will bepossibleto sendall thepacketsof a sectionprior to
its deadlineandTLTCPwill operatein a mannerthat is identical
to TCP. However, asdeadlinesbecomesmallerthe likelihood of
having to dealwith lossesin obsoletedataincreases,Therefore,in
thenext setof experimentswe examinethe impactof a rangeof
deadlineson thefriendlinessof TLTCP.

Figure13showsfairnessratiosandseparationindicesfor ava-
riety of deadlineintervals, from 0.5 seconds(which corresponds
to the resolutionof timers in commonimplementationsof TCP)
to 62.5seconds.Sincethereis no notionof time-linesin TCP, we
comparetheresultsof anexperimentwith 15TLTCP�o wsand15
TCP�o ws to anotherexperimentwhereall the30 �o ws areTCP.
Theresultsshow thatTLTCPoperatesfairly over a largerangeof

0.0

0.5

1.0

1.5

2.0

2.5
Friendliness Ratio/ Separation Index

0.5 2.5 12.5 62.5 Deadlines
(seconds)

F
S mix

Figure 13. Varying data deadlines.

deadlines.However, for very shortdeadlinesTLTCP is not able
to sharebandwidthequitably. In this casethe deadlineinterval
is 0.5 seconds.This correspondsto a datarateof 11.2Mbpsper
stream(with 30 suchstreams)over a 1.5 Mbps link as the size
of thesectionremains700,000bytes.It is interestingto notethat
in this instanceTLTCPstreamsobtainlower throughputthanthe
competingTCP streams,unlike the otherexperimentswherethe
TLTCPstreamsobtainhigherthroughput.

Thereasonfor this is thetwofold impactof shortdeadlineson
TLTCP's datasends.First, very few packetsaresentin sequence
beforethedeadlineexpiresanddatafrom thenext sectionneedsto

besent. Second,seq update messagesaresentfrequentlybe-
causethedeadlinesexpirefrequently. Notethattheseq update
messagesarea part of the new datapacketsthat aresent. With
small deadlinesof 0.5 secondswe observe that in theseexperi-
mentsaTLTCPsenderis ableto sendvery few packetsbeforethe
next jump in datasequenceis indicatedby a seq update mes-
sage.Sincetherearejusta few packetsbeingsentin eachsection,
if a lossoccurs,thereis a high likelihood thatbeforethreesubse-
quentpacketsarereceivedatthereceiveraseq update message
will reachthereceiver. If lessthanthreepacketsreachthereceiver
aftera lossandbeforea seq update , the fast-recovery mecha-
nismswill not be triggered. Therefore,due to the small number
of packetsin eachsectionthat reachthe receiver TLTCPstreams
arenot able to reducetheir sendingrate by using fast recovery.
This is con�rmed by examining the trace�les wherewe found
that far fewer instancesof fast-retransmitand fast-recovery are
observedin theexperimentwith thedeadlinesof 0.5secondsthan
with deadlinesof 2.5seconds.Soinsteadof reducingtheirconges-
tion window by half usingfast recovery, the TLTCP �o ws expe-
riencetimeoutsthatabruptlyreducetheir sendingwindow to one
segment. This is why with very small deadlinesTLTCP streams
obtaina smallerportionof theavailablebandwidth.

Note that in the scenariodescribedabove (with a deadlineof
0.5seconds)onlyasmallnumberof packetsareactuallysentwhile
mostof thepacketsarediscardedat thesenderbecauseof theex-
piry of thecorrespondingdeadline.This is clearlyundesirablefor
a realapplicationandindicatesthatthedeadlinesarenotsetprop-
erly. An applicationusingTLTCPwouldattemptto maximizethe
amountof datathat reachesthereceiver andreducethedropping
of packets.In asituationwherethereis a lot of databeingdropped
the applicationis expectedto set larger deadlinesor reducethe
sizeof thesection.Therefore,theunfairnessobserved in theex-
perimentwith thedeadlinesof 0.5seconds(Figure13) is unlikely
to occurwhenTLTCPis beingusedby a realapplication.

We concludethissectionby notingthatTLTCPnotonly trans-
portsdatain a time-lined fashionbut doesso in a TCP-friendly
mannerover a wide rangeof window sizes,deadlines,round-trip
timesandcompetingtraf�c. Furthermore,mostof theconditions
underwhichTLTCP�o wsappearto beunfairto TCP�o wsarethe
conditionsunderwhich TCP itself is unableto sharebandwidth
equitably.

7. Conclusions and Future work

The paperproposesa new protocol time-linedTCP , for the
delivery of time-sensitive data over the Internet. Remaining
within thecon�nesof TCPswindow basedcongestioncontrol(de-
signedfor reliabledatatransfer),TLTCPattemptsto deliver non-
contiguous,time-sensitivedataandis thus,suitablefor continuous
mediaplayersandotherapplicationsthatsendtime-sensitive data.
It is designedto competefairly with theexisting traf�c in the In-
ternet.Augmentationsto thepresentsocketcalls areproposedto
allow TLTCPto acceptdatawith deadlinesfrom thesendingap-
plication, aswell as,deliver the datareceived and indicategaps
to the receiving application.Finally we presentthe resultsof our
simulationsthatshow thatTLTCPis likely to competefairly with
theexisting traf�c in theInternet.



In future we intend to integrateTLTCP into the kernel, and
testit in the Internet. In orderto facilitatedeploymentwe intend
to modify a TLTCPsender, suchthat a TLTCP sendercaninter-
operatewith TCP acting as the receiver. This will allow us to
leveragethe installedbaseof TCP for streamingmediaservers
thatuseTLTCP. We alsointendto furtherexplorethepossibility
of backing-off on the strict friendlinessrequirementsin orderto
provide betterperformanceto theapplications.
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