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Abstract— This paper compares Reno, New-Reno and Selec-
tive Acknowledgements(SACK), the thr ee most common TCP
implementations today in (futur e) optical burst switched (OBS)
networks. In general, SACK, which considers multiple Triple
Duplicated ACKed (TD) lossesin one round, is found to perform
best in OBS networks, while New-Reno,which impr ovesReno in
packet switched networks by fast retransmission in responding
to partial ACKs, may however perform worse than Reno.

All thr ee TCP implementations react to a Time Out (TO)
loss in the same way (i.e, using Slow Start). In OBS networks,
where a burst may contain all packets fr om 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 common in 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 calledBurst TCP (BTCP) which candetectFTOs
and reactproperly, and asa result, impr oveover the existingTCP
implementations signi�cantly .

I . INTRODUCTION

Optical Burst Switching (OBS) (see[9], [10] for example)
is a promisingtechnologywhich integrateIP andWavelength
Division Multiplexing (WDM) andis expectedto supportthe
future Internetbackbonewith hugebandwidthdemand.Since
TCP [11] is the prevailing mechanismfor data transmission
today, and its variationswill likely remain dominant in the
next generationOptical Internetbasedon OBS,understanding
the performanceof the currentTCP implementationsin OBS
network becomesan importantissue.

In a TCP/IP over OBS network, the TCP sender/receiver
is connectedto an OBS network throughseveral IP routers,
which form two local IP accessnetworks, hereaftercalled
sender-sideandreceiver-siderespectively. It is notedthatboth
the local IP accessnetworks and the OBS network can have
loss (packet loss vs burst loss). The impact of packet losses
on theperformanceof currentTCPimplementationshave been
studiedin many previous works suchas [3], [6], [7], and in
this paper, we will focuson the impactof burst lossesin the
OBS network.

The basic transmissionunit in OBS networks is a burst,
which usually contains a number of consecutive pack-
ets/segments1. Wheneveraburstlossoccurs,aTCPsenderwill
be noti�ed with the loss of a numberof consecutive packets
belongingto the lost burst, either by duplicate/partialACKs

1We will usethe termspacket andsegmentinterchangeablyas[3], [6], [7].

asin RenoandNew-Reno,usingthe informationcontainedin
receivedACKsasin SACK, or by anexpiredtimersin all three
TCP implementations.How sucha burst lossaffectsdifferent
TCP implementationshasnot studiedin currentliteraturesas
far aswe know. For example,mostrecentstudieson TCPover
OBS either are basedon TCP Renoonly as [2] and without
consideringReno's fastrecovery algorithm,or simply ignored
the detailsof TCP implementationsas [1], [4].

For Reno TCP, consecutive packet lossesin a burst can
shrink the congestionwindow a consecutive numberof times
dueto multiple TD retransmissions,andmayeventuallyresult
in TO retransmission.New-Reno TCP improves over Reno
in packet switchednetworks by avoiding TO resultedfrom
multiple TD losses.However, it canhave a worseperformance
in OBSnetworks thanRenowhenthesizeof a lost burst (and
accordingly, thenumberof lost packets)is largebecauseNew-
Reno insists on retransmittingonly one lost packet in each
retransmissionround,andduringsucha retransmissionphase,
therecanbe no new packets transmitted.

Some recently proposedTCP implementationssuch as
Selective Acknowledgements(SACK) [3] and Forward Ac-
knowledgements(FACK) [6] addressthe inef�ciency of Reno
and New-Reno in dealing with multiple packet losses in
one sendinground by adding the information aboutmissing
packets in a receiver's window to the ACKs so that a sender
canretransmitmultiple lostpacketsin oneround.In thispaper,
wewill show thatSACK canalsoachieveabetterperformance
thanRenoandNew-Renoin OBS networks.

However, all the currentTCP implementationsdeal with a
TO lossin thesameway by performingslow-start.While such
a TO loss indicatesseriouscongestionin a packet-switched
network as all the packets in the same round are lost, it
doesnot necessarilyindicatesseriouscongestionin an OBS
network. For example,for a fastTCP �o w, whosearrival rate
at an OBS assemblynode is large, all the packets from the
samesendingroundcanalwaysbe assembledin oneburst. If
sucha burst is lost dueto contention(amongmultiple bursts),
no ACKs can be sent back, and accordingly, the burst loss
will eventually trigger a TO event, even thoughthe burst loss
occurswith more or less a randomprobability, rather than
dueto buffer over�ow inducedby seriouscongestion.In other
words, such a TO event will generatea false indication of
seriouscongestion,and accordinglywill be called false TO
or FTO hereafter. FTOs will unnecessarilyforce all current
TCP implementationsto perform Slow Start, and thus result
in signi�cant performancedegradation.
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This papermakes two major contributions. First, we use
simulationsto evaluatethe performancesof Reno,New-Reno
and SACK in OBS networks, and in particular, demonstrate
their inef�ciencies in dealing with FTOs. Another major
contribution is that we proposea new implementationcalled
BurstTCP(BTCP)which candetectFTOsandreactproperly.
More speci�cally, upon detectinga FTO, BTCP treats the
loss as a TD loss, and entersthe fast retransmissionphase;
If BTCP determinesthat a TO is a true TO (i.e., not a
FTO) resultedfrom several (packet/burst) losses,or therehave
beenseveral consecutive FTOs (which also indicate serious
congestionin theOBSnetworks),BTCPperformstheusually
timeout retransmissionswith Slow Start as all current TCP
implementationsdo. In this paper, we will describethreeFTO
detectionmethods,and discusstheir tradeoffs betweenFTO
detectionaccuracy and implementationcomplexity. We will
show through both analysisand simulationsthat BTCP can
have a muchhigher throughputthanexisting TCP implemen-
tationsespeciallyfor fastTCP �o ws while remainingto be as
responsive to seriouscongestion.

The rest of the paper is organizedas follows. Section II
introducesthe backgroundfor OBS networks and the current
Reno, New-Reno and SACK implementations.Section III
evaluatesthe performancesof Reno,New-RenoandSACK in
theOBSnetworks via NS-2simulations.TheproposedBTCP
with FTO detectionmethodsis describedin SectionIV, and
its performanceis evaluatedin SectionV. Finally, SectionVI
concludesthis paper.

I I . BACKGROUNDS

Two maincharacteristicsof OBSthatresultin differentTCP
performancefrom (electronically) packet-switchednetworks
are burst assemblyat OBS ingress nodes, and bufferless
switching within the OBS core. More speci�cally, bufferless
switchingimpliesthatburst losseswithin OBSnetworkscould
be more or less random due to contentionamong multiple
bursts insteadof buffer over�ow. On the other hand, burst
assemblyaffects the TCP performancemostly in two ways:
delay penaltydue to an increasedTCP round trip time, and
correlationgain from beingableto sendmorepacketsbetween
two loss events [2], [12]. They both dependon the burst
assemblytime Tb, andoffseteachotherto someextent.While
the delay penalty affects different TCP implementationsin
more or less the sameway2, the correlationgain, which is
the net effect of the so-calleddelayed�rst loss (DFL) gain
and the retransmissionpenalty [12], could be different for
different TCP implementationswith different retransmission
mechanisms.

A. Slow, Fast and Medium-rate TCP Flows in OBSnetworks

In this paper, we approximateeachof the local IP access
network as just one link with a constantaccessbandwidth�
(which is alsotheTCPsending/receiving rate).Below, we will
review three typical TCP traf�c scenariosin OBS networks:
slow TCP �o w, fastTCP �o w andmedium-rateTCP �o w.

2Here,we assumea simpletime-basedburst assemblyalgorithmwhereTb

is �x ed.

1) (Extremely)Slow TCP Flow: In this traf�c scenario,a
TCP �o w hasan extremelyslow arrival rate � or equivalent,
an extremelysmall assemblytime, Tb which satis�es

� � Tb < 1 (1)

As a result, eachburst containsonly one packet from the
TCP �o w. In addition, since the extra delay introducedby
burst assemblyis small comparedto the Round Trip Time
(RTT) for the slow TCP �o w, the TCP performancein an
OBS network approximatesto that in an electronicpacket-
switchednetwork whosepacket loss rate is the sameas the
givenburst lossrate.Hereafter, we will ignorethis caseasthe
resultsfrom packet-switchednetworks shouldapply.

2) MediumRateTCP Flow: In this traf�c scenario,a TCP
�o w hasa mediumarrival rate(anda mediumassemblytime)
so thatoneburstcontainsmorethanonepacket from theTCP
�o w, but not all the packets in one sendinground. In other
words,we have

1 � � � Tb < Wm (2)

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

3) FastTCPFlow: In this traf�c scenario,thesendingrate
� of a TCP �o w is so fast (or the assemblytime Tb is so
large)thatall packetssentin oneround(evenafterthesending
window reachesits maximumsizeof Wm) will arrive within
the sameassemblyperiod, and thus be assembledinto one
burst. In otherwords,we have

� � Tb � Wm � 1 (3)

For sucha �o w, there is always one burst that containsall
TCPpacketstransmittedin theOBSnetwork for eachsending
round.

In this paper, we will focus on medium and fast TCP
�o ws in OBS networks, which is of more practical interest,
especiallywith high-speedaccessnetworksandOBSnetworks
with a reasonablylarge assemblytime. For example,assume
that the accessbandwidthis 2.5Gbpsin the local IP access
networks, with eachTCP packet size of 1KB, and the max-
imum window size of 2Mb, any assemblytime larger than
2M b=2:5Gbps= 0:8ms would make a TCP �o w a fastTCP
�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 Recovery algorithms.
When Reno starts, it entersthe Slow-Start phase�rst with
a congestionwindow of size1, andthenexponentialexpands
its sendingwindow after all packets transmittedin the pre-
vious round are acknowledged. When the congestionwin-
dow reachesa certainthreshold,Renoentersthe Congestion
Avoidancephaseduring which the window expandingspeed
slows down, that is, Reno increasesthe congestionwindow
sizeby 1 packet after all packetsfrom the previous roundare
acknowledged.

Renodistinguishestwo kind of losses,namelytimeout(TO)
lossesandtriple duplicate(TD) losses.A TD lossis assumed
when a Reno senderreceives three duplicateACKs for the
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same packet, and the senderwill not wait for a TO be-
fore retransmittingthe lost packet. During the retransmission,
the senderhalves its congestionwindow in responseto the
congestionindication by the loss. The rationalebehind this
is that a TD loss only indicatesa light congestion.On the
other hand,after a TO loss, where no more than 3 packets
are successfullytransmittedbefore the timer expires (which
usually indicatesa heavy congestion),Renoentersthe Slow
Start phase,followed by the CongestionAvoidancephase,to
retransmitthe lost packets as well as new packets.Note that
whenmultiple packetsare lost in the sameround,e.g.,when
a burst containinga large number of packets is lost, Reno
will halve its congestionwindow every time it successfully
retransmitsonelost packet andreceivesthreeduplicateACKs
for thenext lostpacket in theburst,andeventually, its sizemay
becomelessthan3 (e.g.,this will bethecaseif thecongestion
window at the time burst lossoccuredis small enough).After
that, since it is impossibleto receive three duplicateACKs,
a TO event may be triggered,which will bring Reno to the
Slow-Startphase.

New-Renomakesthefollowing smallchangeto Reno.Even
when multiple packets from a single window of data are
lost, New-Reno can recover without a TO by retransmitting
one lost packet per RTT upon receiving eachpartial ACK,
without waiting for threeduplicateACks, anddoesnot halve
the congestionwindow until all the lost packets from that
window have been retransmitted.With the above changes,
New-Reno can improve the performancein packet switched
networks.However, in OBS networks,with a large burst lost,
New-Renocanprolongthe retransmissionperiodsigni�cantly
duringwhich no new packetscanbesentwhich maydecrease
its performance.

The congestioncontrol algorithm implementedin SACK
is a conservative extensionof Reno's congestioncontrol, in
that it usesthe samealgorithmsfor increasinganddecreasing
the congestionwindow. The differenceis that the option �eld
in SACK containsa number of SACK blocks, where each
SACK block reportsa non-contiguoussetof datathathasbeen
received andqueued.With the block informationin ACK, the
TCP senderwill be able to sendmore than one lost packets
at a time, which helpsimprove the TCP performancein OBS
networks.

I I I . PERFORMANCE COMPARISON AMONG EXISTING TCP
IMPLEMENTATIONS

In this section, we compare the performanceof Reno,
New-Reno and SACK in OBS networks using NS-2 simu-
lation.Previous work hasevaluatedthe performanceof these
TCP implementationswith a few packet losses within a
sendinground,but not asmany packet lossesaswhat occurs
in an OBS network with a burst loss.

Generallyspeaking,all threeTCPimplementationshave the
sameSlow Start and CongestionAvoidancealgorithms,and
the DFL gain anddelaypenaltymentionedearlierwill be the
sameas long as the assemblytime or burst size is kept the
same.The differencesbetweenvariousTCP implementations
come from the fast retransmissionand fast recovery mech-

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

In our simulation, the TCP senderand receiver connect
to OBS edgenodeswith a link whosepropagation delay is
10ms.TheOBSnetwork is modelledwith two edgenodes,and
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 packet size is �x ed at 1KB, and the maximal window
limitation variesfrom 10KB to 200KB. The resultsfrom the
simulationswere generatedby tracing packets inside bursts
departingthe OBS ingressnode.For eachgraph,the X-axis
shows the bursts' departuretime in seconds,the Y-axis shows
the packets' numbermod 60.

A. With OneBurst Loss

This sectionhighlightstheperformancedifferencesbetween
Reno,New-RenoandSACK in OBS networks with oneburst
loss.

1) Medium Rate TCP �ows: To simulatea medium rate
�o w, we assumethat the accessbandwidthis 125KBps.
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Fig. 1. Packet tracewith one burst loss occurredat (a) W = 20 and (b)
W = 200 for a RenoTCP �o w (Tb = 0.04s)

Figure1 illustratestheimpactof thecongestionwindow size
on Reno's TD loss event, where the length of the lost burst
is B L = 5 packets (which is the maximalvaluesince0:04�
125= 5). As we canseefrom Figure1 (a), if the congestion
window3 is small, i.e., W = 20 packets, at the time when
the burst is lost, the window sizewill be reducedto lessthan
3 at time 3 after threeretransmissionroundsbut beforeall 5
packetslost in a burstcanberetransmitted.Therefore,without
beingable to receive threeduplicateACKs any longer, a TO
occursat time 3.8 and a Slow Start phasebegins. However,
in Figure1(b) wherethe congestionwindow sizehasalready
grown to reachthe maximal limit of 200 packetsby the time
the burst loss occurs,Renocan recover from retransmission

3Note herewith a relatively small RTT , TCP packets are pipelinedand
congestionwindow cannotbe representedin the graph
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Fig. 2. Packet traceswith oneburst loss (W = 40 whena burst is lost)

stageand re-enterthe congestionavoidancephasewithout a
TO event.

Figure 2(a) comparesdifferent TCP implementationsupon
one burst loss when both B L and W are small (5 and 40
in the simulation, respectively). It can be seenthat SACK
has the bestperformancebecausethe ACK can indicate the
block of packets lost, and the sendersendsout the all the
lost packet again uponreceiving the ACK. In addition,New-
RenogenerallyperformsbetterthanRenobecauseNew-Reno
detectsthe lossof next packetsuponreceiving a partialACK,
without waiting for 3 duplicateACKs or a TO (while Reno
will have a TO asdiscussedearlier).In addition,New-Reno's
congestionwindow will only be halved onceafter recovered
(i.e., W = 40=2 = 20), which makes New-Renocan recover
quickly from the lossof a small burst.

Figure 2(b) shows that when the lost burst length is large,
(B L = 15 in simulation)while W is still relatively smallwhen
theburstlossoccurs(e.g.,40),New-Renoperformsworsethan
Reno. This is becauseNew-Reno only retransmitsone lost
packet in oneround,andhenceneedsa long time to �nish all
15 retransmissionsduring which no new packetscanbe sent.
Reno,on the other hand,will have a TO as before,but new
packets may be transmittedbefore the TO and in addition,
the TO value is much smallerthan 15 RTT in New Reno's
fast retransmissionphase,and Reno's transmissionafter TO
is much more ef�cient becauseit exponentiallyincreasesthe
sendingwindow size.Also from Figure2(b), we canseethat
in this case,SACK hasa muchbetterperformancethanReno
andNew-Renodueto its selective acknowledgements.

We note that if B L is small but W at the time burst loss
occursis relatively large asin Fig. 2(b), Renowill not have a
TO, andhenceits performancewill be comparableto that of
New-Reno.

2) Fast TCP Flows: To simulate a fast TCP �o w, we
assumethat the accessbandwidth is 1MBps, and the burst
assemblytime is Tb = 0:2s. In this case,sincethereis only

oneburst containingall the packets in oneround,a burst loss
will trigger a timeout (TO) event in Reno, New-Reno and
SACK, which have exactly the sameperformanceas they all
useSlow Start for retransmissionafter a TO lossasshown in
Figure3.
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Fig. 3. Packet tracewith oneburst droppingfor a fastTCP �o w

B. Multiple Burst Losses

In this section,we comparethe performancesof the three
TCP implementationswith multiple burst losses.For a fast
TCP�o w, sinceall threeTCPimplementationsapplythesame
timeout retransmissionmechanismevery time a burst is lost,
they areexpectedto have thesameperformancewith multiple
burstlossesaswell. Therefore,weonly considermultipleburst
lossesin a mediumrateTCP �o w.

Figure4(a)illustratestheperformancesof thethreedifferent
TCP implementationswith a medium-highloss rate. When
lossesare scatteredbefore time 12, the three TCP imple-
mentationshave muchdifferentperformancesdueto different
TD retransmissions,andwhen lossesoccuroneafter another
immediately, the three TCP implementationshave the same
performanceasmultiple back to backburst losseswill easily
trigger a TO event (after which, all TCP implementations
performthesametimeoutretransmissions)asshown aftertime
28 in Reno,after time 21 in New-Renoandafter time 16 for
SACK in Figure 4(a). On the other hand,Figure 4(b) shows
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TABLE I

THROUGHPUT RATIO OF NEW-RENO AND SACK OVER RENO, Tb = 0.04s

log(p) -3 -2.5 -2 -1.5 -1 -0.5
NewReno/Reno 1.0 1.1 1.29 1.19 1.03 0.93

SACK/Reno 1.0 1.07 1.58 1.4 1.33 1.07

TABLE II

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

log(p) -3 -2.5 -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 1.1 1.0 1.0

that with a medium-low loss rate,SACK alwayshasthe best
performanceasmost, if not all, lossesareTD losses.

Table I and II show 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 retransmissionstageonly. Accordingly, a high burst
loss rate usually leadsto a higher probability of a TO with
which there is no difference in TO retransmissionsin the
three TCP implementations.On 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 implementations.However,
with a medium-low to medium-highloss rate,the probability
of a TD eventcanberelatively high (comparedto a TO event),
and accordingly, the performancedifferenceamongdifferent
TCP implementationswill be more obvious, as shown in the
middle two columnsof Table I and II.

TableI andII alsoshow theeffectof theburstassemblytime
Tb (or burst length) on the performanceratios of New-Reno
over Reno,andSACK over Reno,respectively, It is interesting
to notethat New-Renohasa betterperformancefor a smaller
assemblytime (0.04sfor possiblysmallerburstsize,e.g.,up to
5), while Renohasbetterperformancefor a larger assembly
time (0.2s for possibly smaller bust size, e.g., up to 25) as
illustrated in Table I and II, respectively. In general, their
relative performancesdependon therelationshipbetweenTCP
timeoutvalueRTO, roundtrip time RTT andthe numberof
packetscontainedin the lost burst B L . WhenRTO is much
larger thanB L � RTT, New-Renohasa betterperformance
thanReno,otherwiseRenohasa betterperformancebecause
the interval betweenthe time that the previous burst lost and
the time for next new packet to retransmitis approximately
RTO for Renoand B L � RTT for New-Reno.SinceRTT
andRTO is almost�x ed after TCP startsfor sometime, B L
usually decidesthe relative performancesof Renoand New-
Reno.Also notethat,whenassemblytime Tb (or burst length)
increases,SACK is still better than Reno but its advantage
diminishesdueto the fact that TO canhappenmoreeasilyas
fewerburstlossescantriggeraTO event,whereretransmission
mechanismsfor all TCP implementationsare the same.

For mediumlossrates,thedifferencesbetweentheir perfor-
mancesarethe highestsinceTD losshappensmostoften and
affect the total throughputmore. With different burst length

or assemblytime, RenoandNew-Renohastradeoffs in their
performances.

IV. BURST TCP (BTCP) WITH FALSE TIMEOUT

DETECTION

All currentTCP implementationsassumethat a TO event
triggeredby multiple packet lossesindicatesa seriousconges-
tion in thenetwork. Thisassumptionis valid in (wired)packet-
switched networks becausesuch multiple packet lossesare
resultedfrom buffer over�ows. However, it is not alwaysvalid
in OBSnetworkswhereoneburstcontainingall packetsin one
sendinground may be lost due to contention,sincemultiple
packet lossesaredue to a singleburst lossevent, andsucha
burst loss event is more or less random,and therefore,does
not necessarilyindicateseriouscongestionsin OBSnetworks.

We call a TO event a falseTO (FTO) if it is causedby a
single burst loss in a OBS network which is not in serious
congestion.SuchFTOs,which canoccurquiteoften for a fast
TCP �o w in OBS networks, can degradethe performanceof
all currentTCP implementationsby forcing them to perform
Slow Start.

To improve theinef�ciency of currentTCPimplementations
in dealingwith FTOs, we proposea new TCP implementatin
called Burst TCP or BTCP, whose aim is to detect FTOs,
and treat them as TD losses,which is the way thesepacket
lossesshouldbetreated.In thissection,wedescribethreeFTO
detectionmethodsthat may be usedby BTCP.

In order to determinewhether a TO event is a FTO or
not, a BTCP senderneedsto know if this TO is caused
by multiple packet losseswithin either or both of the two
IP accessnetworks, called sender-side accessnetwork and
receiver-sideaccessnetwork. If so, thenthe TO is a true TO,
i.e., not a FTO. Otherwise,the multiple packet lossesmay be
causedby either a single burst loss or multiple burst losses
within the OBS newtork. In the formercase,the 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 packets that can
be assembledin a burst. Sucha method,called burst length
estimationor BLE for short, does not require any changes
to OBS networks, and is relatively simple to implement;The
secondmethodwe proposeis to let OBS edgenodessend
burst ACK (BACK) to the BTCP sender, which containsthe
information of the packets containedin a burst arriving at
an ingressand/or egressnodes.This BACK basedmethod
thereforerequiresthat the OBS edgenodesbe ableto process
TCP packets and send BACKs to the BTCP sender, but
can achieve a better FTO detectionaccuracy than the �rst
method BLE. Last but not least, the third method lets a
core OBS nodeat which a burst hasto be droppedsendthe
informationof the packetscontainedin a droppedburst using
a burst NAK (BNAK) to the BTCP senders,which requires
OBS core nodesto be able to handleTCP packet processing
and NAK sending.This BNAK basedmethodcan not only
achievesthe highestFTO detectionaccuracy amongthe three
FTO detectionmethods,but also allows the BTCP senderto
start TD retransmissionseven before a FTO occurs.On the
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Fig. 4. Packet traceswith multiple burst lossesfor a medium-rateTCP �o w

otherhand,the bestperformanceis achieved with the highest
implementationcomplexity among the three FTO detection
methods.In the following subsections,we will describethese
methodsin moredetail.

A. FTO DetectionusingBurst LengthEstimationor BLE

To implementthe proposedBLE method,the BTCP sender
needsto keeponepieceof additionalstateinformation,which
is the burst window size (burst wd), to estimatethe current
numberof TCP packets containedin one burst in the OBS
network. Whena TO event happens,the sendercomparesthe
currentcongestionwindow with the burst window to decide
whetherit is a FTO or not, andthentakesappropriateactions.
The following aresomeof the implementationdetails:

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

1. When a new BTCP �o w starts to transmit, it resets
burst wd to zero,thenenterstheSlow Startphase.TheBTCP
senderdoesnot needto know about the assemblyalgorithm
andin particulartheassemblytime usedby theOBSnetwork.

2. If the �rst loss is a TD loss, it meansthat the current
congestionwindow cwnd is larger thanthemaximumnumber
of packets contained in a burst. TCP sender updatesthe
burst wd ashalf of thecurrentcongestionwindow sizecwnd,
i.e., burst wd = cwnd=2. Otherwiseif the �rst loss is a TO
loss, it is very possiblethat the sender's congestionwindow
cwnd is smaller than the numberof packets that have been
assembledin a lost burst, or in other words, the TO is a
FTO. In this case,we setthe burst window sizeasthe current
congestionwindow size:burst wd = cwnd.

3. If a loss is not the �rst loss, and it 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; cwnd

2 g.
4. If a lossis not the�rst loss,andit is a TO loss,thenthere

are two subcases:(1) if the TO loss is the �rst TO loss,then

settheburstwindow sizeasminf cwnd; burst wdg; (2) if the
TO lossis not the �rst TO loss,thensettheburstwindow size
asmaxf cwnd; burst wdg.

To determine if a TO is FTO based on the estimated
burst wd:

1. For any TO loss, as long as cwnd � burst wd and
burst wd > 3, the sendertreatsthe TO asa FTO, andhalves
its congestionwindow and starts fast retransmissionof all
packets lost.

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

NotethattheaboveBLE methodrequiresnocoordinationor
informationexchangebetweentheBTCPsenderandtheOBS
nodes.In addition, the methodis simple to implement,and
can improve the throughputperformancewhen comparedto
currentTCPimplementationswhoseperformancesareplagued
by FTOs.

However, the estimatedburst wd may not be accurate.
Accordingly, it is possiblethat a true TO will be taken as
a FTO by mistake when using the above BLE method for
medium rate TCP �o ws. In addition, even if it is accurate,
the above BLE method cannot distinguish multiple packet
losseswithin eitheror bothof thelocal accessnetwork (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 a trueTO, TCPshouldentertheSlow Start
phaseimmediatelyasit indicatesseriouscongestion.However,
BTCP will enterthe Slow Startphaseonly after several such
“FTO” events,which makes it lessTCP friendly.

B. FTO DetectionusingBurst ACK or BACK

One possibleenhancementto the previous FTO detection
method BLE is to enable an OBS ingress node to send
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informationof the TCP packets in a burst back to the BTCP
sendervia an Burst ACK or BACK packet. In this way, the
senderno longerneedsto guesswhich packetsareassembled
in the sameburst or not. When a TO occurs,the senderwill
know from the BACK whetherall the packetsarein the same
burst. If so, the TO is very likely a FTO (it is still possible
however, thatall thepacketsarelost in thereceiver-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 theBTCPsenderdid not receive a BACK anda TO
occurs,it is safely assumethat it is a true TO (since either
the multiple packets sentearlier or the BACK packet is lost
in the sender-sideaccessnetwork).

The algorithm basedon BACK from the ingressnode is
illustratedas follows:

1. When a burst is createdand leaves the ingressnode,
ingressnodecollectsthe sequencenumberandTCP sender's
information for all TCP packets in the burst, and sends
an BACK packet to each BTCP senderwith the sequence
numbers.

2. Whenthe timer expires,a BTCP senderchecksthe most
recentBACK to see if all the lost packets are in the same
burst: (1) If they are, then treatsthe timeout as a FTO and
follows the normalTD retransmissionasdescribedabove. (2)
Otherwise,(or if thepacketsequencenumberscannotbefound
in any BACK packets), treatsthe TO asa true TO andstarts
retransmissionusingSlow Start.

Note that onemay alsoaskan OBS egressnodeto senda
BACK packet instead. In sucha case,when a BACK packet
is received, the senderwill know that any lossesmust have
occurredwithin the receiver-sideaccessnetwork. However, if
no BACK is received, then the sendercannot tell multiple
packet losseswithin the sender-side accessnetwork from a
burst losswithin the OBS network.

To help distinguisha burst loss within the OBS network
from multiple packet losseswithin eitheror bothof theaccess
networks, one can let both ingressand egressnodessenda
BACK packet. In this way, the sendercan detectFTOs with
accuracy, i.e., BTCP senderknows a TO is a FTO whenonly
a BACK containingall packets from ingressis received but
without BACK from egressnode,and knows it is a true TO
otherwise.Hence,BTCP using BACK basedFTO detection
can achieve better throughputperformancethan the current
TCP implementationswhile being as responsive to serious
congestionwithin the IP accessnetworks as the currentTCP
implementations.

Note that, the OBS ingressand egressnodeshave proper
electronic interfaces to IP routers on one side as well as
electronicmemoryto assembleand disassemblepackets into
andfrom a burst, respectively. Nevertheless,they arerequired
by the BACK methodto be ableto understandTCP andsend
BACK to BTCP senders.

C. FTO DetectionusingBurst NAK (BNAK)

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

andis processedat eachandevery corenodeso asto reserve
bandwidthandsetup the switching fabric for the burst.

In the proposedFTO detectionmethodusing burst NAK
or BNAK packets,we canlet eachcontrol packet containthe
information of the (TCP) packets within the corresponding
burst. At any core nodewherethe burst runs into contention
and has to be dropped,the core node constructsa BNAK
packet based on the control packet correspondingto the
droppedburst, andsendsthe BNAK to the BTCP sender.

If the senderreceivessucha BNAK that containsinforma-
tion on all packetsin the cwnd, thenit knows for certainthat
any TO associatedwith a packet mentionedin theBNAK is a
FTO. Otherwise,(either no BNAK is received or the BNAK
receiveddoesnot containinformationon all packets),thenthe
TO is a true TO.

Based on the above discussion,the BNAK basedFTO
detection can achieve the same highest accuracy in FTO
detectionas the BACK basedFTO detectionwhereboth the
ingressand egressnodessend a BACK packet. Moreover,
BNAK can result in a much betterperformancethan BACK
(althoughthe former requiresmore complex implementation
as well). This is because,as mentionedearlier, with a fast
TCP �o w, all the packets transmittedin one sendinground
areassembledinto oneburst.Accordingly, a TCP senderwill
benoti�ed of eachpacket loss(asapartof aburstloss)in OBS
networks by a TO event only. As the TCP timeout value is
setto be several timeslarger thanits RTT, waiting for the TO
to occur beforeretransmissionstartscan be quite inef�cient.
Using the the proposedFTO detectionmethod BNAK, the
sendercanstart retransmissionof lost packetsassoonas the
BNAK is received, which should be less than a RTT and
thusmuchearlier thanTOs for theselost packets.Therefore,
this methodimprovesthe throughputof BACK or BLE based
methodsfurtherwhile remainingto beasresponsive to serious
congestionas the currentTCP implementations.

V. PERFORMANCE OF BTCP

In this section, we evaluate the performanceof BTCP
with different FTO detectionsvia both analysisand simula-
tions.SinceBTCPdiffers from existing TCP implementations
mainly in their reactionsto FTOs,we will focuson a fastTCP
�o w for which FTOs aremost likely to occur.

A. Analytical Results

As in Sec.III,we will focuson theimpactof the losswithin
the OBS network. More speci�cally, we assumethe number
of packetsfrom oneTCP�o w containedin oneburstdoesnot
affect the lossprobability of the burst.Suchan assumptionis
reasonablegiven that the size of the burst is determinedby
the total numberof packets from many �o ws.

1) BTCP using BLE or BACK: If eachburst is assumed
to have the same independentloss probability p, then the
averagenumberof roundssuccessfullytransmittedbetween
two “TO” loses is 1� p

p [2]. When the loss rate is not very
low, the maximumwindow limitation is relatively high, i.e.,
Wm > 1=p, and in addition,TO lossesaredistributedevenly
over time, thenthe senderstartsretransmissionfrom W0 will
reach W (W < Wm) before the next TO event occurs.
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For a fast TCP �o w without FTO detection(whether it is
Reno,New-Renoor SACK, they hasthesameperformanceas
discussedin Sec.III),W0 = 1 andE[W ] = 1� p

p , andtheTCP

senderbeginstransmittingW � 1 packetsin log2( E[W ]
2 ) rounds

during the Slow Start phase,and continuesto transmitW=2
roundsduring the congestionavoidancephase.Therefore,the
averagetotal numberof packets transmittedbetweentwo TO
events,denotedby E[H 1], is:

E [H 1] = (E [W ] � 1) +
E [W ]

2
� (

E [W ]
2

+ E [W ])=2

=
3
8

E [W ]2 + E [W ] � 1 (4)

As we canalsorepresentthe transmissionroundsas

1 � p
p

= log2(
E [W ]

2
) +

E [W ]
2

(5)

we can obtain E [W ] in (4) by solving (5), and then obtain
E [H1].

For the fast TCP �o w in BTCP with FTO detectionbased
on BLE, we have W0 = W=2, thereforeE [W � W=2] =
E[W=2] = 1� p

p and E[W ] = 2(1 � p)
p . The total number

of packets transmittedbetweentwo TO events, denotedby
E[H2], is:

E [H 2] =
1 � p

p
� (

E [W + W
2

]
2

) =
3(1 � p)2

2p2
(6)

Note that under the assumptionthat there is no loss in the
local accessnetworks, BTCP using BLE performsthe same
asBTCP usingBACK.

Sincethe time betweentwo TOs calledtime out period(or
TOP)in BTCPusingBLE/BACK (which is 1� p

p RTT + RTO)
arethe sameasTCP without FTO detection,their throughput
ratio is E [H2]=E[H1], whosenumericalresultsareillustrated
in Figure 5(a) for the case where Wmp > 1. The �gure
alsoshows the averagecongestionwindow sizeratio between
BTCPandTCP, which is alwayslargerthan1 sinceBTCPcan
startwith a larger congestionwindow sizeW (up to Wm=2)
after a FTO while TCP will always start at W = 1. This
increasein the window sizeis a reasonfor the increasein the
throughput.

When the loss rate is low, and the maximum window
limitation is relatively low too, i.e., Wm < 1=p, the maximal
limit on thecongestionwindow sizecanbeeasilyreachedfor
most of the time. In such a case,E [H 1] and E[H2] can be
similarly recalculatedas:

E [H 1] = (Wm � 1) +
3Wm

8
+ Wm(

1
p

�
Wm

2
� log2(

Wm

2
))

=
Wm

p
�

W 2

m

8
+ Wm � 1 � Wmlog2(

Wm

2
) (7)

and

E [H 2] = (
1
p

�
Wm

2
) � Wm +

3W 2

m

8
=

Wm

p
�

W 2

m

8
(8)

Thus,the throughputratio becomes:

E [H 2]
E [H 1]

= 1 +
Wm(log2

Wm

2
� 1) + 1

E [H 1]
(9)

which is shown in Figure 5(b). From the Figure, we can
seethat the bene�t of FTO detectionin BTCP increaseswith
the maximumwindow limitation Wm. This is becausewith a

larger Wm, BTCP can start with a larger W = Wm=2 after
a FTO while currentTCP has to start with W = 1, similar
to the explanationprovided for Figure 5 (a). In addition, the
large the loss ratep, the betterthe improvementasmoreTO
eventsmay occur.
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Fig. 5. Analytic resultsof BTCP vs TCP

2) BTCP using BNAK: For BTCP with FTO detection
methodbasedon BNAK, the numberof packets transmitted
betweentwo TOs is also identical to that by TCP without
FTO detection.However, for a FTO, the retransmissionround
can start as soon as a BNAK is received, 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 jTOP2j = RTT

p , while the
total time betweentwo TOs in TCP without FTO detection
is jTOP1j = 1� p

p RTT + RTO. Therefore,the throughput
enhancementdue to BTCP using BNAK when comparedto
TCP without FTO detectionis:

E [H 2]=jTOP2j
E [H 1]jTOP1j

=
E [H 2]
E [H 1]

�
1−p

p
RTT + RTO

RTT
p

=
E [H 2]
E [H 1]

(1 +
RTO � RTT

RTT
�

p
1 � p

) (10)

As RTO � RTT > 0, the above analysis also implies
that BTCP using BNAK will achieve better performance
improvementthanBTCPusingeitherBLE or BACK, andsuch
an improvementwill increasewith p.

Note that, the above analysis in (10) did not consider
consecutive FTOs, which are possiblewhen the loss is un-
evenly distributed and the loss rate is high. Since BTCP
with BNAK can also eliminate the exponentialbackoff time
when comparedto currentTCP implementations(which will
treat them as multiple true TOs), the enhancementof BTCP
using BNAK accordingto our analysisin (10), may be an
underestimation.In fact, BTCP using BLE/BACK can also
eliminate the exponentialbackoff time, and accordingly, the
previousanalysisresultsfor BTCPusingBLE/BACK, which is
shown in Figure5 (b), mayalsounderestimateits performance
enhancement.We will discussthecasewith consecutive FTOs
in moredetailslater
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B. NumericalResults

We highlight the performanceenhancementdue to BTCP
for a fast TCP �o w via simulationsin this section.As dis-
cussedearlier in Figure3, thereis no signi�cant performance
differencesamongReno,New-RenoandSACK becausethey
dealwith TOsin thesameway. Accordingly, we will compare
BTCP, which enhancesRenowith FTO detection,with Reno.

Figure6 shows the detailsof how BTCP usingBLE deals
with TOs.Whenthe �rst TO occursat time 11, Renotriggers
TO retransmissionandSlow Start,while BTCPcandetectthat
it is a FTO becauseits currentburst window size is equalto
the congestionwindow (i.e., burst wd = cwnd = 40 in this
example).Therefore,BTCP treatsthis TO event asa TD loss
and triggers fast recovery, which enhancesthe performance
when comparedto Reno. Also note that for consecutive
TO lossesduring time 28 to 55, BTCP can still respond
to temporarily high loss situationsin the OBS network by
halving the congestionwindow multiple times in consecutive
retransmissionsandeventuallytriggeringa trueTO event.This
meansthat BTCP cannot only improve Reno's performance,
but also remainsto be as responsive to seriouscongestionin
the OBS network asReno.
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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 ed lossratep = 0:1, andrandomlydistributedlosses.Here,
p is chosento be relatively large to highlight the performance
differencesbetweenBTCP using BLE/BACK, BTCP using
BNAK andReno.

As can be seenfrom the �gure, all BTCP versionshave a
betterperformancethan Reno.While BTCP using BLE and
BTCP using BACK have the sameperformance(since there
is no loss in the accessnetworks asdiscussedin the previous
analysis),BTCP using BNAK achieves the bestperformance
since it reducesthe waiting time before retransmissions(in
responseto a FTO) from RTO to RTT.

As mentionedearlierin theanalysis(seeFig. 5), thebene�t
of FTO detection in BTCP increaseswith the maximum
window limitation Wm. This is veri�ed in simulations by
comparingFigure 7(b) where Wm = 20 with Figure 7(a)

TABLE III

PERFORMANCE ENHANCEMENT OF BTCP VS p (Tb = 0.04)

log(p) -3 -2.5 -2 -1.5 -1
RBNAK r 1.00 1.00 1.05 1.06 1.76

RBLE/BACK r 1.00 1.00 1.05 1.05 1.17
RBLE/BACK e 1.00 1.01 1.02 1.05 1.28
RBLE/BACK b 1.01 1.05 1.07 1.193 1.46

TABLE IV

PERFORMANCE ENHANCEMENT OF BTCP VS Tb (p = 0.1)

Tb 0.01 0.02 0.04 0.06 0.08 0.1
RBNAK r 1.48 1.43 1.35 1.31 1.27 1.16

RBLE/BACK r 1.20 1.19 1.17 1.18 1.16 1.07
RBLE/BACK e 1.24 1.24 1.24 1.24 1.24 1.24
RBLE/BACK b 1.59 1.58 1.46 1.47 1.43 1.43

where Wm = 10. Note that the throughput of all BTCP
versionsandRenodecreasewith Tb dueto the(burstassembly)
delay penalty to a fast TCP �o w as discussedin [2], [12].
The reasonthat the throughputsare low whenTb = 0:01 and
Wm = 20 (in Figure7) (b)) is becausetheTCP�o w simulated
no longer quali�es as a fast TCP �o w accordingto (3) (see
[12] for throughputanalysisof sucha medium-fastTCP�o w).

With randomlydistributedlosses,theperformanceenhance-
ment ratio of BTCP using BNAK over Reno, denotedby
RBLE/BACK r, as well as the enhancementof BTCP using
BLE or BACK over Reno, denotedby RBLE/BACK r, are
further illustrated in the �rst and secondrows in Table III
andIV for variouslossratesandassemblytimes,respectively.
It can be seenfrom the two tables that both BTCP using
BNAK and BTCP using BLE/BACK, especiallythe former,
canbesigni�cantly betterthanTCPwhenthelossrateis high.
Hereafter, we will focuson BTCPusingBLE/BACK although
mostof the discussionsapply to BTCP usingBNAK aswell.

It is notedthat the performanceenhancementdueto BTCP
not only dependson the averageloss rate as shown in Table
III, but alsothedistribution of theburst losses(Note that for a
fastTCP �o w, a burst loss is the sameasa FTO loss),which
canbeeitherrandomlydistributedasmentionedabove, or one
of the two additionaldistributionsnamely, 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 TablesIII and
IV show the enhancementratios with the two additionalloss
distributions betweenBTCP using BLE/BACK over Reno,
denotedby RBLE/BACK e andRBLE/BACK b, respectively.

As canbeseenfrom TableIII, for thesameaveragelossrate,
if several burst lossesoccur back to back in a batch,BTCP
canenhancethethroughputa lot by eliminatingthesigni�cant
amountof exponentialbackoff time in TCPdueto consecutive
TO events.However, if the burst lossesoccur randomly(but
not back to back) or evenly, there is no exponentialbackoff
in TCP, and in addition, when these lossesoccur closely
(but not consecutively), the congestionwindow can hardly
increasein BTCP. This is why RBLE/BACK r is not ashigh
asRBLE/BACK b.

It is also noted that the performanceenhancementdue to
BTCP dependson the assemblytime as shown in Table IV
(aswell as in Figure7) wherep = 0:1. To explain the results
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Fig. 7. SimulationComparisonof BTCP andTCP

TABLE V

PERFORMANCE OF BTCP WITH TO IN ACCESS NETWORKS

Tb 0.01 0.02 0.04 0.06 0.08 0.1
Rt 1.1059 1.0696 1.1197 1.0450 1.0526 0.9940
Rl 1.0203 1.0160 1.0363 1.0133 1.0189 1.0180

in the table,considerthe casewith batchlosses�rst. On one
hand,TCPwill go throughseveralexponentialbackoff periods
as mentionedearlier according to it timeout value RTO,
which is independentof the assemblytime Tb. On the other
hand,BTCP will enterthe fast retransmissionphaseandthen
eventually the Slow Start phase(due to a true TO triggered
by several FTOs). Assumethat the length of the batch loss
period is �x ed as � b � RTO and � t � RTO for BTCP and
TCP respectively, where� b and� t are two constantsandwe
shouldhave � b < � t. Also supposethat RTT = RTT0 + Tb,
where RTT0 is the round trip time without burst assembly,
andthe total datatransmittedin the N rounds(which is �x ed
for evenly distributedbatchlosses)beforeandwithin the lost
batchis Wb for BTCP andWt for TCP, thenthe performance
enhancementfor batchlossesis calculatedas

RBLE/BACK b =
Wb=[� b � RTO + (RTT0 + Tb) � N ]
Wt=[� t � RTO + (RTT0 + Tb) � N ]

=
Wb

Wt
[1 +

(� b � � t)RTO
� b � TO + (RTT0 + Tb) � N

] (11)

Sinceall other parametersare treatedas constantand � t �
� b > 0, RBLE/BACK b in (11) decreaseswith Tb. For evenly
distributed losses,� t = � b (becausethere is no exponential
backoffs in both BTCP andTCP),andthusthe corresponding
enhancementRBLE/BACK e is insensitive to Tb. Finally,
sincethe casewith randomlossesis in betweenthe casewith
batchlossesand evenly distributed losses,the corresponding
enhancementRBLE/BACK r alsodecreaseswith Tb.

2) Responsivenessto Congestion: Whena (true)TO occurs
dueto multiple packet lossesin eitheror bothof the IP access
networks,BTCPusingBLE maytreatthetrueTO asaFTO by

mistake becauseit cannotdistinguishlosseswithin the OBS
network from thosewithin theIP accessnetworks.As a result,
BTCPmaynot respondto seriouscongestionaseffectively as
Reno,andhencethe loss rate in the network will be higher.

To highlight theeffect of trueTOson theresponsivenessof
BTCP usingBLE, we assume,in this setof simulations,that
the IP accessnetworks are lossybut the OBS network is not.
We comparethe performanceof BTCP usingBLE andReno
by injecting several UDP and other TCP �o ws in the two IP
accessnetworks.

TableV shows theperformancedifferencesin termsof their
throughputratio Rt and loss rate ratio Rl as a function of
assemblytime Tb. Generallyspeaking,wrong FTO detection
in IP accessnetworkscanincreasethelossratein theIP access
networks. Although it can also increasethe throughputof a
single BTCP �o w, the performanceof the other TCP �o ws'
will be degradeddueto increasedloss rate.

From Table V, we can see that the increasein the loss
rateof the network is not signi�cant, andbecomeslessasthe
assemblytime increases.This is mainly due to the fact that
seriouscongestionthat causesa true timeout event can last
for sometime (consideringthe long rangedependentnature
of Internettraf�c [5], [8]). Accordingly, even thougha BTCP
usingBLE maytreatthe�rst trueTO asa FTO, (andtransmits
data with half of previous congestionwindow), most likely
it will receive anothertrue TO, and eventually its window
size will be reducedto lessthan 3, which will trigger a true
TO. Having a large assemblytime may result in both poor
throughputandlossrateasmoretrue TOs will be mistakenly
consideredasFTOs by BTCP usingBLE.

VI . SUMMARY

This paperhave evaluatedthe performancesof threemost
popularTCPimplementations:Reno,New-RenoandSACK in
OBS networks. It hasbeendemonstratedthat althoughSACK
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performsbetterthan Renoand New-Reno,noneof them can
effectively handlea falsetimeout (FTO) in a mediumor fast
TCP�o w, whichcouldbequitecommonin OBSnetworks.We
have proposeda new TCP implementationcalled Burst TCP
or BTCP using threeFTO detectionmethodsbasedon burst
length estimation,burst ACK and burst NAK, respectively,
which involve the tradeoffs betweenFTO detectionaccuracy
(and throughputperformance),performanceand implementa-
tion complexity. We have comparedBTCP with the current
TCPimplementations,andshown thatBTCPcanimproveTCP
throughputwithout underminingthecongestioncontrolability
of normalTCP.
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