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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-toleant, suc as
streamingmedia players. Previouswork on unicastdelivery of
streamingmediaover the Internetproposeausing UDP and per-
formscongestiorcontrol at the userlevel by regulatingthe appli-
cation's sendingrate (attemptingto mimicthe behaviorof TCPin
orderto be TCP-friendly). TLTCPR on the otherhand,is intended
to beimplementedt thetransportlevel, andis basedon TCPwith
modi cationsto supporttime-lines. Insteadof treatingall data
asa bytestreamTLTCP allowsthe applicationto associatedata
with deadlines TLTCP sendslatain a similar fashionto TCPun-
til the deadlinefor a sectionof data haselapsed;at which point
the now obsoletedatais discardedin favor of new data. Asare-
sult, TLTCPsupportsT CP-friendlydeliveryof streamingmediaby
retainingmud of TCP's congestiorcontrol functionality We de-
scribean API for TLTCPthatinvolvesaugmentingherecvmsg
andsendmsg sodetcalls. \We also describehow streamingme-
dia applicationsthat usevariousencodingschemedike MPEG-1
canassociatedatawith deadlinesand useTLTCP's API. We use
simulationgo examinethebehaviorof TLTCPunderawiderange
of networksandworkloads.We nd that it indeedperformstime-
lined data delivery and under mostcircumstance bandwidthis
shared equallyamongcompetingTLTCP and TCP ows. More-
over, thosescenariosinderwhich TLTCPappeardo beunfriendly
are thoseunderwhich TCP ows competingonly with other TCP
ows do not share bandwidthequitably

1. Introduction

It is widely believed [1] [23] [8] that congestioncontrol
mechanismare critical to the stablefunctioning of the Internet.
Presently the vast majority (90-95%)of Internettrafc usesthe
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TCPprotocol[3] whichincorporategongestiorcontrol[11] [26].
However, dueto thegrowing popularityof streamingnediaappli-
cationsand becausé CP is not suitablefor the delivery of time-
sensitve data,a growing numberof applicationsarebeingimple-
mentedusingUDP [15].

SinceUDP doesnot implementcongestiorcontrol, protocols
or applicationghatareimplementedisingUDP shoulddetectand
reactto congestiorin the network. Ideally, they shoulddo soin
a fashionthat ensuredairnesswhen competingwith existing In-
ternettrafc (i.e., they shouldbe TCP-friendly). Otherwisesuch
applicationamayobtainlarger portionsof the availablebandwidth
than TCP-basedpplications. Moreover, the wide-spreadise of
protocolsthat do not implementcongestiorcontrol or avoidance
mechanismgould resultin a congestie collapseof the Internet
[8] similarto the collapsethatoccurredin October1986[11].

Thework describechereis motivatedby theseconcernsFrom
theperspectre of theapplicationthereis aneedfor aprotocolthat
is designedfor transportingdatawith deadlinesover a network
that provides no quality of service(QoS) guarantees.From the
perspectie of the networkthereis a needfor a protocolthatgen-
eratestreamghatcompeteairly with theexistingtrafc andper
formscongestiorcontrolusingrobustmechanismsTo thisendwe
have createda new protocol,calledtime-lined TCP (TLTCP) de-
signedto supportthe TCP-friendlydelivery of time-sensitie data
overthelnternet.

Contrib utions

We have createda new transportprotocol,calledtime-lined
TCP(TLTCP),for deliveringtime-sensitie dataovertheln-

ternet. We have deviseda way for TLTCPto usethe robust
window-basedcongestiorcontrol of TCP withoutrequiring
thatthedatabe deliveredreliably. As aresult, TLTCPcom-
petesfairly with TCP o ws (andis TCP-friendly) over a
wide rangeof networkconditions. TLTCP associategach
sectionof datawith a deadlineandusesa novel time-lined
datadelivery mechanismn TLTCP that usesthesedead-
lines to keeptrack of the sectionsof datathatare obsolete
andensureshatno obsoletedatais sent.

TLTCP provides an interfacethat is more suitedto con-
tinuous mediaapplicationsthan a simple end-to-endbyte
stream. We proposeaugmentingthe presentsocketAPI
thatallows a sendingapplicationto specifyadeadlinevhen
handinga sectionof datato TLTCP. The API also allows
TLTCP to inform the receving applicationof the gapsin



thedatabeingdelivered. The proposedhangesio not alter
but extendthe semanticof the presensocketAPI.

We have performedextensive simulation experimentsto

evaluateTLTCR Theexperimentsshov that TLTCPindeed
performsdatadeliveryin atime-linedfashion.Furthermore,
usingdatafrom our simulationswe have quanti ed the ef-

fectof TLTCP o wsoncompetingTCP o ws. Our simula-

tion resultsshav that TLTCPis indeedTCP-friendlyover a

wide rangeof networkconditions.In addition,the circum-

stancesvhereTLTCPseemgo be TCP-unfriendlyarethose
underwhich TCPis unableto sharebandwidthequitably

Theremainderf this paperis organizedasfollows. In Section2

wedescribaelatedwork andin Section3 we explainourapproach
to the problem. Section4 describeshow our protocolwould be
usedin conjunctionwith streamingmediaapplications.How the
TLTCP protocoloperatess describedn Section5. We reportthe
resultsfrom our simulationexperimentsusing the ns-2 network
simulator[29] in Section6. This is followed by conclusionsin

Section?.

2. Reated work

Previouswork[4] [25] [18] [23] hasexaminedrate-basedlgo-
rithmsfor implementingl CP-friendlycongestiorcontrol.In each
casehesendethrottlestherateatwhichit injectspacketdnto the
networkin orderto performcongestiorcontrol. To competefairly
with TCR thesendingateis regulated thusattemptingto achieve
the samethroughputas a TCP-streanmwould if operatingunder
the sameconditions. Theseapproachesre basedon modelsthat
attemptto characterizel CP congestiorcontrol mechanism$12]
[14] [17]. As datais sent,the applicationmeasure®r estimates
valuesfor the parametersf the model; suchaspacketlossrates,
round-triptimes,andtimeoutvalues.Using theseparametersind
themodeltheapplicationperiodicallyrecomputeshe appropriate
sendingrate. The proposedschemedliffer primarily in the com-
plexity andaccurag of themodelused.

RAP [23] employs a relatvely simple additive-increase,
multiplicative-decreas€AIMD) modelof TCP's congestiorcon-
trol mechanismsindis ableto obtainrelatively TCP-friendlybe-
havior whencompetingfor bandwidthwith TCP Sack o ws [6].
While it is tametedtowardsfutureInternetscenariosn whichTCP
Sackand RED [9] are widely deployed,it is not able to share
bandwidthfairly with commonimplementationsf TCP [6], TCP
Tahoeor TCP Reno[22]. A signi cant advantageof TLTCP is
thatit is basedn andis TCP-friendlywith TCP Renoimplemen-
tations,which is the mostwidely usedTCPimplementatiorin the
Internettoday[19] [20].

Sisalemet al. [25] proposea rate basedequationthat is de-
signedto be usedwith RTP/RTCP. Their schemedynamically
computesanadditive increaseaateandalsoperformsbackof. Ex-
perimentsconductedwith RED gatevays are reportedand show
that their schemedoesnot sharebandwidthequally undersitua-
tionswith low lossrates.We expectTLTCPto be morestableand
sharebandwidthequallyunderconditionswith low lossrates.

Padhyeet al. [18] describeand evaluatea rate control proto-

col basedon a moredetailedmodelof TCP throughput{17]. Al-
thoughthey areableshaw thattheirprotocolis TCP-friendlyunder
a variety of networkcon gurationsand conditions,the recompu-
tationintenal (thetime betweerrateadjustmentsinustbechosen
carefully As canbe seenfrom their simulationresultsthe best
recomputatiorinterval may vary acrossdifferent network condi-
tions,makingit dif cult to useonerecomputatiorstratgly undera
varietyof circumstancesThey alsopointoutthatthey donotshare
bandwidthfairly with TCP streamswhen bottlenecklink delays
aresmall or large becausdt makesit dif cult to obtainaccurate
estimate®f lossrates.

Ramestletal. [21] describeanumberof potentialdravbacksof
modelbasedapproachesln particular they point out thatseveral
factorscanresultin inaccuratepacketlossestimatesn the model
developedby Padhyeet al. [17]. Theseinaccurateestimatescan
leadto underor over-allocationof bandwidthto non TCP o ws.
TLTCPis not modelbasedout ACK-clockedandthusis notim-
pactedby thesedravbacks.

Cenetal. describea streamingcontrolprotocol(SCP)[4], that
usesa congestiorwindow basedpolicy for congestioravoidance.
While their approachs similar to TCP they they do not perform
retransmissiorand are not faithful to TCP in orderto improve
smoothness$n streaming. The experimentalresultsreportedus-
ing animplementatiorof SCPontop of UDP shaw thatthe packet
ratesof competingSCPand TCP sessiongliffer signi cantly un-
deravariety of networkcon gurations.

Another schemereportedby Jacobset al. [10] attemptsto
mimic TCP's congestiorwindow in userspace.The window size
is usedto estimatebandwidthwhich is thenusedto drive amedia
pumpat the sendethatusesUDP to senddatato therecever. At-
temptingto mimic the congestiorwindow of TCP atthe userlevel
is likely to beinaccurate.This is becausethe fact a messagés
written to the UDP socketdoesnot meanthatthe packethasbeen
releasednto the network. A mechanismn the userspacewould
have nomeansf knowing if themessager its acknavledgement
is waiting in the kernelbuffers or traversinga link. TLTCP does
notusea mediapumpto regulateits datasendsut insteadt usesa
sliding window protocollike TCRP. TLTCPalsodoesnotuseUDP
andis meantto beimplementedn the kernelby makingchanges
to the TCP stack. Furthermoreunlike the schemegroposedn
past, TLTCP usesthe time-lined natureof continuousmediato
drive its datasends.Detailsof the schemeproposedy Jacobset
al. [10] arenot provided andit is unclearhow TCP-friendlysuch
anapproactwouldbe.

3. Proposed approach

Unlike previouswork, our approaclhis not basedon modelsof
TCR Insteadwe proposea new protocol, calledtime-lined TCP
(TLTCP),thatis intendedo beimplementedtthetransporievel,
and is basedon TCP with modi cations to supporttime-lines.
Time-linesareusedfor the delivery of time-sensitre datato loss-
tolerantapplicationsuchasstreamingnediaplayers.Suchappli-
cationsaretime-sensitie becauselatathatarrivesafterthe dead-
line by which it was meantto be playedis not useful and will
simply be ignored. Although using TCP will ensurethat an ap-
plicationis TCP-friendly TCPis unsuitablefor suchdatatransfer



becausé will potentiallysendobsoletedatathatwould nolonger
beusefulto thereceving application.

Whenusing TLTCR in additionto specifyingthe dataandits
size,anapplicationincludesthe deadlineafterwhich thetransport
protocolshouldstoptrying to sendthatdata. TLTCP attemptsto
sendthe datauntil the deadlinehasexpired, at which point it is
presumedhat the datawould be obsoleteby the time it would
reachtherecever. Oncea deadlinehasexpired TLTCP abandons
the obsoletedatain favor of new datathatis associateavith later
deadlines. Note that deadlinesare de ned to be relative to the
senderFor best-efort service the presenschemecould be easily
extendedo makethedeadlineselative to therecever by factoring
in the RTT estimatedo the deadlines. TLTCPis intendedto be
implementedn thetransportievel of the kernel. SinceTLTCPis
ACK-clocked,it is ableto mimic thebehavior of TCP overawide
rangeof conditions.As TCP continuego evolve [11] [26] [2] [6]
we believe thatit would be relatvely easyto implementa time-
lined versionof the protocol. However, we expectthatit will be
relatively dif cult to produceaccuratenodelsanddevelop TCP-
friendly protocolsfor eachfuture variationof or modi cation to
TCP

4. Applications

ThecontinuousnediaapplicatiorthatusesTLTCP is expected
to handletheencodingschemespeci ¢ functions while relyingon
TLTCPto perform congestioncontrol and besteffort datadeliv-
ery. Thesendingapplicationwould typically calculatea schedule
for the transmissiorof its data. Eachsectionof databeing sent
(e.g.,sequencef videoframes layersof video,or audiosamples)
would be assigneda deadlinethatis determinedby the schedule
(whichwouldaccounfor bufferinganddelaycharacteristicsf the
encodinganddecodingschemes)Thereceier applicationwould
begin playbackafter rst receving andbuffering someportion of
the data. During playbackportionsof dataare decodedand pre-
sentedo the user If the senderis not be ableto sendall or even
portionsof a sectionbeforethe deadlineassociatedvith the sec-
tion expires, the receiver may be ableto continuewith a lower
quality playback dependingntheapplications ability to tolerate
lostdata.

For example MPEG-1 video [24] that hasframeswith vary-
ing degreesof importancefor the playbackapplication,l, P and
B respectiely. Roughlyspeakingthel framescanbe displayed
independentlyvhile the P framescanonly bedisplayedf thepre-
vious| or P frameshasarrived. The B framesare bidirection-
ally encodedand cannotbe displayedunlessthe previous non-
bidirectionally encoded(l or P) frame aswell asthe next non-
bidirectionallyencoded(l or P) frame aredelivered. Becauseof
the bidirectional dependencieshe 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
may be, . However, the or-
der in which this sequencas storedin an MPEG le will be

TLTCPsectionsarecreatedrom anMPEG-1 le in thesame
orderasthey arestoredbut thedeadlinesreassigne@ccordingo
the orderof display Thesamedeadlineis assignedo anl frame,

the P framesdirectly dependenbn the | frame,the P framesthat
are dependenbn the P framesthat dependon the | frame an so
on. The B framesare assighedhe samedeadlinesas the ear

lier framesthey dependupon, but they are sentafter the frames
they dependupon. Thusin theexampleabore thedeadlineassign-
mentswould be asfollows.

. The sendingap-
plication would startby writing the encodedramesto the socket
asdescribedabore andTLTCPwouldtry to deliverthesectionsn
theorderthey werewritten. However, if theavailablebandwidthis
insufcient to deliverall of the section TLTCPmay
discard attheexpiry of  andstartsendingthe moreimpor
tantframe, sinceit is associatedvith the laterdeadline . In
otherwords, if the bandwidthis insufcient TLTCP will discard
thelessimportantdataandinsteadattemptto deliverthe moreim-
portantdatathatstill hasa chanceof reachingthereceverin time
for playback.Notethat,if the availablebandwidthdecreasefur-
ther (due to congestion)the sendingapplicationupon receving
feedbackfrom the playbackapplicationmay decideto changets
transmissiorscheduleandjust sendthel andP framesor evenjust
thel framessothattheimportantframeshave moretimeto getde-
livered. Reusingthe example,the datasectionshandedo TLTCP
in thesetwo reducedbandwidthcasesiescribedabore would look
like
and respectiely. The
MPEG receirer on the otherhand,will be ableto continueplay-
backbut thequality of playbackwould worsenasmoreframesare
skipped.

The API

The API for TLTCP hastwo main functions. First, the send-
ing applicationneedgo be ableto specifyto TLTCP segmentsof
dataalongwith their associatedieadlines.Secondthe receting
end needsto be able to deliver to the client applicationthe re-
ceiveddataalongwith informationaboutwheregapsarelocated.
We proposeaugmentinghe UNIX socketcalls of recvmsg and
sendmsg [28] for this purpose.

To seehow the API would be usedconsiderthe following ex-
ample. The sener processrst createsa SOCKSTREAMsocket
and connectsit to the recever to establishthe dataconnection.
Thenthe various elds of the msg header structureare lled
in before calling sendmsg with a MSGTL ag usedto indi-
catetime-lined data. Pointersfor eachof the data sectionsto
be sentby TLTCP arestoredin anarrayof msg.iov structures.
Thesearemadeup of a pointerto the data,iov _base andthe
size of the data,iov _len . The size of the msg.iov arrayis
equalto the numberof sectionsbeingwritten andis storedin the
msg.iovlen eld of themsg header . Deadlinescorrespond-
ing to the datasectionsare provided usingan ancillary datames-
sage.Thevalueof thedeadlinesrestoredn msg.control  eld
of msg header , with the messagaype (cmsg-type ) speci ed
as, TL_DEADLINE Thelengthcmsg_len , is againequalto the
numberof datasections.

At thereceverendwhenrecvmsg is calledthe MSGTL ag
indicatesthat the datareceved is time-lined. The recever can
thenreadthe ancillary datapointedto by msg control , in or-
der to distinguishbetweenthe dataand gaps. If a eld in the
ancillary datacontainsTL_DATAthenthe correspondingeld of



the msg.iov structurepoints to valid dataand the application
can storethe pointerin orderto retrieve the datalater On the
otherhandthe ancillary datacontainsTL_GAPthenthe applica-
tion needso makea note of the sizeandlocationof the gapand
takethisinto accounduringplayback.

5. Functioningof TLTCP

As discussegbreviously, exceptfor the additionalmechanisms
to supporttime-lines,the functionality and thusthe datasending
characteristicof TLTCP are similar to TCP. The following de-
scriptionof TLTCP is basedon TCP-Reno. We assumehat the
readeiis familiar with TCP-Renandwe useTCPto referto TCP-
Reno.

5.1 The Sender

The TLTCP senderacceptdime-sensitie datafrom the appli-
cationvia the TLTCP API. Eachsectionof datais associatedvith
a deadlineby which it shouldbe sent. The sendermaintainsa
linked list, calledtime-linelist, that storesthe deadlinesfor the
time-lineddata. A nodein this list that storesthe deadlineand
startingsequenc@umberfor the associatedectionof data. Note
thatthe dataitself is storedin the kernelbuffers as TCP andthe
lowest _seqgno eld of thelist nodepointsto the rst databyte
of asectionin the buffer.

ThesendeperformsdatasendsasanormalTCP sendewould
until theexpiry of thelifetime timerwhichindicateghatthedead-
line for the currentsectionof datahasexpired. It thenselectsthe
next sectionof datato be sentfrom the list and setsthe lifetime
timer to the deadlinefor this section. All of the dataup to the
lowestsequenc@umberof the new sectionof datais discarded.

5.2 Lifetime Timer

In additionto the TCP timers, TLTCP hasa timer called the
lifetime timer. This new timer keepstrack of the deadlinesasso-
ciatedwith the oldestdatain the sendingwindow (the minimum
of therecever's adwertisedwindow andthe congestiorwindow).
The lifetime timer countsdown in the samefashionasthe TCP
timers. When a lifetime timer expires ary dataassociatedvith
thatdeadlinethathasnot alreadybeensentis consideredbsolete
andis discardedrom the sendingwindow. In otherwords,in re-
sponseo adeadlineexpiry the sendingwvindow is movedforward
to sequenc&umbershatarenot obsolete. TLTCP thenattempts
to sendthe dataassociatedvith the next deadlineand the life-
time timeris setto thatdeadline Furthermorepponexpiry of the
lifetime timer the time-linelist is updatedo containonly entries
for the datasectionghatare not obsolete.Figure1 showvs the se-
guenceof actionsthataretakenafter expiry of thelifetime timer.
Dueto expiry of the deadlinessomedatasectionamay not be de-
liveredcompletelyleaving gapsin the sequencef bytesthatis
deliveredto therecever.

Letusconsideanexamplethatillustrateshow aTLTCPsender
transportcontinuousmediadatato a recever. Supposehat the
sendethasa sendwindow sizeof 10 bytes.For simplicity assume
single byte payloadfor all packets.The sendercanthensend10

if ( Lifetime_ tmr has EXPIRED ) {
rem_expi red _dat a(t imeli ne_| ist ,
if  (timeline  _list _empty()) {
cur_node= get_cur _node(t imeli ne_li st);
store_una cked_seq();
move_wind ow(c ur_ node. lo west_ seq);

&buf);

set_lifet ime_tmr (c ur_ node.de adlin e);

—

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

consecutie packets Furtherassumehatanapplicationhasspec-
ied the deadlinedfor sequencenumbersl0 to 19 and 20 to 29,
as and respectiely, where (i.e., the deadlinefor
packetslOto 19 will expire beforethe deadlinefor packet20 to
29). TLTCP setsthe lifetime timer to the deadline andcom-
mencesending.Now supposehatwhendeadline expiresonly
packetslOto 14 have beensent. At this point TLTCP will aban-
donthe sendingof all the sequencefom 10to 19 and20will be
the next packetto send. It will alsosetthe lifetime timer to
and continueto keeptrack of the unacknavledgedpacketsfrom
the obsoletedata. This is donein orderto presere the semantics
of the congestiorwindow mechanisn(for a detailedexplanation
seeSection5.4).

5.3 The Receiver

Upon expiration of the lifetime timer the senderdiscardsall
dataassociatetith the currentdeadlinghathasnotyetbeensent.
However, if thereceveris notinformedof this it would consider
the discardeddatato be lost andrejectpacketdrom the new sec-
tion becausehey are beyond its receive window. The recever
would continueto acknavledgethe last recevved sequenceium-
ber, which is now obsolete.On the otherhand,sincethe sender
hasalreadydiscardedhe obsoletedatait would continueto send
the currentdataand a deadlockwould result. In orderto prevent
this deadlockwhendatais discardedhe TLTCPsenderrexplicitly
noti es the recever of the changein its next expectedsequence
number The expectedsequenc@umberupdatenoti cations also
allow the recever to keeptrack of the gapsin the stream. Infor-
mationaboutwherethegapsarelocated(alongwith the data)will
eventuallybepassedo theapplicationwhenit attemptgo readthe
data.

Expectedsequenc@umbernoti cations areincludedwith ev-
ery packetby using32-bitsof the available TCP-options.We call
this 32-bit eld, seq_-update . Therecever knowsthatit needs
to skip sequencewumberswhenever it recevesa packetcontain-
ing a seq_update valuethatis greaterthanits next expected
sequence&umberand adjustsits next expectedsequenceumber
to the sequenceumbercontainedn the eld seq _update .

5.4 ACKSs for ObsoleteData

The sendemeeddo keeptrack of acknavledgmentgor obso-
letedata,in orderto ensurghatthesendwindow is correctlysized



andis permittedto advanceasACKs arrive for the obsoletedata.

Reconsidetthe example describedin Section5.2, when the
deadline expires,packetslOto 14 have alreadybeensent. At
thispoint TLTCPkeepdrackof thefactthatit mightreceve ACKs
for packetslOto 14 andremovespacketslOto 19 from its buffer.
Thesendethencontinuedy sendingdataassociateavith thenext
deadline . Packets20, 21, 22,23 and24 aresentandthe send
window is full. Oncethewindow is full, no moredatacanbe sent
until outstandindACKs arrive. Oneway to logically view the cur-
rentsituationis to imaginethe obsoletedataoccupyingslotsin the
currentsendwindow. Thusthe sendwindow could be thoughtof
as 10,11,12,13,14,20,21,22,23,24 . WhenACKs for ob-
soletedataarrive, the senders window is movedby the amountof
datathatis ACKed, thusallowing new sends.For example,if an
ACK is receved for sequenceaumberl?2 the window will move
aheadby 3 sequencenumbers(since ACKs are cumulatie) and
the sendemay sendthreenew packets25, 26, 27. Thuskeeping
trackof ACKsfor obsoletedatais necessarpecauseheseACKs
allow the window to move forward. In the exampleabove, the
logical window movesforward uponthe receiptof the ACK for
sequencaumberl?2.

In orderto recognizeACKs for obsoletedata, TLTCP usesa
vectorto storethehighestsequenceentandthelastACK received
for eachobsoletesectionthathasunacknavledgeddata. The size
of thevectoris boundedy thewindow size.As the ACKsfor ob-
soletedataarrive theentriesin thevectorarefreedandasmoreun-
acknavledgeddatabecome®bsoletenew entriesareadded Note
thateventhoughTLTCP keepstrack of the sequenceaumbersof
the unacknavledgeddatathatis obsoletejt sendsdatafrom new
sectiongnsteadof retransmittingobsoletedata.

5.5 Handling Lost Packets

If alostpacketis detectedprior to the deadlineexpiry for that
dataTLTCPwill retransmithelostpacket.Thus, TLTCPattempts
to reliably deliver dataprior to the expiry of the deadlineassoci-
atedwith thedata.Ontheotherhand,if thelostpackets obsolete,
TLTCP sendsthe lowestunacknavledgedpacketthat is current.
This is similar to the actionsthat would be takenby TCP, ex-
ceptthat TLTCPwouldtransmitcurrentdataratherthanretransmit
(possibly)obsoletedataasin the caseof TCP.

To clarify how this works reconsiderthe abose example but
now supposehatthe window sizeis 5. Assumethat packets10
to 14 have beensentandthendueto a deadlineexpiry packetslO
to 19 are deemedobsolete. Now imaginethat packet10 is lost
andthisis detectedy the sendereitherbecaus®f threeduplicate
ACKs or a retransmittimeout. The TLTCP senderwould then
sendthe next unacknavledgedpacket,in this case20. This may
resultin behavior thatis closeto but notidenticalto TCP. In order
to furtherillustratethis scenariove now comparehe actionsthat
TLTCPwould takewith thoseof TCP underthe sameconditions.
The scenariois depictedin Figure2. If thisis the rst time that
packet20is sentthenTLTCPbehaesthe sameasTCP. Whenwe
saythat TLTCP beharesthe sameas TCP, we meanthatit sends
a packetwhen TCP does. However, the sequenc&umberof the
databeing sentmay be differentin eachcase. If in the caseof
TLTCR the packetsentand ACK for the sequenc@umber20 are
notlostandif in thecaseof TCR thepackethatTCPresendsand

its ACK arenotlostthenTLTCP's ACK for 20 wouldarrive atthe
sametime as TCP's ACK for 10. TheseACKs would clock the
subsequergendsatthe sametime for bothTCPandTLTCP.

Sender  TCP Reciever Sender TLTCP Reciever
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Figure 2. Example of a loss in obsolete data.

However, asshowvn in Figure3, if packet20 hasalreadybeen
sent(becaus®f a window sizegreaterthan5) andthe ACK for it
hasnot beenreceived, TLTCP sendst again. We referto this as
a pseudo-etrangnissionsince TLTCP is retransmittingdatathat
may not requireretransmissioiin 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-
retransmissiothenthatACK will clock TLTCP'ssubsequergend
soonetthanit would be clockedwith TCP

Sender TCP Reciever Sender TLTCP Reciever
\10‘ ﬂ
. >< ° ><
Y L]
L] L]

Loss
~~“detected

TLTCPs

Figure 3.
retransmission.

Example of a

Deviation from the behavior of TCP may also occurbecause
of pseudo-retransmissioasdaseq _update messageTheloss
of anobsoletepacket besidegriggeringa pseudo-retransmission,
could causesubsequenitossesof obsoletepacketsto be ignored
asshown in Figure4. Supposen the original example of Sec-
tion 5.2, packet14 is lost in additionto packet10. Underthis
scenariol CP would retransmitthe lost packetandreduceits rate
of sendingby halvingssthresh  [26] asa resultof threedupli-
cate ACKs or by reducingits congestiorwindow dueto atime-
out. However, TLTCP's pseudo-retransmissiomould include a
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Figure 4. Example of a TLTCP missing a
packet loss in the obsolete data.

seq-update thatwould causethe recever to move its receive
window beyond packetsl0 to 19 andrequestpackets20 andbe-
yond,thereforemissingthefactthatpacketl4is lost. In generalijf
beforea packetossis detectedanew seq _update is recevedat
therecever, therecever will ignorethe missingdataandrequest
for dataseq _update onwards.As a consequeece, asshowvn in
theexample, TLTCPwould beunableto detectthelossof packets
subsequetto a pseudo-retransmissiandwould not experience
the secondslowdown.

6. Simulations

In this sectionwe evaluatethe behavior of TLTCP usingsim-
ulations. Thereare several reasonswvhy simulationexperiments
aremoresuitablethanlive Internetexperimentsfor our purposes.
In orderto quantify TLTCP's TCP-friendlinessve needto mea-
surethe effect of TLTCPtrafc on TCP streamsgdiscountingthe
impactof all other factors suchas backgroundrafc. In alive
Internetscenariadhesefactorsarebeyondour controlandin most
casewvouldaddsigni cant noiseto theexperimentatesultswhile
with simulationagmpactdueto the otherfactorscanbeeliminated
or factoredinto the results. Furthermore for the measurements
obtainedn thebaselinecase(control experiment)to be meaning-
ful the experimentsmustbe run underthe sameconditionsasthe
original experiment. Becausehe conditionsof a simulationare
reproduciblethe baselineexperimentscanbe run andvalid mea-
surementgor comparisorcanbeeasilyobtained. TLTCPis anew
protocolandin orderto testit thoroughlywe needto vary several
networkparameterfn a controlledfashion.Usingsimulationswe
areable to studythe effect of varying several parameterever a
wide range,oneat atime, in orderto quantify the effect of each
oneof them.In alive Internetexperimentmostof thenetworkpa-
rameterssuchasthenumberof o wscompetingatthebottleneck,
arebeyondour controlwhile otherdike link delaysandbottleneck
bandwidtharedif cult to vary. We have implementedTLTCPin
thens-2simulator[29] andhave conductedseveralexperimentdo
study TLTCP'stime-lineddatatransportbehavior andto quantify
its TCP-friendliness.

6.1 Time-lined Data Transfer

Usinga simulatednetworkasshown in Figure6, we begin two
simultaneouslatatransfersessiondetweera TCP sendeiandre-
ceiveranda TLTCP senderandreceier. We keeptrack of packet
arrivals of boththe streamsn orderto compareheir datasending
characteristicsFor the sakeof clarity in Figure5, we useconstant
sizeddatasectionsof 700,000byteseachassociatedvith constant
deadlinesof 1 secondto ensurethat the whole sectioncannotbe
deliveredwithin thegiven deadline.The otherparametersisedin
thissimulationareshonvnin Tablel 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 Figure 5 is a plot of sequencenumberversestime
whereeachsequenc@umberrepresentsa 1,500byte datapacket.
It canbe seenthatin the caseof the TLTCP o w, datais sentse-
quentiallyfor thedurationof onesecondwhichis thedeadlineset
for all sectionsof the data). At the end of the deadlinethereis a
visible jump in the sequenc@umber(to the next multiple of 467)
and sequentiakendingresumesagainfor anothersecond. Also
notethatthe slopesof the continuoussectionsof the TLTCP plot
andthe TCPplot arethesame.In fact, thelinesarealmostcoinci-
dentif thediscontinuitieoof the TLTCPtracearemasked.

The obsened discontinuitiesin the sequencenumberof the
TLTCP streamstemsfrom the fact thatat the expiry of the dead-
linesTLTCPstopssendinglatafrom theexpiredsectionandstarts
sendinga new sectionof data. New sectionsof datain this ex-
perimentbegin with sequenceaumbersthat are multiplesof 467
( ), indicatingthat TLTCP s startingto
senda new section. Throughoutour experimentsthis patternof
datasendingis obsenedin TLTCP It canthus be inferred that
TLTCPindeedperformsdatatransferin atime-linedmanner The
factthatthe slopesof the continuoussectionsof TLTCP's packet
trace and that of TCP are the sameimplies that they consume
equalbandwidth.It canbe seenfrom the graphsthat eachof the
streamsconsumeapproximatelyhalf of the 1.5 Mbps bandwidth
( , whereapproximately900
packetof 1500bytesaredeliveredin 14 seconddy eachstream).

6.2 TCP-friendliness



In several studies[4] [23] [18] TCP-friendlinesshasbeenin-
terpretecandmeasuredby theability of non-TCP o wsto equally
sharebandwidthwith TCP o ws. This is typically measuredy
observinghethroughpubbtainedby several o ws(bothTCPand
non-TCP)simultaneouslyperatingover the samebottleneckink
anddeterminingthe bandwidthsharef each o w.

We considertwo main metrics for examining the extent to
which the o ws sharebandwidthequally The friendlinessra-
tio [23] [18], , is theratio of the meanthroughputobsened by
non-TCP o ws(TLTCP o wsin ourcase), , tothemean
throughpubbtainedoy TCP o ws, , .
Sincethefriendlinessratio doesnot exposevariationsin obsened
bandwidthin individual o ws we also considerthe ratio of the
maximum obsened bandwidthto the minimum obsened band-
width [18]. We call this the separationindex, . We examine
the separatiorindex acrossall o wsin anexperiment.In the ex-
perimentswith both TCP and non-TCP o ws we call this mea-
sure , Whereasin the experimentswhereonly TCP o ws
arepresentve call it

In all of our experimentsve useatotalof o ws(where is
even)with anequalnumberof competingTLTCPandTCP o ws
( ). As abaselinefor comparisorwe alsorun experimentaun-
derthesameconditionswithall o wsbeingTCP o ws. In order
to producea metricsimilarto  whenonly TCP o ws areconsid-
eredwe computetheratio of the meanthroughputof one half of
the TCP o wsto themeanthroughpubof the otherhalf. Thevalue
of  will varydependingiponwhichof the o wsarechosen
for eachhalf. Therefore we computeandconsidertwo extremes

for and computesthe worst possible
valueof astheratio of the meanbandwidthof the highest
bandwidth o ws to the meanbandwidthof the lowestband-

width o ws,

on the other hand, computesthe best possible
This is done by sorting the ows by bandwidth and divid-
ing the ows into two groups, odd ranked ( ) and
even ranked ows ( ). Then we computethe ra-
tio of the maximum of the mean of the odd and even ows
, to the minimum of the mean of

the odd andeven o ws

Sincethe TCP o ws themselesdo not sharebandwidthequally
if their round-trip times are not equal[13] [7], we consider

sourcescon gured symmetrically (as shavn in Figure 6) such
that the end-to-enddelaysof all the streamsareequal. In all of
our experimentseachsenderis continuouslysendingdatato the
correspondingecever. We chooseour initial setof simulation
parametersshown in Table 1, to be representatie of Internet
trafc. Later experimentsconsiderthe impact that changesto
someof theseparametertave onthe TCP-friendlines®f TLTCP

ThebottlenecKink hasabandwidthof 1.5Mbps,whichis rep-
resentatie of a T1 link. We usea 1,500byte packetsize,which
is a commonsize of packetsseenin the Internet[5]. A maxi-
mumrecever window of 10 packetg15,000bytes)is usedwhich
is nearthe higherendof the defaultvaluesusedfor typical TCP
implementationg27]. We assumethat all the datatransfersare
unidirectionalandthereforesetthe ACK sizeto 40 bytes,which

is the sizeof a TCP ACK with no payload. The sourceand des-
tination hostsconnecto the bottleneckiink with a 10 Mbpslink
whichrepresents local areanetwork.Previoussimulationresults
[16] suggesthatfor TCPto sharebandwidthevenlyamongalarge
numberof o wsabottleneckouterqueueneeddo beprovisioned
to hold 10 timesasmary packetsasthe numberof o ws. There-
fore,in orderto ensurehat TCPsharedandwidthequallywe pro-
vision the queueat the bottleneckrouterto hold 400 packets.All
the experimentsarerun for a simulatedtime of 500 secondsaind
datacollectionbegins afterthe rst 50 secondgo avoid the tran-
sienteffects of startup. The TLTCP o ws are given sectionsof
700,000byteseachandthe deadlinedor thesesectionsaresetats
secondsThis corresponds$o a maximumdatarateof 1.12Mbps.
Thisis intentionallychosento be highin orderto thoroughlyex-
ercisethetime-line speci c mechanismsf TLTCP.

[ Parameter | Value |
Packetsize 1,500bytes
ACK size 40 bytes
Bottleneckink BW 1.5Mbps
BottlenecKink delay 20ms
Routerbuffer size 400pkts
Source/Deslink BW 10Mbps

Source/Deslink delay 2ms

Recevermaxwindow size 10 pkts
Simulatedtime 500sec
Sizeof TLTCPsections 700,0000ytes
Deadlinedor TLTCPsections 5sec
Totalnumberof o ws 30

Table 1. Default simulation parameter s.

Senders Receivers

Figure 6. Topology used for simulations.

6.2.1 Varyingthe Numberof Flows

In our rst setof experimentswe increasecontentionat the bot-

tleneckby increasingthe numberof competing o wsin orderto

studytheresourcesharingbehavior of the TLTCP o ws. As seen
in Figures7 and8 acrosgherangeof o wsusedn theexperiments
TLTCPobtainsgoodfriendlinessratiosandseparatiorindicesex-

ceptwhenatotal of 50 o wsis reached.While TLTCP doesnot
sharebandwidthfairly at this point, it is importantto noticethat
in thebaselinecase50 TCP o wscompetingamongsthemseles
underthe sameconditionsdo not sharebandwidthfairly. Thiscan
be seenin in Figure7 and in Figure 8, wherethe
valuesarenotcloseto 1.

The situationwherea numberof TCP streamscompeteover
a singlebottleneckrouterhasbeenstudiedpreviously by Morris
[16]. He hasobsenedthatif therearealarge numberof compet-
ing o ws, TCP'scongestiorcontrolmechanisméail to ensurdair
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sharingof the bottleneckbandwidth.As aresultof thehigh packet
lossratesthatoccurin this situationandsubsequenimeouts,the
bandwidthobtainedby competing o wsis highly variable. Mor-
ris suggestghatwhenthe numberof o ws exceedslO timesthe
queussizeof the bottleneckrouterTCP doesnot sharebandwidth
equally In our experiments,with a bottleneckbuffer queueof
size400,thefairnesgratiosandseparatiorindicesarecloseto the
ideal value of 1 for up to 40 TCP and TLTCP o ws ( ).
However, with a total of 50 o ws the queuesizeis lessthan 10
packetsgper ow ( ) andthusthe o ws (TLTCPand
TCP) do not sharethe bandwidthequitably For still larger num-
berof o ws TCP'sfairnesdetoriategurtherandthusthenotionof
TCP-friendlines$oosests meaning We thereforedonotconsider
largernumberof o ws.

TLTCP's congestiorcontrolmechanismsirebasedon TCR It
is thusexpectedthatthe sharingbehavior of TLTCPwould be no
betterthanthat of TCP It canbe seenfrom Figures7 and8 that
in the experimentswith a mix of TCP and TLTCP o ws, higher
valuesfor the friendlinessratio andseparationndex areobsened
ascomparedo the baselineexperimentwith just TCP o ws. This
is becauseén the experimentsabose TLTCP o0 ws do not reduce
their dataratesasmuchasthe competingTCP o ws during con-
gestion. As describedn Section5.5, TLTCP performsa pseudo-
retransmissiorin responsdo a loss of obsoletedataand cannot
keeptrack of subsequenibssesin the obsoletedata. In the case
of 50 competing o ws, dueto heary contentionat the bottleneck,
thepacketossratesarehigh andthedataratesarelow As aresult,
thereis a greatetikelihood of multiple lossedor obsoletedatain
someTLTCP o ws. SincetheseTLTCP o wsareunableto detect
someof theselosseghey do not reducetheir sendingratesduring

congestiomsmuchasthe competingTCP o ws, therebyobtain-
ing alarger shareof the bandwidth. By examiningthe individual
0 ws we obsene that during the simulationrun thereare fewer
retransmissionfor mostof the TLTCP o ws thanthe competing
TCP o ws,con rming thatthe TLTCP o ws indeedmisssomeof
thepacketossesandasaconsequenedonotreduceheirdatarate
asoften asthe competingTCP streams.Unlessotherwisestated
we usea total of 30 o ws for our remainingexperiments. This
ensuredhat the bottleneckrouterhassufcient buffer spaceand
thereforedecreaseshe likelihood that TCP o ws will not share
bandwidthequally

6.2.2 Varyingthe MaximumWndow Size

In this section,we considerthe impact of increasingthe maxi-
mum recever window sizeson the TCP-friendlinesof TLTCPR

As notedin Section5.5, the scenarioghat causethe behavior of

TLTCPto deviatefrom thatof TCP occurwhentherearemultiple
packetiossedn the obsoletedata. Thereis a greatedikelihood of

thisoccurringwith largerwindow sizes sincethereis a possibility
of moreunacknavledgedobsoletedatain this case.Moreover in

both TCPand TLTCP large recever windows increasehe possi-
bility of greatewariationsin sendwindow sizesamongcompeting
o Wws.

In the Figures9 and 10 we show the friendlinessratios and
separationindicesrespectiely for window sizesof 7,500,15,000,
30,000,60,000and 120,000bytesrespectiely. The sizes7,500
and15,000werechosento looselycorrespondo defaultwindow
sizescommonlyusedin TCPimplementation$27]. Theremain-
ing valueswere chosento signi cantly exceedthesecommonly
usedsizes. Theresultsof theseexperimentsdemonstratéhatun-
der the conditionsusedfor thesesimulationsTLTCP and TCP
sharebandwidthfairly when the receiver window size is within
the rangegypically usedasdefaultsin currentTCP implementa-
tions.
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However whenthe maximumwindow sizeis 20 packetsthere
is unequalsharingof the bandwidth.In the experimentwith only
TCP o ws andawindow sizeof 20, the friendlinessratio is seen
to be closeto 1 but the separationindex is closeto 2. This is
aninstancewherethe separatiorindex is a valuablemetricin un-
covering unfriendliness. It canalsoseenfrom Figure 9 that the
friendlinessratiosin bothof thesecasedi.e., with just TCP o ws
andthe with a mix of TLTCPand TCP o ws) improve consider
ably whenthe recever's window sizeis further increasedo 40.
Again, eventhoughthefriendlinessratiosfor the TCP only cases
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(with maximumwindow sizesof 40 and80) arecloseto 1 thesep-
arationindicesindicatethattherearedisparitiesn thethroughput
of theindividual streamslt is alsoobsenredthattheresultsfor the
window sizeof 80 arefairly similarto thosefor 40.

It is unclearto uswhy the o wsarelessfair with awindow size
of 20 thanwith larger window size of 40 and80. We speculate
thatthe increasen unfriendlinessvhenthe window sizeis 20 is
becausea largerwindow sizemay causethe bandwidthsharingto
beunequal. Thesenders congestiorwindow in all the o wsvaries
from aminimumof 1 sggmentto a maximumof therecever'sad-
vertisedwindow. Ideallywhenall the o wsarein equilibriumthey
would have equalwindow sizesandwould thusachiese the same
throughput.But this equilibriumis not reachedecausehe con-
gestioncontrolmechanismef bothTCPandTLTCPkeepchang-
ing the sizeof the congestiorwindow by additively incrementing
it whenthereare no lossesand multiplicatively decrementingt
whenalossis inferred. Additionally, sincepacketsareforwarded
in routersusinga FIFO discipline(insteadof per o w forwarding)
some 0 ws may experiencebursty losseswhile othersmay expe-
riencenolossesatall. The o wsthatexperiencehelosseseduce
their congestiorwindow while otherskeepincrementingit, thus
resultingin the disparityin obsenedthroughput.A largerecever
window (suchthe onesusedin theseexperiments)increaseghe
disparityamongthe o wsasit allows the o ws without losseso
increasetheir window sizeto a larger extent (up to the large re-
ceiverwindow limit).

We alsobelieve thereasorthattheresultsfor thewindow sizes
of 40 and80 aresimilar andindicateincreasedriendlinessis that
the trendtowardsunfairnesds likely to be self-limiting. Thatis,
after a point increasingthe recever window sizeis not likely to
resultin an appreciablaifferencein the friendlinessmetricsob-
senedfor bothTCPandTLTCR Thereasorfor thisis thatin most
casesa ow will beableto increasdts window to a limited size
before experiencinga packetloss and consequentlyeducingit.
As aresult,most o ws would not be ableto signi cantly increase
their sendingwindows to sizesmuch larger thanthe averageas
they would experiencepacketossedeforereachinghelimit. By
examiningthetracesrom our experimentsve nd outthatin spite
of doublingthe maximumpossiblewindow sizein eachstep,the
averageacquiredwindow sizesacrosshe o wsin eachof the ex-
perimentsareindeedsimilar.

In theexperimentswith amix of TLTCPandTCP o ws, by ex-
aminingthe traceswe obsere thatthe TLTCP o ws arethe ones

that obtain greaterbandwidths. This is becauseof the fact that
TLTCP cannotinfer multiple packetlossesin obsoletedata. If a
TLTCP ow hasa large window size asin this experiment,it is

likely to have more obsoletedatain the sendingwindow. This
in turn meansthatthereis a larger likelihood of multiple packet
lossedn obsoletedata. Thus,with alargerrecevver window such
aTLTCPstreanislikely to incremenits window morethanaTCP
streamandwould continueto do sountil alossis detectedThere-
fore on anaverageTLTCP streambtaingreaterthroughputwith

large maximumrecever window sizes. But note that the extent
of the disparitiesin the throughputis not expectedto get much
worsefor still larger windows becausef self-limiting natureof

theunfairnessiescribedabore.

6.2.3 VaryingthePropagationDelay

It is known that o ws betweendifferent pairsof hostsin the In-
ternetwould encountela wide variety of round-tripdelays. It is
thusimportantthat a transportprotocolbe ableto function prop-
erly acrossawide rangeof round-tripdelays.Dealingwith alarge
rangeof round-trip delayshasbeenreportedas a problemwith
existing rate-basedtreamingmediaprotocols. In their work on
TFRCER arate-basegbrotocol,Pahdyeet al. [18] reportthat with
smallround-tripdelaysTFRCPbeharesaggressiely ascompared
to TCR thereforeobtaininga larger shareof the bottleneckband-
width thanthecompetingTCP o ws. They alsopointoutthatwith
large round-tripdelaysand comparatiely small rate recomputa-
tion intervals, TFRCPis unableto accuratelyestimatelossrates
andasaresultits performancés highly variable.

An advantageof TLTCP whencomparedvith rate-basegro-
tocolsis thatit is ACK-clockedandit useshe ACK-basedround-
trip timing mechanismsf TCPR. Therefore we expectthat TLTCP
will be ableto reactmore quickly to trafc uctuations and pro-
vide stablebehavior over a wider rangeof operatingconditions
thanrate-basegbrotocols.In thenext setof experimentsve study
TLTCP'sbehavior over alargerangeof bottleneckdelays.
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Figure 11. Varying delay: friendliness ratios

It canbe seenfrom the gures thatthe friendlinessratiosand
separationindicesobtainedfor TLTCP arevery closeto 1, asare
thoseobtainedfor TCP. The obsenation that TLTCP and TCP
0 ws areableto sharethe bandwidthequitablyover a wide range
of bottleneckdelaysindicatesthatthe lifetime timer expiry events
in the TLTCP o ws do not signi cantly affect the accurag of
round-trip timing mechanisms. In addition, by examining the
tracesof our experimentswve sav that, on average the round-trip
estimate®f the TLTCP o wsarecloseto thatof the TCP o ws.
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6.2.4 VaryingtheDeadlines

In the sameway that large window sizesincreasethe likelihood
thatthebehavior of TLTCPdeviatesfrom thatof TCPthetime-line
chosencanalsoimpact TLTCP Clearly with large enoughdead-
linesit will bepossibleto sendall the packetf a sectionprior to
its deadlineand TLTCP will operaten a mannerthatis identical
to TCP. However, asdeadlinedbecomesmallerthe likelihood of

having to dealwith lossedn obsoletedataincreasesThereforejn

the next setof experimentswe examinethe impactof a rangeof

deadlineon thefriendlinessof TLTCPR

Figure13 shavsfairnessratiosandseparatiorindicesfor ava-
riety of deadlineintenals, from 0.5 secondgwhich corresponds
to the resolutionof timersin commonimplementation®f TCP)
to 62.5secondsSincethereis no notionof time-linesin TCP, we
compareheresultsof anexperimentwith 15TLTCP o wsand15
TCP o wsto anotherexperimentwhereall the30 o wsareTCP.
Theresultsshav that TLTCP operatedairly over alarge rangeof
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deadlines.However, for very shortdeadlinesTLTCP is not able
to sharebandwidthequitably In this casethe deadlineinterval
is 0.5 seconds.This correspondso a datarateof 11.2 Mbps per
stream(with 30 suchstreams)over a 1.5 Mbps link asthe size
of the sectionremains700,000bytes. It is interestingto notethat
in this instanceTLTCP streamsobtainlower throughputhanthe
competingTCP streamsunlike the otherexperimentswherethe
TLTCPstreamsbtainhigherthroughput.

Thereasorfor thisis thetwofold impactof shortdeadlinesn
TLTCP'sdatasends.First, very few packetsaresentin sequence
beforethedeadlineexpiresanddatafrom thenext sectionneedgo

besent. Secondseq _update messagearesentfrequentlybe-
causehedeadlinesxpire frequently Notethattheseq _update
messagesre a part of the new datapacketsthat are sent. With
small deadlinesof 0.5 secondswe obsene that in theseexperi-
mentsa TLTCPsendelis ableto sendvery few packetdeforethe
next jump in datasequencés indicatedby a seq _update mes-
sage .Sincetherearejustafew packetdeingsentin eachsection,
if alossoccursthereis a high likelihood thatbeforethreesubse-
quentpacketsarerecevedatthereceiveraseq _update message
will reachtherecever. If lessthanthreepacketgeachtherecever
afteralossandbeforea seq _update , thefast-recoery mecha-
nismswill not betriggered. Therefore,dueto the small number
of packetdn eachsectionthatreachthe recever TLTCP streams
are not 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-receery are
obsenredin theexperimentwith thedeadlinesof 0.5 secondshan
with deadline®f 2.5secondsSoinsteadof reducingtheirconges-
tion window by half usingfastrecovery, the TLTCP o ws expe-
riencetimeoutsthat abruptlyreducetheir sendingwindow to one
segment. This is why with very small deadlinesTLTCP streams
obtaina smallerportionof the availablebandwidth.

Note thatin the scenariodescribedabore (with a deadlineof
0.5secondspnly asmallnumberof packetsareactuallysentwhile
mostof the packetsarediscardedat the sendetbecausef the ex-
piry of the correspondingleadline.This is clearlyundesirabldor
arealapplicationandindicateghatthe deadlinesrenot setprop-
erly. An applicationusing TLTCPwould attemptto maximizethe
amountof datathatreachegherecever andreducethe dropping
of packetsIn asituationwherethereis alot of databeingdropped
the applicationis expectedto setlarger deadlinesor reducethe
size of the section. Therefore the unfairnessobseredin the ex-
perimentwith the deadlinesof 0.5secondgFigure13)is unlikely
to occurwhenTLTCPis beingusedby arealapplication.

We concludethis sectionby notingthat TLTCPnot only trans-
portsdatain a time-lined fashionbut doesso in a TCP-friendly
mannerover a wide rangeof window sizes,deadlinesround-trip
timesandcompetingtrafc. Furthermoremostof the conditions
underwhich TLTCP o wsappeato beunfairto TCP o wsarethe
conditionsunderwhich TCP itself is unableto sharebandwidth
equitably

7. Conclusionsand Futurework

The paperproposesa new protocol time-lined TCP, for the
delivery of time-sensitie data over the Internet. Remaining
within thecon nesof TCPswindow basedtongestiorcontrol(de-
signedfor reliabledatatransfer), TLTCP attemptgo deliver non-
contiguoustime-sensitre dataandis thus,suitablefor continuous
mediaplayersandotherapplicationghatsendtime-sensitie data.
It is designedo competefairly with the existing trafc in the In-
ternet. Augmentationgo the presensocketcalls areproposedo
allow TLTCPto acceptdatawith deadlinesrom the sendingap-
plication, aswell as,deliver the datarecevved andindicategaps
to thereceving application.Finally we presenthe resultsof our
simulationsthatshow that TLTCPis likely to competefairly with
theexistingtrafc in thelnternet.



In future we intend to integrate TLTCP into the kernel, and
testit in the Internet. In orderto facilitate deploymentwe intend
to modify a TLTCP sendersuchthata TLTCP sendercaninter
operatewith TCP acting as the receiver. This will allow us to
leveragethe installed baseof TCP for streamingmediaseners
thatuseTLTCP. We alsointendto further explore the possibility
of bading-of on the strict friendlinessrequirementsn orderto
provide betterperformanceo theapplications.
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