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Abstract—This paper compares Reno, New-Reno and Selec-
tive Acknowledgements(SACK), the three most common TCP
implementations today in (futur e) optical burst switched (OBS)
networks. In general, SACK, which considers multiple Triple
Duplicated ACKed (TD) lossesn oneround, is found to perform
bestin OBS networks, while New-Reno,which improvesRenoin
packet switched networks by fast retransmissionin responding
to partial ACKs, may however perform worse than Reno.

All three TCP implementations react to a Time Out (TO)
lossin the sameway (i.e, using Slow Start). In OBS networks,
where a burst may contain all packets from one round, and
a burst loss occurs mainly due to contention instead of buffer
over o w, sucha TO event may no longer imply heavy congestion,
or in other words, it may be a false TO or FTO. Such FTOs,
which may be commonin OBS networks especiallyfor fast TCP
o ws, can signi cantly degrade the performance of all existing
TCP implementations. Accordingly, we also proposea new TCP
implementation called Burst TCP (BTCP) which candetectFTOs
and reactproperly, and asa result,impr ove over the existing TCP
implementations signi cantly .

I. INTRODUCTION

Optical Burst Switching (OBS) (see[9], [10] for example)
is a promisingtechnologywhich integratelP and Wavelength
Division Multiplexing (WDM) andis expectedto supportthe
future Internetbackbonewith hugebandwidthdemand.Since
TCP [11] is the prevailing mechanismfor datatransmission
today and its variationswill likely remain dominantin the
next generatiorOptical Internetbasedon OBS, understanding
the performanceof the currentTCP implementationsn OBS
network becomesan importantissue.

In a TCP/IP over OBS network, the TCP sender/receer
is connectedo an OBS network through several IP routers,
which form two local IP accessnetworks, hereaftercalled
sendessideandrecever-siderespectrely. It is notedthat both
the local IP accessetworks and the OBS network can have
loss (paclet loss vs burst loss). The impact of paclet losses
ontheperformancef currentTCPimplementationhiave been
studiedin mary previous works suchas[3], [6], [7], andin
this paper we will focuson the impactof burstlossesin the
OBS network.

The basic transmissionunit in OBS networks is a burst,
which usually contains a number of consecutie pack-
ets/sgments. Whenever aburstlossoccursa TCPsendemwill
be noti ed with the loss of a numberof consecutie paclets
belongingto the lost burst, either by duplicate/partialACKs

Iwe will usethe termspaclet andsegmentinterchangeablyas[3], [6], [7].

asin RenoandNew-Reno,usingthe informationcontainedn

receved ACKsasin SACK, or by anexpiredtimersin all three
TCP implementationsHow sucha burst loss affects different
TCP implementation$asnot studiedin currentliteraturesas
far aswe know. For example,mostrecentstudieson TCP over
OBS either are basedon TCP Renoonly as[2] and without
consideringRenos fastrecovery algorithm,or simply ignored
the detailsof TCP implementationss[1], [4].

For Reno TCR consecutie paclet lossesin a burst can
shrink the congestiorwindow a consecutie numberof times
dueto multiple TD retransmissiongndmay eventuallyresult
in TO retransmissionNew-Reno TCP improves over Reno
in paclet switched networks by avoiding TO resultedfrom
multiple TD lossesHowever, it canhave a worse performance
in OBS networksthanRenowhenthe size of a lost burst (and
accordinglythe numberof lost paclets)is large becauséNew-
Reno insists on retransmittingonly one lost paclet in each
retransmissiomound,andduring sucha retransmissiomphase,
therecanbe no new pacletstransmitted.

Some recently proposed TCP implementationssuch as
Selectve Acknowledgementy(SACK) [3] and Forward Ac-
knowledgementgFACK) [6] addresghe inefciency of Reno
and New-Reno in dealing with multiple paclet lossesin
one sendinground by addingthe information about missing
pacletsin a recever's window to the ACKs so that a sender
canretransmitmultiple lost pacletsin oneround.In this paper
we will shav thatSACK canalsoachieve abetterperformance
than Renoand New-Renoin OBS networks.

However, all the current TCP implementationgdeal with a
TO lossin the sameway by performingslow-start.While such
a TO loss indicatesseriouscongestionin a paclet-switched
network as all the paclets in the sameround are lost, it
doesnot necessarilyindicatesseriouscongestionin an OBS
network. For example,for afastTCP o w, whosearrival rate
at an OBS assemblynodeis large, all the paclets from the
samesendinground can always be assembledn one burst. If
sucha burstis lost dueto contention(amongmultiple bursts),
no ACKs can be sent back, and accordingly the burst loss
will eventuallytriggera TO event, even thoughthe burstloss
occurswith more or less a random probability, rather than
dueto buffer over ow inducedby seriouscongestionin other
words, sucha TO event will generatea false indication of
seriouscongestion,and accordinglywill be called false TO
or FTO hereafter FTOs will unnecessarilyforce all current
TCP implementationdo perform Slowv Start, and thus result
in signi cant performancedegradation.



This papermakes two major contritutions. First, we use
simulationsto evaluatethe performance®f Reno,New-Reno
and SACK in OBS networks, and in particular demonstrate
their inefciencies in dealing with FTOs. Another major
contrikution is that we proposea nenv implementationcalled
Burst TCP (BTCP)which candetectFTOs andreactproperly
More speci cally, upon detectinga FTO, BTCP treats the
lossas a TD loss, and entersthe fast retransmissiorphase;
If BTCP determinesthat a TO is a true TO (i.e., not a
FTO) resultedfrom several (paclet/turst) lossespr therehave
beenseveral consecutie FTOs (which also indicate serious
congestionin the OBS networks), BTCP performsthe usually
timeout retransmissionsvith Slow Start as all current TCP
implementationglo. In this paper we will describethreeFTO
detectionmethods,and discusstheir tradeofs betweenFTO
detectionaccurag and implementationcompleity. We will
shav through both analysisand simulationsthat BTCP can
have a much higherthroughputthan existing TCP implemen-
tationsespeciallyfor fastTCP o ws while remainingto be as
responsie to seriouscongestion.

The rest of the paperis organized as follows. Sectionl|
introducesthe backgroundfor OBS networks and the current
Reno, New-Reno and SACK implementations.Section Ill
evaluatesthe performancesf Reno,New-Renoand SACK in
the OBS networks via NS-2 simulations.The proposedBTCP
with FTO detectionmethodsis describedin SectionlV, and
its performances evaluatedin SectionV. Finally, SectionVI
concludeshis paper

Il. BACKGROUNDS

Two maincharacteristicef OBSthatresultin differentTCP
performancefrom (electronically) paclet-switchednetworks
are burst assemblyat OBS ingress nodes, and bufferless
switching within the OBS core. More speci cally, bufferless
switchingimpliesthatburstlosseswithin OBS networks could
be more or less randomdue to contentionamong multiple
bursts insteadof buffer over ow. On the other hand, burst
assemblyaffects the TCP performancemostly in two ways:
delay penalty due to an increasedT CP round trip time, and
correlationgain from beingableto sendmorepacletsbetween
two loss events [2], [12]. They both dependon the burst
assembltime T, andoffseteachotherto someextent. While
the delay penalty affects different TCP implementationsin
more or lessthe sameway’, the correlationgain, which is
the net effect of the so-calleddelayed rst loss (DFL) gain
and the retransmissiorpenalty [12], could be different for
different TCP implementationswith different retransmission
mechanisms.

A. Slow Fast and Medium-ate TCP Flows in OBSnetworks

In this paper we approximateeachof the local IP access
network asjust onelink with a constantaccesshandwidth
(whichis alsothe TCP sending/receing rate).Below, we will
review threetypical TCP trafc scenariosn OBS networks:
slow TCP ow, fastTCP ow andmedium-rateTCP o w.

2Here,we assumea simpletime-basedurstassemblyalgorithmwhere T,
is x ed.

1) (Extremely)Slow TCP Flow: In this trafc scenario,a
TCP ow hasan extremelyslow arrival rate  or equialent,
an extremely small assemblytime, T, which satis es

Tp< 1 1)

As a result, eachburst containsonly one paclet from the
TCP ow. In addition, since the extra delay introducedby
burst assemblyis small comparedto the Round Trip Time
(RTT) for the slow TCP ow, the TCP performancein an
OBS network approximatego that in an electronic paclet-
switchednetwork whosepaclet loss rate is the sameas the
givenburstlossrate.Hereafterwe will ignorethis caseasthe
resultsfrom paclet-switchednetworks shouldapply.

2) MediumRateTCP Flow: In thistrafc scenarioa TCP

o w hasa mediumarrival rate (anda mediumassemblytime)
sothatoneburst containsmorethanone paclet from the TCP

ow, but not all the pacletsin one sendinground. In other
words, we have
@)

Usually, there will be more than one bursts transmittedin
the OBS network for each sendinground, with each burst

containingmore thanone TCP paclets.
3) FastTCP Flow: In thistrafc scenariothe sendingrate
of a TCP ow is so fast (or the assemblytime T, is so
large) thatall pacletssentin oneround(evenafterthe sending
window reachests maximumsize of W,,,) will arrive within
the sameassemblyperiod, and thus be assemblednto one
burst. In otherwords, we have

Ty

1 Tb < Wm,

W,, 1 )

For sucha ow, thereis always one burst that containsall
TCP pacletstransmittedn the OBS network for eachsending
round.

In this paper we will focus on medium and fast TCP
ows in OBS networks, which is of more practicalinterest,
especiallywith high-speedccesnetworksandOBS networks
with a reasonablylarge assemblytime. For example,assume
that the accessbhandwidthis 2.5Gbpsin the local IP access
networks, with eachTCP paclet size of 1KB, and the max-
imum window size of 2Mb, ary assemblytime larger than
2M b=2:5Gbps= 0:8ms would make a TCP ow afastTCP
o w. In OBS networks, the assemblytime could be a few ms
long.

B. Reno,New-Reno,and SACK TCP Implementations

Reno TCP refers to TCP with Slow Start, Congestion
Avoidance, Fast Retransmitand Fast Recwery algorithms.
When Reno starts, it entersthe Slow-Start phase rst with
a congestiorwindow of size 1, andthen exponentialexpands
its sendingwindow after all paclets transmittedin the pre-
vious round are acknavledged. When the congestionwin-
dow reachesa certainthreshold,Renoentersthe Congestion
Avoidancephaseduring which the window expandingspeed
slows down, that is, Renoincreaseghe congestionwindow
sizeby 1 paclet after all pacletsfrom the previous roundare
acknavledged.

Renodistinguishedwo kind of lossespamelytimeout(TO)
lossesandtriple duplicate(TD) lossesA TD lossis assumed
when a Reno senderreceves three duplicate ACKs for the



same paclet, and the senderwill not wait for a TO be-
fore retransmittingthe lost paclet. During the retransmission,
the senderhalwves its congestionwindow in responseto the
congestionindication by the loss. The rationale behind this
is that a TD loss only indicatesa light congestion.On the
other hand, after a TO loss, where no more than 3 paclets
are successfullytransmittedbefore the timer expires (which
usually indicatesa heary congestion)Reno entersthe Slov
Start phase followed by the CongestionAvoidancephase to
retransmitthe lost paclets aswell as new paclets. Note that
when multiple pacletsare lost in the sameround, e.g.,when
a burst containinga large number of paclets is lost, Reno
will halve its congestionwindow every time it successfully
retransmitonelost paclket andrecevesthreeduplicateACKs
for thenext lost pacletin the burst,andeventually its sizemay
becomdessthan3 (e.g.,thiswill bethe caseif the congestion
window at the time burstlossoccuredis small enough) After
that, sinceit is impossibleto receie three duplicate ACKSs,
a TO event may be triggered,which will bring Renoto the
Slow-Startphase.

New-Renomalkesthefollowing smallchangeo Reno.Even
when multiple paclets from a single window of data are
lost, New-Reno can recover without a TO by retransmitting
one lost paclet per RTT upon receving eachpartial ACK,
without waiting for threeduplicateACks, and doesnot halve
the congestionwindow until all the lost paclets from that
windowv have been retransmitted.With the above changes,
New-Reno can improve the performancein paclet switched
networks. However, in OBS networks, with a large burstlost,
New-Renocanprolongthe retransmissiomeriodsigni cantly
during which no new pacletscanbe sentwhich may decrease
its performance.

The congestioncontrol algorithm implementedin SACK
is a conserative extensionof Renos congestioncontrol, in
thatit usesthe samealgorithmsfor increasinganddecreasing
the congestiorwindow. The differenceis that the option eld
in SACK containsa numberof SACK blocks, where each
SACK block reportsa non-contiguousetof datathathasbeen
receved and queuedWith the block informationin ACK, the
TCP sendermwill be ableto sendmore than one lost paclets
at a time, which helpsimprove the TCP performancen OBS
networks.

I1l. PERFORMANCE COMPARISON AMONG EXISTING TCP
IMPLEMENTATIONS

In this section, we comparethe performanceof Reno,
New-Reno and SACK in OBS networks using NS-2 simu-
lation.Previous work has evaluatedthe performanceof these
TCP implementationswith a few paclet losseswithin a
sendinground, but not as mary paclet lossesaswhat occurs
in an OBS network with a burst loss.

Generallyspeakingall threeTCPimplementationhave the
sameSlow Start and CongestionAvoidancealgorithms,and
the DFL gain and delay penaltymentionedearlierwill be the
sameas long as the assemblytime or burst size is kept the
same.The differencesbetweenvarious TCP implementations
come from the fast retransmissiorand fast recorery mech-

anisms,and their interactionswith burst assemblyin OBS
networks, which are the focus of this section.

In our simulation, the TCP senderand recever connect
to OBS edgenodeswith a link whose propagtion delay is
10ms.The OBSnetwork is modelledwith two edgenodesand
two core codeswhich form a path of four nodesusing three
ber links, eachhaving 10msdelay and 10Gbpsbandwidth.
Therefore,the round trip time (RTT) without including the
assemblytime is around 2  50ms or 0.1s. By default,
the paclet size is x ed at 1KB, and the maximal windowv
limitation variesfrom 10KB to 200KB. The resultsfrom the
simulationswere generatedby tracing paclets inside bursts
departingthe OBS ingressnode. For eachgraph,the X-axis
shaws the bursts' departurgime in secondsthe Y-axis shovs
the paclets' numbermod 60.

A. With One Burst Loss

This sectionhighlightsthe performancelifferencedetween
Reno,New-Renoand SACK in OBS networks with one burst
loss.

1) Medium Rate TCP ows: To simulatea medium rate
o w, we assumethat the accessandwidthis 125KBps.

(a) Small Congestion Window
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Fig. 1. Packet tracewith one burst loss occurredat (a) W = 20 and (b)
W = 200 for a RenoTCP ow (1} = 0.04s)

Figurelillustratestheimpactof thecongestiorwindow size
on Renos TD loss event, wherethe length of the lost burst
is BL = 5 paclets (which is the maximal value since 0:04
125= 5). As we canseefrom Figure 1l (a), if the congestion
window? is small, i.e., W = 20 paclets, at the time when
the burstis lost, the window sizewill be reducedto lessthan
3 at time 3 after threeretransmissiomoundsbut beforeall 5
pacletslostin a burstcanberetransmittedTherefore without
being able to receve threeduplicateACKs ary longer a TO
occursat time 3.8 and a Slow Start phasebegins. However,
in Figure 1(b) wherethe congestionwindow size hasalready
grown to reachthe maximallimit of 200 paclets by the time
the burst loss occurs,Reno can recover from retransmission

SNote herewith a relatively small RT'T", TCP paclets are pipelinedand
congestionwindow cannotbe representedh the graph
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Fig. 2. Packet traceswith oneburstloss (W = 40 whena burstis lost)

stageand re-enterthe congestionavoidancephasewithout a
TO event.

Figure 2(a) comparedifferent TCP implementationsipon
one burst loss when both BL and W are small (5 and 40
in the simulation, respectiely). It can be seenthat SACK
hasthe best performancebecausehe ACK can indicate the
block of paclets lost, and the sendersendsout the all the
lost paclet again uponreceving the ACK. In addition, New-
Renogenerallyperformsbetterthan RenobecauséNew-Reno
detectsthe lossof next pacletsuponreceving a partial ACK,
without waiting for 3 duplicate ACKs or a TO (while Reno
will have a TO asdiscusseckarlier).In addition,New-Renos
congestionwindow will only be halved once after recovered
(i.e., W = 40=2 = 20), which makes New-Renocan recoser
quickly from the loss of a small burst.

Figure 2(b) shaws that whenthe lost burst lengthis large,
(BL = 15in simulation)while W is still relatively smallwhen
theburstlossoccurs(e.g.,40), New-Renoperformsworsethan
Reno. This is becauseNew-Reno only retransmitsone lost
pacletin oneround,andhenceneedsa long time to nish all
15 retransmissionsgluring which no new paclets canbe sent.
Reno,on the other hand,will have a TO as before,but nen
paclets may be transmittedbefore the TO and in addition,
the TO valueis muchsmallerthan15 RTT in New Renos
fast retransmissiorphase,and Renos transmissionafter TO
is much more ef cient becausdt exponentiallyincreaseghe
sendingwindow size. Also from Figure 2(b), we canseethat
in this case, SACK hasa muchbetterperformanceghanReno
and New-Renodueto its selectve acknavledgements.

We notethatif BL is small but W at the time burst loss
occursis relatively large asin Fig. 2(b), Renowill not have a
TO, and henceits performancewill be comparableo that of
New-Reno.

2) Fast TCP Flows: To simulate a fast TCP ow, we
assumethat the accessbandwidthis 1MBps, and the burst
assemblytime is T, = 0:2s. In this case,sincethereis only

(b) Ty = 0.2

oneburst containingall the pacletsin oneround,a burstloss
will trigger a timeout (TO) event in Reno, New-Reno and
SACK, which have exactly the sameperformanceasthey all
useSlow Startfor retransmissioraftera TO lossasshown in
Figure 3.
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Fig. 3. Paclet tracewith oneburstdroppingfor afastTCP ow

B. Multiple Burst Losses

In this section,we comparethe performancesf the three
TCP implementationswith multiple burst losses.For a fast
TCP o w, sinceall threeTCPimplementationspplythe same
timeout retransmissiommechanismevery time a burst s lost,
they areexpectedto have the sameperformancewith multiple
burstlossesaswell. Thereforewe only considemultiple burst
lossesin a mediumrate TCP o w.

Figure4(a)illustratesthe performancesf thethreedifferent
TCP implementationswith a medium-highloss rate. When
lossesare scatteredbefore time 12, the three TCP imple-
mentationshave muchdifferentperformanceslueto different
TD retransmissionsand when lossesoccur one after another
immediately the three TCP implementationshave the same
performanceas multiple backto backburst losseswill easily
trigger a TO event (after which, all TCP implementations
performthe sametimeoutretransmissionsgisshowvn aftertime
28 in Reno,aftertime 21 in New-Renoand after time 16 for
SACK in Figure 4(a). On the other hand, Figure 4(b) shavs



TABLE |
THROUGHPUT RATIO OF NEW-RENO AND SACK OVER RENO, T}, = 0.04s

log(p) 3| 25 -2 -1.5 -1 -0.5

NewReno/Reno | 1.0 | 1.1 | 1.29 | 1.19 | 1.03 | 0.93

SACK/Reno 10| 1.07| 158 | 14 | 1.33 | 1.07
TABLE 1l

THROUGHPUT RATIO OF NEW-RENO AND SACK OVER RENO, T}, = 0.2s

log(p) -3 | -25 -2 -1.5 -1 -0.5
NewReno/Reno | 1.0 | 0.94| 0.9 | 0.76 | 0.93 | 1.06
SACK/Reno 1.0| 1.03| 1.02 | 11 1.0 1.0

that with a medium-lav lossrate, SACK always hasthe best
performanceas most,if not all, lossesare TD losses.

Table | and Il shov the performanceratios of New-Reno
over Reno, and SACK over Reno, as the burst loss rate
varies from low to high. In general, for a low or high
loss rate, all the three TCP implementationstend to have
the similar performance.This is becausethe performance
difference for different TCP implementationscomes from
the TD retransmissiorstageonly. Accordingly, a high burst
loss rate usually leadsto a higher probability of a TO with
which there is no differencein TO retransmissionsn the
three TCP implementationsOn the other hand,a low burst
loss rate leadsa low TO probability but also a low TD loss
probability Accordingly therewill alsobe little performance
differencebetweendifferent TCP implementationsHowever,
with a medium-lav to medium-highloss rate, the probability
of aTD eventcanberelatively high (comparedo a TO event),
and accordingly the performancedifferenceamongdifferent
TCP implementationswill be more obvious, as shavn in the
middle two columnsof Table| andIl.

Tablel andll alsoshav theeffectof theburstassemblytime
T, (or burst length) on the performanceratios of New-Reno
over Reno,andSACK over Reno,respectiely, It is interesting
to notethat New-Renohasa betterperformancdor a smaller
assembltime (0.04sfor possiblysmallerburstsize,e.g.,upto
5), while Renohasbetterperformancefor a larger assembly
time (0.2s for possibly smaller bust size, e.g., up to 25) as
illustrated in Table | and Il, respectiely. In general,their
relative performanceslependn therelationshipbetweenT CP
timeoutvalueRT O, roundtrip time RTT andthe numberof
paclets containedin the lost burstBL. WhenRTO is much
largerthanBL RTT, New-Renohasa betterperformance
than Reno,otherwiseRenohasa betterperformancebecause
the intenal betweenthe time that the previous burst lost and
the time for next new paclet to retransmitis approximately
RTO for RenoandBL RTT for New-Reno.SinceRTT
andRTO is almost x ed after TCP startsfor sometime, BL
usually decidesthe relative performance®f Renoand New-
Reno.Also notethat, whenassemblytime T, (or burstlength)
increases SACK is still betterthan Reno but its advantage
diminishesdueto the factthat TO canhappenmore easilyas
fewer burstlossescantriggera TO event,whereretransmission
mechanismdor all TCP implementationsare the same.

For mediumlossrates,the differencedetweertheir perfor
mancesarethe highestsinceTD loss happensnostoften and
affect the total throughputmore. With different burst length

or assemblytime, Renoand New-Renohastradeofs in their
performances.

IV. BURST TCP (BTCP) wiTH FALSE TIMEOUT
DETECTION

All current TCP implementationsassumethat a TO event
triggeredby multiple paclet lossesindicatesa seriousconges-
tion in the network. This assumptioris valid in (wired) paclet-
switched networks becausesuch multiple paclet lossesare
resultedfrom buffer over ows. However, it is not alwaysvalid
in OBSnetworkswhereoneburstcontainingall pacletsin one
sendinground may be lost due to contention,since multiple
paclet lossesare dueto a single burst loss event, and sucha
burst loss event is more or lessrandom,and therefore,does
not necessarilyndicateseriouscongestionsn OBS networks.

We call a TO eventa false TO (FTO) if it is causedby a
single burst loss in a OBS network which is not in serious
congestionSuchFTOs, which canoccurquite oftenfor a fast
TCP ow in OBS networks, can degradethe performanceof
all currentTCP implementationsy forcing themto perform
Slow Start.

To improve theinef ciency of currentTCPimplementations
in dealingwith FTOs, we proposea nev TCP implementatin
called Burst TCP or BTCE, whose aim is to detectFTOs,
andtreatthem as TD losses,which is the way thesepaclet
lossesshouldbetreatedn this sectionwe describehreeFTO
detectionmethodsthat may be usedby BTCP.

In order to determinewhethera TO eventis a FTO or
not, a BTCP senderneedsto know if this TO is caused
by multiple paclet losseswithin either or both of the two
IP accessnetworks, called senderside accessnetwork and
receverside accessetwork. If so,thenthe TO is a true TO,
i.e., nota FTO. Otherwise the multiple paclet lossesmay be
causedby either a single burst loss or multiple burst losses
within the OBS newtork. In the former casethe TO is a FTO
but in the latter case,it is alsoa true TO.

The rst FTO detectionmethodwe proposeis for a BTCP
senderto estimatethe maximal numberof paclets that can
be assembledn a burst. Sucha method,called burst length
estimationor BLE for short, doesnot require ary changes
to OBS networks, andis relatively simpleto implement;The
secondmethodwe proposeis to let OBS edge nodessend
burst ACK (BACK) to the BTCP senderwhich containsthe
information of the paclets containedin a burst arriving at
an ingressand/or egressnodes. This BACK basedmethod
thereforerequiresthatthe OBS edgenodesbe ableto process
TCP paclets and send BACKs to the BTCP sender but
can achieve a better FTO detectionaccurag than the rst
method BLE. Last but not least, the third method lets a
core OBS node at which a burst hasto be droppedsendthe
information of the paclets containedn a droppedburstusing
a burst NAK (BNAK) to the BTCP senderswhich requires
OBS core nodesto be ableto handleTCP paclet processing
and NAK sending.This BNAK basedmethodcan not only
achievesthe highestFTO detectionaccurag amongthe three
FTO detectionmethods,but also allows the BTCP senderto
start TD retransmissiongven beforea FTO occurs.On the
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Fig. 4. Paclet traceswith multiple burstlossesfor a medium-rateTCP ow

otherhand,the bestperformanceas achiezed with the highest
implementationcompleity among the three FTO detection
methods.n the following subsectionswe will describethese
methodsin more detail.

A. FTO Detectionusing Burst LengthEstimationor BLE

To implementthe proposedBLE method,the BTCP sender
needso keepone pieceof additionalstateinformation,which
is the burst window size (burst_wd), to estimatethe current
numberof TCP paclets containedin one burst in the OBS
network. Whena TO event happensthe sendercompareghe
currentcongestionwindow with the burst window to decide
whetherit is a FTO or not, andthentakesappropriateactions.
The following are someof the implementationdetails:

First, we estimatethe burst window size burst_wd using
the following steps:

1. When a new BTCP ow startsto transmit, it resets
burst_wd to zero,thenentersthe Slow StartphaseThe BTCP
senderdoesnot needto know aboutthe assemblyalgorithm
andin particularthe assemblytime usedby the OBS network.

2. If the rst lossis a TD loss, it meansthat the current
congestiorwindow cwnd is largerthanthe maximumnumber
of paclets containedin a burst. TCP senderupdatesthe
burst_wd ashalf of the currentcongestiorwindow sizecwnd,
i.e., burst_. wd = cwnd=2. Otherwiseif the rst lossis a TO
loss, it is very possiblethat the senders congestionwindowv
cwnd is smallerthan the numberof paclets that have been
assembledn a lost burst, or in other words, the TO is a
FTO. In this case we setthe burstwindow sizeasthe current
congestionwindow size: burst_.wd = cwnd.

3. If alossis not the rst loss,andit is a TD loss, then
we set the burst window size as minimum of current burst
window sizeandhalf of the congestionwindow: burst_wd =
minf burst_wd; <44g.

4.1f alossis notthe rst loss,andit is a TO loss,thenthere
aretwo subcases(l) if the TO lossis the rst TO loss,then

Packet number (mod 60)

Packet number (mod 60)

Packet number (mod 60)

(b) p= 0.01

setthe burstwindow sizeasminf cwnd; burst_wdg; (2) if the
TO lossis notthe rst TO loss,thensetthe burstwindow size
as maxf cwnd; burst_wdg.

To determineif a TO is FTO basedon the estimated
burst_wd:

1. For ary TO loss, as long as cwnd burst_.wd and
burst_ wd > 3, the sendettreatsthe TO asa FTO, andhalves
its congestionwindow and starts fast retransmissiornof all
pacletslost.

2. Otherwise,for a TO loss with cwnd > burst_wd or
burst wd 3, the sendertreatsthe TO asa true TO event,
and performs the same TO retransmissionsas other TCP
implementationglo.

Notethattheabove BLE methodrequiresno coordinationor
informationexchangebetweenthe BTCP senderandthe OBS
nodes.In addition, the methodis simple to implement,and
can improve the throughputperformancewhen comparedto
currentTCPimplementationsvhoseperformanceareplagued
by FTOs.

However, the estimatedburst. wd may not be accurate.
Accordingly, it is possiblethat a true TO will be taken as
a FTO by mistale when using the abore BLE method for
mediumrate TCP ows. In addition, even if it is accurate,
the abore BLE method cannot distinguish multiple paclet
losseswithin eitheror both of thelocal accessetwork (which
are possiblealbeit with a small probability) from a single
burst loss within the OBS network. In other words, when
BLE declaresa TO to be a FTO, it could be a true TO
instead Whenit is atrue TO, TCP shouldenterthe Slow Start
phaseémmediatelyasit indicatesseriouscongestionHowever,
BTCP will enterthe Slow Startphaseonly after several such
“FTO” events,which malkesit lessTCP friendly.

B. FTO Detectionusing Burst ACK or BACK

One possibleenhancemento the previous FTO detection
method BLE is to enable an OBS ingress node to send



information of the TCP pacletsin a burst backto the BTCP
sendervia an Burst ACK or BACK paclet. In this way, the
sendemo longerneedsto guesswhich pacletsareassembled
in the sameburst or not. Whena TO occurs,the senderwill
know from the BACK whetherall the pacletsarein the same
burst. If so,the TO is very likely a FTO (it is still possible
however, thatall the pacletsarelostin thereceier-sideaccess
network, but the senderhasno way of knowing for sureone
way or the other). Otherwise,it is de nitely a true TO. Of
course,if the BTCP senderdid not recevve a BACK anda TO
occurs,it is safely assumethat it is a true TO (since either
the multiple paclets sentearlier or the BACK paclet is lost
in the senderside accessetwork).

The algorithm basedon BACK from the ingressnode is
illustratedasfollows:

1. When a burst is createdand leaves the ingressnode,
ingressnode collectsthe sequencenumberand TCP senders
information for all TCP paclets in the burst, and sends
an BACK paclet to eachBTCP senderwith the sequence
numbers.

2. Whenthe timer expires,a BTCP senderchecksthe most
recentBACK to seeif all the lost paclets are in the same
burst: (1) If they are, then treatsthe timeoutasa FTO and
follows the normal TD retransmissioras describedaborve. (2)
Otherwise(or if the paclet sequencaumbersannotbefound
in any BACK paclets), treatsthe TO asa true TO and starts
retransmissionusing Slow Start.

Note that one may alsoaskan OBS egressnodeto senda
BACK paclet instead In sucha case,whena BACK paclet
is receved, the senderwill know that ary lossesmust have
occurredwithin the recever-side accessetwork. However, if
no BACK is receved, then the sendercannottell multiple
paclet losseswithin the senderside accessnetwork from a
burstlosswithin the OBS network.

To help distinguisha burst loss within the OBS network
from multiple paclet losseswithin eitheror both of the access
networks, one can let both ingressand egressnodessenda
BACK paclet. In this way, the sendercan detectFTOs with
accurag, i.e., BTCP senderknows a TO is a FTO whenonly
a BACK containingall paclets from ingressis receved but
without BACK from egressnode,and knows it is a true TO
otherwise.Hence,BTCP using BACK basedFTO detection
can achieve better throughput performancethan the current
TCP implementationswhile being as responsie to serious
congestionwithin the IP accessetworks asthe current TCP
implementations.

Note that, the OBS ingressand egressnodeshave proper
electronic interfacesto IP routers on one side as well as
electronicmemoryto assembleand disassemblgaclets into
andfrom a burst, respectiely. Neverthelessthey arerequired
by the BACK methodto be ableto understandr CP and send
BACK to BTCP senders.

C. FTO Detectionusing Burst NAK (BNAK)

In an OBS network, a (OBS) control paclet is generated
and sentby an ingressnodefor each(data)burst the ingress
nodeassemblesand sends.Sucha control paclet containsin-
formationaboutthe burst (including the routing information),

andis processet eachandevery corenodeso asto resere
bandwidthand setup the switchingfabric for the burst.

In the proposedFTO detectionmethod using burst NAK
or BNAK paclets,we canlet eachcontrol paclet containthe
information of the (TCP) paclets within the corresponding
burst. At arny core nodewherethe burst runsinto contention
and has to be dropped,the core node constructsa BNAK
paclet basedon the control paclet correspondingto the
droppedburst, and sendsthe BNAK to the BTCP sender

If the senderrecevessucha BNAK that containsinforma-
tion on all pacletsin the cwnd, thenit knows for certainthat
ary TO associatedvith a paclket mentionedn the BNAK is a
FTO. Otherwise,(either no BNAK is receved or the BNAK
receved doesnot containinformationon all paclets),thenthe
TO is atrue TO.

Based on the above discussion,the BNAK based FTO
detection can achieve the same highest accurag in FTO
detectionas the BACK basedFTO detectionwhere both the
ingressand egressnodessend a BACK paclet. Moreover,
BNAK canresultin a much better performancehan BACK
(althoughthe former requiresmore comple implementation
as well). This is becauseas mentionedearlier with a fast
TCP ow, all the paclets transmittedin one sendinground
areassemblednto one burst. Accordingly, a TCP sendemwill
benoti ed of eachpacletloss(asapartof aburstloss)in OBS
networks by a TO event only. As the TCP timeout value is
setto be severaltimeslargerthanits RTT, waiting for the TO
to occur beforeretransmissiorstartscan be quite inef cient.
Using the the proposedFTO detectionmethod BNAK, the
sendercan startretransmissiorof lost paclets as soonasthe
BNAK is recevved, which should be lessthan a RTT and
thus much earlierthan TOs for theselost paclets. Therefore,
this methodimprovesthe throughputof BACK or BLE based
methoddurtherwhile remainingto be asresponsie to serious
congestiomsthe current TCP implementations.

V. PERFORMANCE OF BTCP

In this section, we evaluate the performanceof BTCP
with different FTO detectionsvia both analysisand simula-
tions. SinceBTCP differs from existing TCP implementations
mainly in their reactiongo FTOs,we will focuson afastTCP
o w for which FTOs are mostlikely to occur

A. Analytical Results

As in Sec.lll,we will focuson theimpactof thelosswithin
the OBS network. More speci cally, we assumethe number
of pacletsfrom oneTCP o w containedn oneburstdoesnot
affect the loss probability of the burst. Suchan assumptioris
reasonableagiven that the size of the burst is determinedby
the total numberof pacletsfrom mary ows.

1) BTCP using BLE or BACK: If eachburstis assumed
to have the sameindependentioss probability p, then the
averagenumberof rounds successfullytransmittedbetween
two “TO” losesis 1Tp [2]. When the loss rate is not very
low, the maximumwindow limitation is relatively high, i.e.,
W,, > 1=p, andin addition, TO lossesare distributed evenly
over time, thenthe senderstartsretransmissiorfrom Wy will
reachW (W < W,,) before the next TO event occurs.



For a fast TCP ow without FTO detection(whetherit is
Reno,New-Renoor SACK, they hasthe sameperformanceas
discussedn Sec.Ill),W, = 1 andE[W] = 1.2, andthe TCP

P
sendebeginstransmittingW 1 pacletsin log> (£5%) rounds
during the Slow Start phase,and continuesto transmitW=2
roundsduring the congestioravoidancephase.Therefore the
averagetotal numberof paclets transmittedbetweentwo TO
events,denotedby E[H], is:

E[W]
2
= gE[W]2+ EW] 1

E[H.] = E[;N]

(EwW] 1)+

(

+ E[W])=2
4)

As we canalsorepresenthe transmissiorroundsas

1 E[W E[W
we canobtain E[W] in (4) by solving (5), and then obtain

E[H4].

For the fast TCP ow in BTCP with FTO detectionbased
on BLE, we have Wy = W=2, thereforeE[W W=2] =
Ew=2] = 12 and E[W] = @. The total number
of paclets transmittedbetweentwo TO events, denotedby
E[H>], is:

1 p EW+¥] 31
( 2 )= 2p2
Note that underthe assumptiorthat thereis no lossin the
local accessnetworks, BTCP using BLE performsthe same
asBTCP using BACK.

Sincethe time betweentwo TOs calledtime out period (or
TOP)in BTCPusingBLE/BACK (whichis 17”RTT+ RTO)
arethe sameas TCP without FTO detection their throughput
ratio is E [H,]=E[H 1], whosenumericalresultsareillustrated
in Figure 5(a) for the casewhere W,,p > 1. The gure
alsoshaws the averagecongestiorwindow sizeratio between
BTCPandTCR whichis alwayslargerthanl sinceBTCP can
startwith a larger congestionwindow sizeW (up to W,,=2)
after a FTO while TCP will always startat W = 1. This
increasen the window sizeis a reasonfor the increasen the

throughput.

When the loss rate is low, and the maximum window
limitation is relatively low too, i.e., W,, < 1=p, the maximal
limit on the congestiorwindow sizecanbe easilyreachedor
most of the time. In sucha case,E[H1] and E[H,] can be
similarly recalculatedas:

2
E[H,] = P) 6)

_ 3W,, 1 Wy W,
EH.] = (W, 1)+ 8 + Wm(a > |092(T))
2
= Wo Wi, W,, 1 Wmlogg(M) )
p 2
and
1w, W2 W, W2
E[H-] = (6 T) W, + 8 p 8 (8)
Thus, the throughputratio becomes:
EHo] _ ,, Wn(log®e 1)+ 1 ©
E[H1] E[H1]

which is shavn in Figure 5(b). From the Figure, we can
seethat the bene t of FTO detectionin BTCP increaseswith
the maximumwindow limitation W,,,. This is becausevith a

larger W,,,, BTCP can startwith a larger W = W,,,=2 after
a FTO while current TCP hasto startwith W = 1, similar
to the explanationprovided for Figure5 (a). In addition,the
large the lossrate p, the betterthe improvementas more TO
eventsmay occur

(@ Wm*p>1
T T

S
T

w
T

(S
T

Throughput & cwnd ratio

—— Thoughput ratio
—<J- average window size ratio

I
0.16

I I I I I
0.08 0.1 0.12 0.14 0.18 0.2

loss rate p

I I I
0 0.02 0.04 0.06

(b) Wm*p<1
T T

.04

S SN
=3
@
T

Throughput ratio

.02

g

o

=4
T

I I I I I
0.01 0.012 0014 0016 0.018 0.02

loss rate p

1 1 I I I
[ 0.002 0.004 0.006 0.008

Fig. 5. Analytic resultsof BTCP vs TCP

2) BTCP using BNAK: For BTCP with FTO detection
methodbasedon BNAK, the numberof paclets transmitted
betweentwo TOs is also identical to that by TCP without
FTO detection.However, for a FTO, the retransmissiomound
can start as soon as a BNAK is receved, which is RTT
time after the loss round, instead of RTO time in TCP
without FTO detection.That is, the total time betweentwo
TOs in BTCP using BNAK is jTOP,j = £LL while the
total time betweentwo TOs in TCP without ETO detection
is JTOP1j = L2RTT + RTO. Therefore,the throughput

enhancemendue to BTCP using BNAK when comparedto
TCP without FTO detectionis:

E[H.]5TOP,j _ E[H,] *5“RTT+RTO

E[H.]iTOP:j ~ E[Hi] e

_ E[H2] RTO RTT p
“EmgtT T RTT T p (10)
As RTO RTT > 0, the abore analysisalso implies

that BTCP using BNAK will achieve better performance
improvementthanBTCP usingeitherBLE or BACK, andsuch
animprovementwill increasewith p.

Note that, the abose analysisin (10) did not consider
consecutie FTOs, which are possiblewhen the loss is un-
evenly distributed and the loss rate is high. Since BTCP
with BNAK can also eliminate the exponentialbacloff time
when comparedto currentTCP implementationgwhich will
treat them as multiple true TOs), the enhancemenof BTCP
using BNAK accordingto our analysisin (10), may be an
underestimationln fact, BTCP using BLE/BACK can also
eliminate the exponentialbacloff time, and accordingly the
previousanalysisresultsfor BTCPusingBLE/BACK, whichis
shavn in Figure5 (b), mayalsounderestimatés performance
enhancemenie will discusghe casewith consecutie FTOs
in more detailslater



B. NumericalResults

We highlight the performanceenhancementiue to BTCP
for a fast TCP ow via simulationsin this section.As dis-
cussecearlierin Figure 3, thereis no signi cant performance
differencesamongReno,New-Renoand SACK becausehey
dealwith TOsin the sameway. Accordingly, we will compare
BTCR which enhancefRenowith FTO detectionwith Reno.

Figure 6 shavs the detailsof how BTCP using BLE deals
with TOs.Whenthe rst TO occursat time 11, Renotriggers
TO retransmissiomnd Slow Start,while BTCP candetectthat
it is a FTO becausats currentburst window sizeis equalto
the congestiornwindow (i.e., burst_.wd = cwnd = 40 in this
example).Therefore BTCP treatsthis TO eventasa TD loss
and triggers fast recovery, which enhanceghe performance
when comparedto Reno. Also note that for consecutie
TO lossesduring time 28 to 55, BTCP can still respond
to temporarily high loss situationsin the OBS network by
halving the congestionwindow multiple timesin consecutie
retransmissionandeventuallytriggeringatrue TO event. This
meansthat BTCP cannot only improve Renos performance,
but also remainsto be asresponsie to seriouscongestionn
the OBS network as Reno.
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Fig. 6. Packet Traceof TCP andBTCP

1) Throughput Performance: Figure 7 compares the
throughputof a singlefastTCP o w in an OBS network with
x edlossratep = 0:1, andrandomlydistributedlossesHere,
p is chosento berelatively large to highlight the performance
differencesbetweenBTCP using BLE/BACK, BTCP using
BNAK andReno.

As canbe seenfrom the gure, all BTCP versionshave a
better performancethan Reno. While BTCP using BLE and
BTCP using BACK have the sameperformance(sincethere
is no lossin the accesmetworks asdiscussedn the previous
analysis),BTCP using BNAK achieresthe bestperformance
sinceit reducesthe waiting time before retransmissiongin
responsdo a FTO) from RTO to RTT.

As mentionecdearlierin the analysis(seeFig. 5), the bene t
of FTO detectionin BTCP increaseswith the maximum
window limitation W,,,. This is veried in simulations by
comparing Figure 7(b) where W,,, = 20 with Figure 7(a)

TABLE IlI
PERFORMANCE ENHANCEMENT OF BTCP vsSp (T, = 0.04)

log(p) 3 [ 25 2 15 1
RENAK-r 100 | 1.00 | 1.05| 1.06 | 1.76
Rpre/pack- | 1.00 | 1.00 | 1.05 | 1.05 | 1.17
Rprp/pack-e | 1.00| 1.01 | 1.02 | 1.05 | 1.28
RpLE/BACK-b | 1.01| 1.05 | 1.07 | 1.193 | 1.46
TABLE IV

PERFORMANCE ENHANCEMENT OF BTCP VST, (p = 0.1)

Ty 0.01| 0.02 | 0.04 | 0.06 | 0.08 | 0.1
RpNAK-r 148 | 143 | 1.35| 1.31 | 1.27 | 1.16
Rpre/Back- | 1.20| 1.19 | 1.17 | 1.18 | 1.16 | 1.07
Rpre/Back-e | 1.24 | 1.24 | 1.24 | 124 | 124 | 1.24
Rpre/Back-» | 1.59 | 1.58 | 1.46 | 1.47 | 1.43 | 1.43

where W,,, = 10. Note that the throughputof all BTCP
versionsandRenodecreasevith T, dueto the (burstassembly)
delay penaltyto a fast TCP ow as discussedn [2], [12].
The reasonthat the throughputsare low whenT, = 0:01 and
W,,, = 20 (in Figure7) (b)) is becaus¢he TCP o w simulated
no longer quali es asa fast TCP ow accordingto (3) (see
[12] for throughputanalysisof sucha medium-astTCP o w).
With randomlydistributedlossesthe performanceenhance-
ment ratio of BTCP using BNAK over Reno, denotedby
RprLe/BACK - @sWell asthe enhancemenof BTCP using
BLE or BACK over Reno, denotedby Rgrr/pack -, are
further illustrated in the rst and secondrows in Table IlI
andlV for variouslossratesandassemblytimes,respectiely.
It can be seenfrom the two tablesthat both BTCP using
BNAK and BTCP using BLE/BACK, especiallythe former,
canbesigni cantly betterthan TCPwhenthe lossrateis high.
Hereafterwe will focuson BTCP usingBLE/BACK although
mostof the discussionsapply to BTCP using BNAK aswell.
It is notedthat the performanceenhancemerdueto BTCP
not only dependson the averageloss rate as shaovn in Table
[, but alsothe distribution of the burstlossegNotethatfor a
fastTCP ow, a burstlossis the sameasa FTO loss),which
canbe eitherrandomlydistributedasmentionedabove, or one
of the two additionaldistributions namely evenly distributed,
or (evenly distributed) batches(e.g., 4 lossesoccur back to
backasa batch,andthereis a x ed amountof time between
two batchesof losses).The last two rows in Tableslll and
IV shav the enhancementatios with the two additionalloss
distributions betweenBTCP using BLE/BACK over Reno,
denotedby R r/Back -« aNdRpLE/BACK b, TESPECHEy.
As canbeseenfrom Tablelll, for thesameaveragdossrate,
if several burst lossesoccur backto backin a batch,BTCP
canenhancehethroughputalot by eliminatingthe signi cant
amountof exponentialbacloff time in TCP dueto consecutie
TO events.However, if the burst lossesoccur randomly (but
not back to back) or evenly, thereis no exponentialbacloff
in TCR and in addition, when these lossesoccur closely
(but not consecutiely), the congestionwindow can hardly
increasen BTCP. Thisis why Rpr5/pack -~ IS NOtashigh

asRBrLE/BACK -b-

It is also notedthat the performanceenhancementiue to
BTCP dependson the assemblytime as shavn in Table IV
(aswell asin Figure 7) wherep = 0:1. To explain the results
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TABLE V
PERFORMANCE OF BTCP WITH TO IN ACCESS NETWORKS

Ty 0.01 0.02 0.04 0.06 0.08 0.1
R; | 1.1059 | 1.0696 | 1.1197 | 1.0450 | 1.0526 | 0.9940
R; | 1.0203| 1.0160 | 1.0363 | 1.0133 | 1.0189 | 1.0180

in the table, considerthe casewith batchlossesrst. On one
hand, TCPwill gothroughsereralexponentialbacloff periods
as mentioned earlier accordingto it timeout value RTO,

which is independenbf the assemblytime T,. On the other
hand,BTCP will enterthe fastretransmissiophaseandthen

eventually the Slow Start phase(due to a true TO triggered
by several FTOs). Assumethat the length of the batchloss
periodis xedas , RTOand ; RTO for BTCP and

TCPrespectiely, where , and , aretwo constantandwe

shouldhave , < . Also supposehatRTT = RTTp+ T,

where RT Ty is the round trip time without burst assembly
andthe total datatransmittedn the N rounds(whichis x ed

for evenly distributed batchlosses)oeforeandwithin the lost

batchis W, for BTCP andW, for TCR thenthe performance
enhancemenfor batchlossesis calculatedas

R _ W[, RTO+ (RTTo+ Tp) NJ
BLE/BACKS = W=, RTO+ (RTTo+ T;) N]J
W, (s JRTO
= _°MM+
W, T Tor RTTo+ 1) N )

Sinceall other parametersare treatedas constantand

» > 0, Rpre/Back b In (11) decreasewith T,. For evenly
distributed losses, ; = , (becausehereis no exponential
bacloffs in both BTCP and TCP), andthusthe corresponding
enhancemenRp /pack - IS insensitve to T,. Finally,
sincethe casewith randomlossesis in betweenthe casewith
batchlossesand evenly distributed losses. the corresponding
enhancememR g1 z/pack - alsodecreasesvith T,.

2) Responsiveness Congestion: Whena (true) TO occurs

dueto multiple paclet lossesn eitheror both of the IP access
networks,BTCPusingBLE maytreatthetrue TO asa FTO by

15
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mistale becausat cannotdistinguishlosseswithin the OBS
network from thosewithin the IP accessietworks. As aresult,
BTCP may not respondo seriouscongestioraseffectively as
Reno,andhencethe lossratein the network will be higher

To highlight the effect of true TOs on the responsienessof
BTCP using BLE, we assumein this setof simulations,that
the IP accessetworks arelossy but the OBS network is not.
We comparethe performanceof BTCP using BLE and Reno
by injecting several UDP and other TCP o ws in the two IP
accesqetworks.

TableV shaws the performancalifferencesn termsof their
throughputratio R; and loss rate ratio R; as a function of
assemblytime T,. Generallyspeakingwrong FTO detection
in IP accessietworkscanincreasehelossratein thelP access
networks. Although it can also increasethe throughputof a
single BTCP o w, the performanceof the other TCP o ws'
will be degradeddueto increasedossrate.

From Table V, we can seethat the increasein the loss
rate of the network is not signi cant, andbecomedessasthe
assemblytime increasesThis is mainly dueto the fact that
seriouscongestionthat causesa true timeout event can last
for sometime (consideringthe long rangedependennature
of Internettrafc [5], [8]). Accordingly, eventhougha BTCP
usingBLE maytreatthe rst true TO asa FTO, (andtransmits
datawith half of previous congestionwindow), most likely
it will receie anothertrue TO, and eventually its window
sizewill be reducedto lessthan 3, which will trigger a true
TO. Having a large assemblytime may resultin both poor
throughputandlossrate asmoretrue TOs will be mistalenly
consideredas FTOs by BTCP using BLE.

VI. SUMMARY

This paperhave evaluatedthe performance®f three most
popularTCPimplementationsReno,New-RenoandSACK in
OBS networks. It hasbeendemonstratethat althoughSACK



performsbetterthan Renoand New-Reno,none of them can
effectively handlea falsetimeout (FTO) in a mediumor fast
TCP o w, which couldbe quitecommonin OBS networks.We

have proposeda nev TCP implementationcalled Burst TCP
or BTCP using three FTO detectionmethodsbasedon burst
length estimation,burst ACK and burst NAK, respectely,

which involve the tradeofs betweenFTO detectionaccurag

(and throughputperformance)performanceand implementa-
tion complity. We have comparedBTCP with the current
TCPimplementationsandshovn thatBTCP canimprove TCP
throughputwithout underminingthe congestiorcontrol ability

of normal TCR
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