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Abstract— In this paper, we proposeLayered TCP (LTCP for
short), a simple layering technique for the congestion window
responseof TCP to make it more scalable in highspeed,high
RTT networks. LTCP is a two dimensional congestion control
framework - the macroscopiccontrol usesthe conceptof layering
to quickly and efficiently make use of the available bandwidth
whereas microscopic control extends the existing AIMD algo-
rithms of TCP to determine the per-ack behavior. We provide
the general intuition and framework for the LTCP protocol
modifications in this paper. Then, using a simple design, we
illustrate the effectivenessof using layering for impr oving the
efficiency, without sacrificing the convergencepropertiesof TCP.
We assessthe RTT unfair ness with the chosen design and
show that by using a simple RTT compensation factor, the
RTT unfair ness can be assured to be no worse than that of
unmodified TCP. Evaluation of the specifieddesign is basedon
analysesand ns-2 based simulations. We show that LTCP has
promisingconvergenceproperties,is about an order of magnitude
faster than TCP in utilizing high bandwidth links, employs few
parameters and is easyto understand. The choiceof parameters
can be influenced to reduce the RTT unfair ness,compared to
TCP or other highspeedsolutions.The flexible framework opens
a whole class of design options for impr oving the performance
of TCP in highspeednetworks.

I . INTRODUCTION

The ever-increasingavailability of network bandwidthand
the deployment of these high-speedlinks for high-delay
transatlanticcommunicationhave poseda seriouschallenge
for the AIMD algorithmsusedfor congestioncontrol in TCP.
Over the past few years, several solutions have been put
forth for solving theproblem.Thesesolutioncanbeclassified
into four main categories - a) Tuning the network stack b)
Openingparallel TCP connectionsbetweenthe end hostsc)
Modificationsto the TCP congestioncontrol d) Modifications
to the network infrastructureor use of non-TCP transport
protocol.

Thetraditionalsolutionto improve theperformanceof TCP
on high-capacitynetworks hasbeento tunesomeof the TCP
parameters.[2], [3], [4] and [5] are someof the examples.
Tuning the stack improves the performancesignificantly and
is bestusedin conjunctionwith theothersolutionsmentioned
below.

Significant researcheffort has focussedon using network
striping for mitigatingtheproblem.Irrespectiveof whetherthe
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applicationopensparallelconnections([6], [7], [8], [9], [10])
or theTCPflow behavesasa collectionof severalvirtual flows
([11], [12], [13]), theproblemof choosingtheoptimalnumber
of flows to maximisethe performancewithout effecting the
fairnesspropertiesis non-trivial, limiting the scopeof these
solutions.

The third category of researchfor improving the perfor-
manceof TCP in highspeednetworks hasbeento modify the
congestionresponsefunction of TCP itself. HighSpeedTCP
[14], ScalableTCP [15], FAST TCP [16], Bic-TCP [17] and
H-TCP [18] aresomeof the examplesin this area.

Several other schemesthat go beyond modificationsonly
to TCP and use either UDP or rely on support from the
network infrastructurehave also been proposed.XCP[19],
Tsunami[20], RBUDP[21], SABUL/UDT [22] and GTP[23]
aresomeof the examples.

In this paper, we proposethe LayeredTCP schemewhich
modifies the congestionresponsefunction of TCP at the
sender-side and requiresno additionalsupportfrom the net-
work infrastructureor the receivers. We focus on improving
the TCP performanceon high-bandwidthlinks and provide
a simple extensionfor controlling the unfairnesswhen flows
with differentRTTs aremultiplexed over the high-bandwidth
link. This schemecan be thought of as an emulation of
multiple flows at the transportlevel, with the key contribution
that the numberof virtual flows adapt to the dynamicnet-
work conditions. Layering schemesfor probing the available
bandwidthhave beenstudiedearlierin thecontext of multicast
andvideotransfer, for example[24], [25]. LTCP, in contrastto
this earlierbody of work, useslayeringwithin the congestion
control algorithm of TCP with per-ack window adaptation
to provide efficient bandwidth probing in high bandwidth
links andcompensationmechanismfor controllingthefairness
betweenflows with differentRTTs.

The restof the paperis organisedasfollows - In SectionII
we provide the general framework for the LTCP scheme.
SectionIII discussesonepossibledesignchoiceandpresents
analysespertaining to it. Results of the evaluation of the
chosendesignusingns-2simulationsarepresentedin Section
IV. We concludethe paperin Section V by summarisingour
experiencesand taking a look at the future work.

I I . LAYERED TCP : THE FRAMEWORK

The congestionwindow responseof the LTCP protocol is
defined in two dimensions- (a) At the macroscopiclevel,
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LTCP uses the concept of layering. If congestionis not
observed over a period of time, then number of layers is
increased.(b) At the microscopiclevel, it extendsthe existing
AIMD algorithmsof TCP to determinethe per-ack behavior.
Whenoperatingat a higherlayer, a flow increasesits conges-
tion window fasterthanwhenoperatingata lower layer. In this
section,we presentthe intuition for the layering framework.

The primary goal behind designingthe LTCP protocol is
to make the congestionresponsefunction scalein highspeed
networks underthe following constraints:(a) the LTCP flows
shouldbe fair to eachotherwhenthey have sameRTT (b) the
unfairnessof LTCP flows with different RTTs shouldbe no
worsethantheunfairnessbetweenunmodifiedTCPflows with
similar RTTs (c) the LTCP flows shouldbe fair to TCP flows
when the window is below a predefinedthreshold ��� . The
threshold ��� definesthe regime in which LTCP is friendly
to standardimplementationsof TCP. We choosea value of
50 packets for � � . This value hasbeenchosento maintain
proportional fairness between LTCP and unmodified TCP
flows in slow networkswhich do not requirethewindow scale
option [26] to be turnedon. Argumentsaimedat keepingnew
protocolsfair to TCP below a predefinedwindow threshold,
while allowing moreaggressive behavior beyondthethreshold
have beenput forth in [14], [15] aswell.

All new LTCP connectionsstartwith onelayer andbehave
in all respectsthe same as TCP. The congestionwindow
responseis modifiedonly if the congestionwindow increases
beyond the threshold � � . Just like the standardimplemen-
tations of TCP, the LTCP protocol is ack-clocked and the
congestionwindow of an LTCP flow changeswith eachin-
comingack.However, an LTCP flow increasesthe congestion
window more aggressively than the standardimplementation
of TCP dependingon the layer at which it is operating.
When operatingat layer � , the LTCP protocol increasesthe
congestionwindow as if it were emulating � virtual flows.
That is, the congestionwindow is increasedby ���	��

��� for
eachincoming ack, or equivalently, it is increasedby � on
the successfulreceipt of one window of acknowledgements.
This is similar to the increasebehaviour explored in [11].

Layers,on the other hand,are addedif congestionis not
observedover anextendedperiodof time. To do this, a simple
layeringschemeis used.Suppose,eachlayer � is associated
with a step-size ��� . When the current congestionwindow
exceedsthe window correspondingto the last addition of a
layer ( ��� ) by the step-size��� , a new layer is added.Thus,���
���������������! "���#�%$&$'$&$'$(���)�)���+*,�! "���+*�� (1)

and the numberof layers �-� , when ���/.0�210���435� .
Figure 1 shows this graphically. The stepsize ��� associated
with the layer � should be chosensuch that convergence
is possiblewhen several flows (with similar RTT) sharethe
bandwidth.Considerthe simple casewhen the link is to be
sharedby two LTCP flows with sameRTT. Say, the flow that
startedearlier operatesat a higher layer � � (with a larger
window) comparedto the later-starting flow operatingat a
smaller layer � � (with the smallerwindow). In the absence
of network congestion,the first flow increasesthe congestion

Fig. 1. GraphicalPerspective of Layersin LTCP

window by �6� packets per RTT, whereasthe secondflow
increasesby �7� packetsper RTT. In order to ensurethat the
first flow doesnot continueto increaseat a ratefasterthanthe
secondflow, it is essentialthat thefirst flow addslayersslower
than the secondflow. Thus, if ���98 is the stepsizeassociated
with layer �6� and ���!: is the stepsizeassociatedwith layer�7� , then � � 8���<; � � :�=� (2)

when �6� ; �=� , for all valuesof �6�#�>�7�@?BA .
Thedesignof thedecreasebehavior is guidedby thefollow-

ing reasoning- in orderfor two flows with sameRTT, starting
at different times to converge, the time taken by the larger
flow to regain the bandwidth it gave up after a congestion
event shouldbe larger than the recovery time of the smaller
flow. Supposethetwo flowsareoperatingat layers � � and � �
( � � ; � � ), and �DC � and �DC � is the window reductionof
eachflow upona packet loss.After the packet drop, suppose
the flows operateat layers ��E� and ��E� respectively. Then,the
flows take F7G 8� E8 and FHG :� E: RTTs respectively to regainthe lost

bandwidth.From the above reasoning,this givesus -�DC �� E� ; �DC �� E� (3)

The window reductioncan be chosenproportional to the
current window size or be basedon the layer at which the
flow operates.If the latter is chosen,thencaremustbe taken
to ensureconvergencewhen two flows operateat the same
layer but at differentwindow sizes.

This framework provides a simple, yet scalabledesignfor
the congestionresponsefunction of TCP for the congestion
avoidancephasein highspeednetworks. The congestionwin-
dow responsein slow start is not modified, allowing the
architectureto evolve with experimentalslowstart algorithms
such as [27]. At the end of slowstart the numberof layers
to operateat can easily be determinedbasedon the window
size. The key factor for the framework is to determinean
appropriaterelationshipsfor the stepsize ��I (or equivalently,
the window size ��I at which the layer transitionsoccur)and
the window reductionthat satisfy the conditionsin Equations
2 and3.
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I I I . A DESIGN CHOICE

Several different designoptions are possiblefor choosing
the appropriaterelationshipfor the stepsize� andthe window
reduction�DC . In this section,we presentonepossibledesign.
We supportthis designwith extensive analysisto understand
the protocolbehavior.

For our design,we first choosethedecreasebehavior. Since
we wantto keepthedesignascloseto thatof TCPaspossible,
we choosea multiplicative decrease.However, the window
reductionis basedon a factorof J suchthat -�DCD�KJML4� (4)

Basedon this choicefor the decreasebehavior we determine
the appropriateincreasebehavior suchthat the conditionsin
Equation2 andEquation3 aresatisfied.To provideanintuition
for choiceof theincreasebehavior, we startby consideringEq.
3. Also, in orderto allow smoothlayertransitions,we stipulate
thataftera window reductiondueto a packet loss,atmostone
layer canbe droppedi.e., a flow operatingat layer � before
the packet lossshouldoperateat layer � or NO�QPSR#T after the
window reduction.Basedon this stipulation, there are four
possiblecases- (1) �SE� �U� � �>��E� �V� � , (2) �SE� �WNO� � PR�TX�X�SE� �Y�7� , (3) �SE� �Z�6���X�SE� �VNO�7�+P�R#T , and (4) �SE� �NO�6�9P<R�T[�>�SE� �ZNO�7�4P<R�T . It is mostdifficult to maintainthe
convergenceproperties,whenthelargerflow doesnot reducea
layerbut the smallerflow does,ie, �SE� �B�6�#�>��E� �\NO�7�5P]R#T .
With this worst casesituation,Eq. 3 canbe written as-�DC^����_; �DC+�N`�7�4P<R�T (5)

If this inequality is maintainedfor adjacentlayers, we can
show by simple extension,that it can be maintainedfor all
other layers.So consider�����a�b�X�7�+�QN`�/PcR�T . Then, the
above inequality is �DC �� ; �DC ��dPeA (6)

Suppose,the window for flow 1 is �DE when the packet loss
occursandthe window of flow 2 is �DE E then,substitutingEq.
4 in the above equation,we have,� E� ; � E E�dPeAMf � E ; ��dPeA � E E
In orderfor theworstcasebehavior ( ��E� ���b�X�SE� �gN`�gP7AhT )
to occur, the window � E could be closeto the transition to
the layer NO�i DR#T and the window �DE E could have recently
transitionedinto layer N`�QPSR�T . In orderto get the estimateof
theworstcasewe substitutethesevaluesin theaboveequation
to get - ���435� ; ��dP�A ���+*�� (7)

Basedon this, we conservatively choosethe increasebehavior
to be ���D� �V �R�dPeA ���+*,� (8)

Note that alternatechoicesare possible.This is essentially
a tradeoff betweenefficiently utilizing the bandwidth and

ensuring convergence betweenmultiple flows with similar
RTT sharingthe samelink. While it is essentialto choosethe
relationshipbetween� � and � �+*,� suchthat the condition
in equation7 is satisfiedto ensureconvergence,a very con-
servative choicewould make the protocol slow in increasing
the layersandhencelessefficient in utilizing the bandwidth.

With this choice, since layering startsat �����j� � , we
have - ���)� �"N`�U BR#T�NO�dP<R�Tk � � (9)

By definition, ���a�����435�lPe��� andhencewe have,���)� �KNO�V �R�TA � � (10)

By simple substitution,we can show that the inequality in
Eq. 2 is satisfied.Also, sincethis schemewasdesignedwith
the worst casefor the inequality in Eq. 3, that condition is
satisfiedas well, when two competingflows are at adjacent
layers. The result for adjacent layers can then be easily
extrapolatedfor non-adjacentlayers.It canalsobeshown that
when two flows operateat the samelayer, the inequality in
Eq. 3 is satisfied.

A. Choiceof J
The above analysisis hinged on the stipulation that after

a window reductiondue to packet drop, at most one layer
is dropped.In order to ensurethis, we have to choosethe
parameterJ appropriately. The worst casefor this situation
occurs when the flow has just addedthe layer � and the
window � �m���Z gn , when the packet drop occurs. In
order to ensurethat the flow doesnot go from layer � toNO�dPeAhT after the packet drop, we needto ensurethatJo���\1<���+*,� (11)

On simplesubstitution,this yields,J"1 p�V BR (12)

Thus, J should be chosensuch that the above equationis
satisfied.We usea valueof J��B�q$'R#r in this paper. Thereason
for this choiceof J is explainedin the next section.

With this designchoice,LTCP retainsAIMD behavior. At
eachlayerK, LTCPincreasesthewindow additively by K, and
whena packet drop occurs,the congestionwindow is reduced
multiplicatively by a factorof J .

B. Analysis
As explained earlier, the primary goal for designingthe

LTCPprotocolis to beableto utilize availablelink bandwidth
aggressively in highspeednetworks.In this sectionwe provide
somequantitative analysisfor the chosendesign.

1) Time to claim bandwidthand Packet Recovery time:
Supposethe maximum window size correspondingto the
available throughputis � � . Then, time to increasethe win-
dow to � � , in the absenceof congestion,canbe obtainedas
the sumof the time to transitionfrom layer 1 to 2, 2 to 3 and
so on until layer � . In other words, the time to increasethe
window to ��� is -s NO� � Tt s N`� � Tt B$'$&$'$	 s NO� �+*u� T5 s N`� �+*�� T
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where
s N`� � T is the time (in RTTs) for increasingthe window

from layer � to N`�W gR#T . When the flow operatesat layer� , to reachto the next layer, it has to increasethe window
by � � andthe rateof increaseis � per RTT. Thus

s N`� � T is
givenby vxw� RTTs. Substitutingthis in theaboveequationand
doing the summationwe find that the time to reacha window
sizeof ��� iss NO� � Tt N`�dP�AyT�N`�V p Tz ��� (13)

Note that the above analysisassumesthat slowstart is termi-
natedbeforelayeringstarts.

Table in Fig. 2 shows the numberof layerscorresponding
to the windowsize at layer transitions( ��� ) with � � �Zrh� .
For a 2.4Gbpslink with an RTT of 150msand packet size
of 1500 bytes, the window size can grow to 30,000. The
numberof layersrequiredto maintain full link utilization in
this caseis atleast�i�gR#r . Basedon this we chooseJ�����${R�r
(correspondingto �W�DR�| ).

The table also shows the speedupin claiming bandwidth
comparedto TCP, for an LTCP flow with ������rh� , with the
assumptionthat slowstart is terminatedwhenwindow = � � .
This columngivesan ideaof thenumberof virtual TCPflows
emulatedby an LTCP flow. For instance,a flow that evolves
to layer 15, behavessimilar to establishing10 parallel flows
at the beginning of the connection.

Fig. 2. Comparisonof LTCP (with }�~ = 50 and � = 0.15) to TCP

An LTCPflow with window size � will reducetheconges-
tion window by Jo� . It thenstartsto increasethe congestion
window at therateof atleastN`��P^R�T packetsperRTT (sincewe
stipulatethat a packet drop resultsin the reductionof atmost
onelayer).The upperboundon the packet lossrecovery time
for LTCP then,is � F� �+*��x� . In caseof TCP, upona packet drop,
the window is reducedby half, and after the drop the rate
of increaseis 1 per RTT. Thus, the packet recovery time is����A . The last column of Table in Fig.2 shows the speedup
in packet recovery time for LTCP with J�����${R�r comparedto
TCP. Basedon theconservative estimatethata layer reduction
occursaftera packet drop,thespeedup in thepacket recovery

time of LTCP comparedto TCP is a factorof p $ php L4N`�-P�R#T .
2) ThroughputAnalysis: In order to understandthe rela-

tionship betweenthroughputof an LTCP flow and the drop
probability � of the link, we presentthe following analysis.
Fig. 3 shows the steady state behavior of the congestion
window of an LTCP flow with a uniform loss probability
model. Supposethe number of layers at steadystate is �
and the link drop probability is � . Let �DE E and �DE represent
the congestionwindow just before and just after a packet
drop respectively. On a packet loss the congestionwindow
is reducedby Jo�DE E . Supposethe flow operatesat layer �SE
after the packet drop. Then, for eachRTT after the loss, the
congestionwindow is increasedat the rate of �SE until the
window reachesthe value �D� � , when the next packet drop
occurs.The window behavior of the LTCP flow, in general,
will look like Fig. 3 at steadystate.

With this model, the time betweentwo successive losses,
say

s��
, will be � F E E� E RTTs or � F E E� E L�C s�s seconds.The

numberof packets sent betweentwo successive losses,say� �
, is given by the areaof the shadedregion in Fig. 3. This

canbe shown to be -���c� JlN��DE E�T �� E NxR�P J A T (14)

Fig. 3. Analysisof SteadyStateBehavior

The throughputof suchan LTCP flow canbe computedas���� � . That is, � �_� �D� �C s�sMN�R�P J A T (15)

The number of packets sent betweentwo losses
���

is
nothing but �� . By substitutingthis in Eq. 14, and solving

for �DE E we have, � E E � � � EJlN�R�P � � T�� (16)

Substitutingin Eq. 15 we have� ���i� � E� NxR�P�� � TC s
s�� � (17)

Again if we considerthe example above of the 2.4Gbps
link with an RTT of 150msand packet size of 1500 bytes,
the window size can grow to 30,000.From, Fig. 2 we see
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that this window size correspondsto a layersizeof �m�0R#r .
Substituting� this value in the above equation,we notice that
for the 2.4Gbpslink mentionedabove with Jc�Z��${R�r , LTCP
offersanimprovementof a factorof about8 for theachievable
single-flow throughputcomparedto TCP.

3) RTT Unfairness: In this section we assessthe RTT
unfairnessof LTCP under the assumptionsof random loss
model as well as synchronizedloss models. In [29], for a
randomlossmodeltheprobabilityof thepacket loss � is given
by - �6� � N�
^�XC s�s T� N�
��>C s
s T� � NO
^�>C s
s T (18)

where � NO
^�>C s
s T and

� N�
��>C s
s T are the window increase
anddecreasefunctionsrespectively.

For LTCP � N�
��>C s
s T��d���	
 and

� N�
^�XC s
s T�� Jo� .
Substitutingthesevaluesin the above equationand approxi-
mating �/�)� �¢¡¢£ , we cancalculatethe loss rate � as-�=� RNxR9 �Jo�D¤ ¡¢£¥ T (19)

where � ¥ is the statisticalequilibrium window.
It is clear from the above equation that the two LTCP

flows experiencingthe sameloss probability, will have the
sameequilibrium window size, regardlessof the round trip
time. However, throughputat the equilibrium point becomes
inverselyproportionalto its roundtrip time sincethe average
transmissionrate ¦ ¥ and is given by � ¥ ��C s
s .

The loss probability for TCP with similar assumptionsis
given by: �=� RN�R9 ��q$§ry� ¥ T (20)

Theequilibriumwindow sizeof theTCPflow doesnot depend
on the RTT either. Therefore, for random lossesthe RTT
dependenceof window of anLTCPflow is sameasTCP. Thus
LTCP haswindow-orientedfairnesssimilar to TCP and will
not performworsethanTCP in caseof randomlosses.

Becauseof the natureof currentdeploymentof high band-
width networks, it is likely that the degree of multiplexing
will besmallandassuch,anassumptionof synchronizedloss
modelmaybemoreappropriate.Sowe presentherethedetails
of the analysiswith the synchronisedlossmodelaswell.

Following asimilaranalysisin [17], for synchronizedlosses,
supposethe time betweentwo drops is ¨ . For a flow © with
round trip time C s
s,ª andprobability of loss � ª , the average
window size is � ª � ��¬«­G �u� « � C

s
s,ª¨{� ª (21)

sincethe flow will send ��¬« packetsbetweentwo consecutive
dropeventsandthenumberof RTTs betweenthe two consec-
utive lossevents

­G �u� « .From Eq. 17, we have the bandwidthof an LTCP flow to
be � ��� � ªC s
s ª �/� � E«� NxR�P � � TC s
s ª`� � ª

f � ª � ��Eª¢®� �ª 
+¯±°�¦	° ® � RJ N�R�P J A T (22)

By substitutingtheabove in Eq. 21 andsimplifying we get,� ª � ¨²� Eª ®C s
s,ª (23)

FromEq.9 we seethat thenumberof layers � is relatedto
the window size � basedon the relationship �³�\� 8´ . By
substitutingthis relationshipin the above equationwe have,� ª �\N ¨ ®C s�sµª�T ´: (24)

Whenthe RTT unfairnessis definedasthe throughputratio
of two flows in termsof their RTT ratios,the RTT unfairness
for LTCP is -NaF 8G �u� 8x� NxR�P�� � TNaF :G �u� :¢� NxR�P�� � T � F 8G �u� 8F :G �u� : �\N C

s�s �C s�s � Th¶: (25)

(since �b1^1)R ).
This is slightly worsethantheRTT unfairnessof unmodified

TCP shown to be proportionalto N�G �u� :G �u� 8 T � in [17].
In caseof LTCP, aflow with largerwindow sizeoperatesata

higher layer andincreasesthe window at the ratecorrespond-
ing to that layer. Therefore,it is relatively more aggressive
than a flow with a smallerwindow size which operatesat a
lower layer and henceincreasesthe window at a lower rate.
This,coupledwith thedifferencein RTTs couldmake theRTT
unfairnessof LTCP worsethan that of TCP. Whenthe losses
are random,the larger flow experiencesmore packet drops
than the smallerflow. The resultingdifferencein the number
of losseventsreducesthe effect of RTT unfairnessof LTCP.
However, with synchronousloss model, when equalnumber
of loss eventsmay be observed by different flows, the RTT
unfairnesscould be worsethan that of TCP.

In order to compensatefor this dependenceof aggressive-
nesson RTT, we introducethe RTT compensationfactor � G
and modify the per-ack behavior such that, an LTCP flow
at layer � will increasethe congestionwindow at the rate
of � G L=� for the successfulreceipt of one window of
acknowledgements.The RTT compensationfactor is set to
1 for the baseRTT of 10ms.For larger RTTs, � G is made
proportionalto the ratio C s
s ��N`·�¸º¹�° C s
s T . This uniformly
scalesup the rate at which the higher RTT flow increaseits
window. Since the RTT compensationfactor � G is constant
for a given RTT andmultiplicative in nature,it doesnot alter
the analysesin the earlier discussionfor flows with same
RTT. However, thethroughputequationfor LTCPandtheRTT
unfairnesscannow be re-writtenas -� ���i» � Eª Ll� G « L ®C s
s,ª � � ªF 8G �u��8F :G �u�#: �ZN C

s
s �C s
s � T ¶: N � G 8� G : T ´: (26)

The above equationshows that by choosing � G appropri-
ately, the RTT unfairnessof LTCP flows can be controlled.
For instance,choosing � G �¼C s
s 8´ , the RTT unfairness
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of the LTCP protocol will be similar to the AIMD scheme
usedin� TCP. By choosing� G ��C s
s , the effect of RTT on
the schemecanbe entirely eliminatedandthe LTCP protocol
behaveslike a ratecontrolledschemeindependentof theRTT.
By choosingan intermediatevaluesuchas, � G �BC s
s 8: , we
canreducetheRTT unfairnessof LTCPin comparisonto TCP.

In general,supposewe choose,� G proportionalto C s�s�½ ,
where ¾ is a constant.After a window reductionWR, suppose
a flow operatesat layer �SE . When RTT compensationis
used it takes FHG�!¿±À>� E RTTs or FHG À G �u��!¿±À¢� E secs to regain the
lost bandwidth.Supposetwo flows with different RTTs are
competingfor the available bandwidth,Equations3 can be
re-writtenas�DC��ÁLlC s
s �� G �ÁLl� E� ; �DC@�9LlC s
s �� G �9Ll� E�

Substitutingthevalueof WR andfurthersolvingit, wehave,

f N C s
s �C s
s � T ½ *,� 1 NO��EÂ BR#T� Ef N`¾]P<R�Tl1cÃOÄ�Å,NxRÆ R� E T f ¾e1+�gR (27)

The above equationhasbeenderived by assuminga worst
caseRTT ratio of 10 while takingthelogarithmandis specific
to thedesignchoicementionedat thebeginningof thissection.
An alternatedesignchoicecangive a differentdependenceof� G on RTT. In order to ensurethat the flows do not become
aggressive asqueuesbuild up,we make � G is dependentonly
on the propagationdelay of the link. In our experimentswe
usethe lowest measuredRTT samplefor choosingthe value
of � G .

C. AlternateDesigns:
In this sectionwe presentedonepossibledesignfor LTCP

andprovided the relevant analysisto understandthe protocol
behavior with this design.This is by no meanstheonly possi-
ble or the bestpossibledesignchoice.The aim of this design
was to illustrate the effectivenessof using a simple concept
like layering in the context of TCP congestioncontrol to
improve efficiency without sacrificingconvergenceproperties.
We are currently in the processof evaluatingother designs.
Detailswill be madeavailable in a technicalreport.

IV. RESULTS

To evaluatethe LTCP protocol,we conductedexperiments
on the ns-2 simulator. In this section we presentsome of
the results. Fig. 4 shows the network topology used. The
topology is a simple dumbbellnetwork. The bottlenecklink
bandwidth is set to 1 Gbps unlessotherwisespecified.The
links that connectthe sendersand the receivers to the router
have a bandwidth of 2.4Gbps.The end-to-endRTT is set
to 70ms, unlessmentionedotherwise.The routershave the
default queuesizeof 6000packetsunlessspecifiedotherwise.
DropTail queue managementis used at the routers. The
LTCP protocol is implementedby modifying the TCP/Sack1
agent.The unmodifiedTCP/Sack1agentis usedfor TCP. The
receiveradvertisedwindow is setto a largevalueto ensurethat

it doesnot interferewith thesimulations.For theLTCPflows,
the parameter��� is set to 50 packets and the parameterJ
wassetto 0.15.The traffic constituteof FTP transferbetween
the sendersandreceivers.

Fig. 4. SimulationTopology

1) Comparison of LTCP with TCP: Since LTCP uses
adaptive layering,it is capableof increasingits window sizeto
the optimal valuemuchfasterthanTCP. Also, whena packet
lossoccurs,thewindow reductionof LTCPis not asdrasticas
TCP. As a resultthewindow adaptationof LTCPis muchmore
efficient in utilizing thelink bandwidthin highspeednetworks.
Fig. 5 shows congestionwindow of LTCP in comparisonwith
that of TCP, when the network consistsof only oneflow. As
seenfrom the figure, the congestionwindow of the TCP flow
takes over 600 secondsmore than that of an LTCP flow to
recover from a packet lossdueto its drasticwindow reduction
(factor of 1/2) followed by a conservative window increase
(one per RTT). The table in Fig. 6 shows the comparison
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Fig. 5. ComparisonBetweenLTCP andTCP Windows

betweenthe long-term averagesteadystate link utilization
and averagepacket loss rates betweena TCP flow and an
LTCP flow for different link bandwidths.The throughputis
calculatedovera periodof 2000secondsaftertheflow reaches
steadystate.The buffersizeat the router is set to the delay-
bandwidthproduct.At largevaluesof link bandwidth,the link
utilizationby theTCPflow is closeto Ç�rÉÈ , whereastheLTCP
link utilization remianscloseto | k È . SinceLTCPcanoperate
closeto the optimal valuemostof the time andkeepthe link
utilization high, the congestionloss rate of the LTCP flow is
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larger than that of TCP, which owing to under-utilization of
the link seeslower congestionlosses.

Fig. 6. Link Utilization andPacket LossRatefor LTCP andTCP

2) DynamicLink Sharing: In this experiment,we evaluate
how LTCP flows respond to dynamically changing traffic
conditionscreatedby multiplexing of several flows starting
and stoppingat different times. One LTCP flow is startedat
time 0, andallowedto reachsteadystate.A new LTCPflow is
thenaddedat 150secondsandlastsfor 1250seconds.A third
LTCP flow is addedat 350secondsandlastsfor 850seconds.
Finally, the fourth flow startsthe transferat 550 secondsand
sendsdata for 450 seconds.All theseflows sharethe same
bottlenecklink. Fig. 7 shows the throughputof each flow.
Fromthegraphwe seethat,whena new flow is startedandthe
availablelink bandwidthon the bottlenecklink decreases,the
existing LTCPflows quickly give up bandwidthuntil all flows
reachthe fair utilization level. The per-flow link utilizations
remainstableat this valueuntil someof theflows stopsending
traffic. Whenthathappens,the remainingLTCPflows quickly
rampup the congestionwindow to reachthe new fair sharing
level, suchthat the link is fully utilized.
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Fig. 7. DynamicLink Sharing

3) FairnessAmongmultiple LTCP Flows: In this experi-
ment, we evaluatethe fairnessof LTCP flows to eachother.
Differentnumberof LTCP flows arestartedat the sametime
andtheaverageper-flow bandwidthof eachflow is noted.The
tablein Fig 8 shows that whenthe numberof flows is varied,
the maximumandthe minimum per-flow throughputsremain
close to the average,indicating that the per-flow throughput
of eachflow is close to the fair proportionalshare.This is
verifiedby calculatingthe FairnessIndex proposedby Jainet.
al., in [28]. TheFairnessIndex beingcloseto 1 shows that the
LTCP flows sharethe availablenetwork bandwidthequitably.

Fig. 8. FairnessAmong LTCP Flows

4) Interactionwith TCP: In thissection,westudytheeffect
of LTCP on regular TCP flows. It must be noted that the
window responsefunction of LTCP is designedto be more
aggressive thanTCP in high speednetworks.Soa singleflow
of TCP cannotcompetewith a singleflow of LTCP andthus,
for this simulation we comparethe aggregate throughputof
ten TCP flows to that of one LTCP flow at different link
bandwidths.Also, to verify that an establishedLTCP flow
gives up a shareof its bandwidth to TCP flows, we first
start the LTCP transfer and let it run for 300 seconds,so
that it utilizes the link fully. At this point the TCP flows are
started.Thethroughputis calculatedfor theflows afteranother
300 seconds.Fig.9 shows the results.As the link bandwidth
increases,TCP flows becomemore inefficient in utilizing the
availablebandwidth,andassuch,the percentageof the band-
width usedby TCP decreases.But, the aggregatethroughput
of TCPflows increaseswith higherlink capacity, showing that
inspiteof theaggressive natureof LTCPcongestioncontrol, it
still givesupashareof thebandwidthto competingTCPflows.
For instance,on the 500Mbpslink, the aggregatethroughput
of the TCP flows is 101.25Mbpsbut on the 1Gbpslink it is
185.64Mbps.

Fig. 9. Interactionof LTCP with TCP

5) RTT Unfairness: Table in Fig.10 shows the ratio of
throughputof two flows with differentRTTs sharingthesame
bottlenecklink. The ratio of RTT of the two flows is setto 1,
2 and3 for the threerunsof the experiment,with the RTT of
theshorter-delayflow being40ms.For thecomputationof the
RTT compensationfactor � G , a baseRTT of 10msis used.

It canbe seenfrom the tablethat, the useof RTT compen-
sation factor, reducesthe RTT unfairnessof LTCP. With an
RTT compensationfactorof � G ��C s
s 8´ LTCP shows RTT
unfairnesscomparableto TCP while with RTT compensation
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Fig. 10. RTT Unfairnessfor DifferentValuesof Ê�Ë
factor of � G �ÌC s�s 8: the RTT unfairnessof LTCP in
comparisonto that of TCP is reduced.

Several other experimentswere conductedverifying the
effect of the RTT compensationfactoron the link utilization,
flow throughput,fairnessandlossrates.However, dueto lack
of space,thoseresultshave not beenincludedhere.They will
be madeavailable in a technicalreport.

V. CONCLUSIONS AND FUTURE WORK

In this paperwe have proposedLTCP, a layeredapproach
for modifying TCP for high-speedhigh-delay links. LTCP
employs two dimensionalcontrol for adapting to available
bandwidth. At the macroscopiclevel, LTCP uses the con-
cept of layering to increasethe congestionwindow when
congestionis not observed over an extendedperiod of time.
Within a layer � , LTCPusesmodifiedadditive increase(by �
per RTT) and remainsack-clocked. The layeredarchitecture
provides flexibility in choosing the sizes of the layers for
achieving different goals. This paper explored one design
option.For this design,thewindow reductionon a packet loss
is chosento be multiplicative.

We have shown through analysisand simulations that a
single LTCP flow can adaptto nearly fully utilizing the link
bandwidth.Othersignificantfeaturesof the chosendesignare
(a) it provides a significant speedupin claiming bandwidth
and in packet loss recovery times comparedto unmodified
TCP (b) multiple flows share the available link capacity
equitably (c) an RTT compensationcan be used to ensure
that the RTT unfairnessis no worsethanunmodifiedTCP (d)
requiressimple modificationsto TCP’s congestionresponse
mechanismsand is controlled only by simple parameters-�S� , J and � G .

We have also implementedLTCP in the Linux kernel and
are currently comparingits performancewith other schemes.
We plan to characterizethe traffic in high speedlinks to
understandthe level of multiplexing and the nature of the
losses.Comparative third party evaluation of LTCP against
otherproposalsis currentlyunderway at SLAC, Stanford.

Our design is hinged on an early decision to use mul-
tiplicative decrease,and on the stipulation that atmost one
layer is droppedafter a congestionevent. A numberof other
possibilitiesexist for alternatedesignsof the generalLTCP
approach.We plan to pursuetheseoptionsin future.
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