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Abstract— In this paper, we propose Layered TCP
(LTCP for short), a simple layering technique for the
congestion window responseof TCP to make it more
scalablein highspeednetworks. LTCP is a two dimensional
congestioncontrol framework - the macroscopic control
usesthe conceptof layering to quickly and efficiently make
useof the available bandwidth whereasmicroscopiccontrol
extendsthe existingAIMD algorithms 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 convergence properties of TCP.
Evaluation of the specifieddesignis basedon analysis,ns-2
basedsimulations and emulation on a Linux testbed. We
show that LTCP has promising convergenceproperties, is
about an order of magnitude faster than TCP in utilizing
high bandwidth links, employsfew parametersand is easy
to understand.The flexible framework opensa whole class
of design options for impr oving the performance of TCP
in highspeednetworks.

I . INTRODUCTION

Over the past few decadesthe traffic on the Internet
hasincreasedby several ordersof magnitude.However,
the Internet still remainsa stablemedium for commu-
nication. This stability has beenattributed primarily to
the wide-spreaduseof congestioncontrol algorithmsof
TCP[1]. Thecongestioncontrolalgorithmsaredesigned
such that bandwidthis sharedfairly amongflows with
similar RTTs. However, thesesamecongestioncontrol
algorithmshold TCP back from scaling to future net-
works with high-bandwidthlinks of the orderof several
Gbps.

The TCP congestioncontrol algorithmsuse additive
increasemultiplicative decrease(AIMD) for moderating
the congestionwindow. Whenthereareno lossesin the
network, the window is increasedby onefor eachRTT.
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Upona lossof packet, thewindow is reducedby half. In
otherwords,theAIMD parameterfor increaseis chosen
such that the available bandwidth is probedconserva-
tively, but theparameterfor decreaseupona packet loss,
is chosento give up the bandwidthaggressively. While
this has worked well for the networks in the past, for
futurenetworksthathave capacityof theorderof several
hundredsof Mbps or Gbps, this could lead to highly
degradedperformance.

To illustrate the problem effectively, consider the
following popularexample- The throughputof a TCP
connectionis givenby ������� 	�

���� � , where � is thepacket
size, � is theroundtrip time for theconnectionand � is
the packet loss rate [2]. This meansthat for a standard
TCP connectionusinga packet sizeof 1500 bytesover
a connectionwith roundtrip delayof 200msandpacket
loss rate of ������������� � , the maximum throughputthat
can be achieved is 23.2Mbps. If the packet loss rate
were reducedto �������!�����#" the maximum throughput
couldbeincreasedto 232.4Mbps.Conversely, to achieve
a throughputof 1Gbps, the packet loss rate required
shouldbe $��&%'�!����� ( or lower andfor 10Gbpsit should
be $��&%'�!����� �
� . Theselossratesareunreasonable- for the
10Gbpslink, the lossratetranslatesto a lossof at most
onepacket in ���*)'$+�!��� �-, packetsor at mostonelossfor
every six hours! Clearly, the standardTCP connections
do not scalein high capacitynetworks.

In this paper we proposea simple layering tech-
nique for the existing congestionresponsealgorithms
to make it scalein high-bandwidthnetworks. The idea
of layering to probeandutilize the availablebandwidth
has been researchedearlier in the context of video
transmissionon the Internet and in multicasting[27],
[28]. The contribution of this paper is to extend this
idea to the congestioncontrol algorithms in TCP so
that scalability can be achieved at the cost of minimal
implementationoverhead,while retaining many of the
desirablecharacteristicsthathavemadeTCPtheprotocol
of choice.

The rest of the paper is organisedas follows - In
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Section II we presenta brief overview of the related
work. This is followed by SectionIII wherewe provide
thegeneralframework for theLTCPscheme.SectionIV
discussesonepossibledesignchoiceandpresentsanal-
yses pertaining to it. Resultsof the evaluation of the
chosendesignusing ns-2 simulationsand emulationon
a Linux testbedarepresentedin Section V. Weconclude
thepaperin Section VI by summarisingour experiences
and taking a look at the future work.

I I . RELATED WORK

Over the past few years,several solutionshave been
put forth for solving the problemof performancedegra-
dation on highspeednetworks due to the use of TCP.
Thesesolutioncanbeclassifiedinto four maincategories
- a) Tuning the network stackb) Openingparallel TCP
connectionsbetweenthe end hostsc) Modifications to
the TCP congestioncontrol d) Modificationsto the net-
work infrastructureor useof non-TCPtransportprotocol

Thetraditionalsolutionto improve theperformanceof
TCPon high-capacitynetworkshasbeento tunesomeof
the TCP parameters.Several auto-tuningschemeshave
beenproposedsuchas[3], [4], [5] and[6]. [7] presents
a comparisonof some of theseauto-tuning schemes.
Tuning the stack improves the performanceof TCP in
high-speednetworks significantly and could be used
in conjunctionwith other schemesto achieve the best
possibleperformance.

A numberof otherproposalshave employed network
striping, where the application is network-aware and
tries to optimize the network performanceby opening
parallelTCP connections.Someof the applicationsthat
use this approachor allow it as an option are XFTP
[8], GridFTP[9], storageresourcebroker [10] and[11].
In [12] the authorsprovide a library called PSockets
(Parallel Sockets) to make it easier to develop appli-
cations that use network striping. While most of this
work hasbeenat the applicationlevel, in the MulTCP
scheme[13] the authorspresenta mechanismwhere a
singleTCPflow behavesasa collectionof severalvirtual
flows. In [14], the authorsdescribea schemefor using
virtual round trip time for choosinga tradeoff between
fairnessand the effectivenessof network usage.In [15]
the authorsdescribea schemefor managingthe striped
TCPconnectionsthatcouldtake differentnetwork paths.
However, all the above mentionedschemesusea fixed
numberof parallelconnectionsandchoosingtheoptimal
numberof flows to maximisethe performancewithout
effectingthefairnesspropertiesis asignificantchallenge.

The third category of researchfor improving the
performanceof TCP in highspeednetworks hasbeento

modify the congestionresponsefunction of TCP itself.
HighSpeedTCP[16] usesa congestionwindow response
function thathasa higherslopethanTCP. ScalableTCP
[17], usesmultiplicative increase/multiplicative decrease
response,to ensurethat the congestionwindow can be
doubled in a fixed numberof RTTs. FAST TCP [18]
relies on the delay-basedbandwidthestimationof TCP
Vegas[19] andis optimisedfor Gbpslinks. Bic-TCP[20]
focuseson the rtt fairnesspropertiesby modifying the
congestionresponsefunction using binary searchwith
additive increaseand multiplicative decrease.H-TCP
[21] aims to identify whether the congestionwindow
is operatingin the low speedmodeor highspeedmode
and usestwo different valuesfor the increase/decrease
parametersaccordingly.

Several other schemesthat go beyond modifications
only to TCP have also beenproposed.In the XCP[22]
scheme,the authorsproposechangesto the TCP con-
gestionresponsefunction aswell as the network infras-
tructure.In schemeslike Tsunami[23], RBUDP[24] and
SABUL/UDT [25] reliable datatransferis achieved by
using UDP for data and TCP for control information.
GTP[26] is also a rate basedprotocol, but focuseson
max-min fair rate allocation acrossmultiple flows to
supportmultipoint-to-pointdatamovement.

In this paper, we proposethe LayeredTCP scheme
which modifiesthecongestionresponsefunctionof TCP
at the sender-side and requires no additional support
from the network infrastructureor the receivers. In a
sense,this schemecan be thought of as an emulation
of multiple flows at the transport level, with the key
contribution that the number of virtual flows adapt
to the dynamic network conditions. Layering schemes
for probing the available bandwidthhave beenstudied
earlier in the context of multicast and video transfer,
for example[27], [28]. LTCP, in contrastto this earlier
bodyof work, useslayeringwithin thecongestioncontrol
algrithm of TCP with per-ack window adaptation to
provide efficient bandwidthprobing in high bandwidth
links while retaining fairnessbetweenmultiple flows
with similar RTTS.

II I . LAYERED TCP : THE FRAMEWORK

ThelayeredTCPschemeis a sender-sidemodification
to the congestionresponsefunction of TCP for making
it morescalablein high-speednetworks.Thecongestion
window responseof the LTCP protocol is defined in
two dimensions- (a) At the macroscopiclevel, LTCP
usesthe conceptof layering to quickly and efficiently
probe for available bandwidth (b) At the microscopic
level, it extendsthe existing AIMD algorithmsof TCP
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to determinethe per-ack behavior. In this section,we
presentthe intuition for the layering framework.

TheprimarygoalbehinddesigningtheLTCPprotocol
is to make the congestionresponsefunction scale in
highspeednetworks underthe following constraints:

1) the LTCP flows shouldbe fair to eachother(with
similar RTTs)

2) the LTCP flows shouldbe fair to TCP flows when
the window is below a predefinedthreshold.0/ .

The threshold .0/ definesthe regime in which LTCP
is friendly to standardimplementationsof TCP. The
optimal value of .0/ is debatableand likely a topic of
researchby itself. We choosea valueof 50 packets for.0/ . This value is motivatedby the fact that when the
window scaleoption[29] is not turnedon, the maximum
window sizeallowed is 64Kb which is about44 packets
(of size1500bytes).Thewindow scaleoption is usedin
highspeednetworks, to allow the receiver to advertise
large window size. In order to ensure that the new
schemewith aggressive bandwidth probing is fair to
TCP is slow networks, we choosea window threshold
value .0/ that is slightly greaterthan 44 packets.This
imposesa constrainton LTCP to maintainproportional
fairness to TCP flows in slow networks. Arguments
aimed at keeping new protocols fair to TCP below
a predefinedwindow threshold,while allowing more
aggressive behavior beyond the thresholdhave beenput
forth in [16], [17] aswell.

In orderto ensurethatbelow thethreshold.0/ , LTCP
is fair to TCP, all new LTCPconnectionsstartwith only
one layer and behave in all respectsthe sameas TCP.
Thecongestionwindow responseis modifiedonly if the
congestionwindow increasesbeyond the threshold.0/ .
When the congestionwindow of the LTCP flow grows
beyond the LTCP window threshold .1/ , the increase
behavior is modified to behave two dimentionally- (a)
If congestionis not observed over a period of time,
then number of layers is increased(b) The per-ack
congestionwindow behavior of TCPis extendedsothat,
when operatingat higher layer a flow can increaseits
congestionwindow fasterthanwhenoperatingat a lower
layer.

Just like the standardimplementationsof TCP, the
LTCP protocol is ack-clocked and the congestionwin-
dow of an LTCP flow changeswith eachincomingack.
However, anLTCPflow increasesthecongestionwindow
more aggressively than the standardimplementationof
TCP dependingon the layer at which it is operating.At
the microscopiclevel, whenoperatingat somelayer 2 ,
theLTCPprotocolincreasesthecongestionwindow asif
it wereemulating2 virtual flows.Thatis, thecongestion
window is increasedby 243+57698;: for eachincomingack,

or equivalently, it is increasedby 2 on the successful
receipt of one window of acknowledgements.This is
similar to the increasebehaviour explored in [13].

Layers,on the other hand,are addedif congestionis
not observedover anextendedperiodof time.To do this,
a simple layering schemeis used.Suppose,eachlayer2 is associatedwith a step-size<�= . When the current
congestionwindow exceedsthe window corresponding
to the last additionof a layer ( . = ) by the step-size< = ,
a new layer is added.Thus,

. �?> �
. 	9> . �A@ < ������

. = > . = � � @ < = � � (1)

and the number of layers > 2 , when .B=DCE. F.G=IH � . Figure1 shows this graphically.

Fig. 1. GraphicalPerspective of Layersin LTCP

The stepsize <�= associatedwith the layer 2 should
bechosensuchthatconvergenceis possiblewhenseveral
flows share the bandwidth. Consider the simple case
when the link is to be sharedby two LTCP flows. Say,
the flow that startedearlier operatesat a higher layer2 � (with a largerwindow) comparedto thelater-starting
flow operatingat a smaller layer 2 	 (with the smaller
window). In theabsenceof network congestion,the first
flow increasesthecongestionwindow by 2 � packetsper
RTT, whereasthe secondflow increasesby 2 	 packets
per RTT. In order to ensurethat the first flow doesnot
continueto increaseat a ratefasterthanthesecondflow,
it is essentialthat the first flow addslayersslower than
the secondflow. Thus, if <�=KJ is the stepsizeassociated
with layer 2 � and <�=ML is the stepsizeassociatedwith
layer 2 	 , then
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<�= J
2 �

N <�= L
2 	 (2)

when 2 � N 2 	 , for all valuesof 2 �PO 2 	RQTS .
The designof the decreasebehavior is guided by a

rathersimilar reasoning- in orderfor two flows starting
at different times to converge, the time taken by the
larger flow to regain the bandwidth it gave up after a
congestionevent shouldbe larger than the time it takes
the smaller flow to regain the bandwidth it gave up.
Supposethe two flows are operatingat layers 2 � and2 	 ( 2 � N 2 	 ), and .U� � and .U� 	 is the window
reduction of each flow upon a packet loss. After the
packet drop,supposethe flows operateat layers 20V� and20V	 respectively. Then, the flows take W � J= VJ and W � L= VL
RTTs respectively to regain the lost bandwidth.From
the above reasoning,this givesus -

.U� �2 V�
N .U� 	2 V	

(3)

The window reductioncan be chosenproportionalto
thecurrentwindow sizeor bebasedon thelayeratwhich
the flow operates.If the latter is chosen,thencaremust
be taken to ensureconvergencewhentwo flows operate
at the samelayer but at differentwindow sizes.

This framework provides a simple, yet scalablede-
sign for the congestionresponsefunction of TCP for
the congestionavoidancephasein highspeednetworks.
The congestionwindow responsein slow start is not
modified, allowing the architectureto evolve with ex-
perimental slowstart algorithms such as [30]. At the
end of slowstart the numberof layersto operateat can
easilybedeterminedbasedon thewindow size.Thekey
factor for the framework is to determinean appropriate
relationshipsfor the step size < (or equivalently, the
window size .GX at which the layer transitionsoccur)
and the window reductionthat satisfy the conditionsin
Equation2 andEquation3.

IV. DESIGN CHOICE

In order to evaluate the effectivenessof the LTCP
protocol, we presentthe following design option. We
supportthis designwith extensive analysisto understand
the protocolbehavior. However, this is by no meansthe
only possibleor the bestpossibledesignfor the LTCP
scheme.We are currently persueingalternate design
options and evaluation measuresfor identifying other
options. The schemepresentedhere is a means for
illustrating the effectivenessof the LTCP framework
for efficiently claiming available bandwidth, without
sacrificingthe convergenceand fairnessproperties.

For our design,we first choosethe decreasebehavior.
Since we want to keep the designas close to that of
TCP as possible,we choosea multiplicative decrease.
However, the window reductionis basedon a factor ofY

suchthat - .U� > Y[Z . (4)

Based on this choice for the decreasebehavior we
determinetheappropriateincreasebehavior suchthatthe
conditionsin Equation2 andEquation3 aresatisfied.To
provide an intuition for choiceof the increasebehavior,
considerEq. 3

.U� �2 V�
N .\� 	2 V	

(5)

In order to allow smoothlayer transitions,we stipulate
thatafterawindow reductiondueto apacket loss,atmost
onelayercanbedroppedi.e.,a flow operatingat layer 2
beforethepacket lossshouldoperateat layer 2 or ]^2`_�+a after thewindow reduction.Basedon this stipulation,
thereare four possiblecases-

1) 2 V� > 2 � O 2 V	 > 2 	
2) 2 V� > ]^2 � _T�+a O 2 V	 > 2 	
3) 2 V� > 2 � O 2 V	 > ]^2 	 _T�+a and
4) 2 V� > ]^2 � _T�+a O 2 V	 > ]^2 	 _b�+a .

It is most difficult to maintain the convergenceproper-
ties,whenthelargerflow doesnot reducea layerbut the
smallerflow does,ie, 2 V� > 2 � O 2 V	 > ]^2 	 _c�+a . With
this worst casesituation,Eq. 3 canbe written as-

.U� �2 �
N .U� 	]^2 	 _b�+a (6)

If this inequality is maintainedfor adjacentlayers,we
canshow by simpleextension,that it canbe maintained
for all otherlayers.Soconsider2 �d> 2 O 2 	e> ]^2U_f�+a .
Then,the above inequality is

.U� �2 N .U� 	2g_ S (7)

Suppose,the window for flow 1 is .UV whenthe packet
loss occurs and the window of flow 2 is .UV V then,
substitutingEq. 4 in the above equation,we have,

. V
2 N . V V

2g_ Sh . V N 2
2g_ S . V V

In order for the worst casebehavior ( 21V� > 2 O 20V	 >]^2i_ S a ) to occur, the window . V could be close to
the transitionto the layer ]^2 @ �+a andthe window . V V
could have recently transitionedinto layer ]^2j_��+a . In
orderto get the estimateof the worst casewe substitute
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thesevaluesin the above equationto get -

.G=IH � N 2
2k_ S .G= � � (8)

Basedon this, we conservatively choosethe increase
behavior to be

.G= > 2 @ �
2g_ S .G= � � (9)

Note thatalternatechoicesarepossible.This is essen-
tially a tradeoff betweenefficiently utilizing the band-
width andensuringconvergencebetweenmultiple flows
sharing the samelink. While it is essentialto choose
the relationshipbetween.B= and .G= � � suchthat the
conditionin equation8 is satisfiedto ensureconvergence,
a very conservative choice would make the protocol
slow in increasingthe layersandhencelessefficient in
utilizing the bandwidth.

Sincelayeringstartsat . 	9> .0/ we have,

.G= > 2!]^2 @ �+a�]^2l_T�+am .0/ (10)

By definition, <�= > .B=IH � _n.B= andhencewe have,

< = > 2o]^2 @ �+a
S . / (11)

By simplesubstitution,we canshow that the inequal-
ity in Eq. 2 is satisfied.Also, since this schemewas
designedwith the worst casefor the inequalityin Eq. 3,
that condition is satisfiedas well, when two competing
flowsareatadjacentlayers.Theresultfor adjacentlayers
can then be easily extrapolatedfor non-adjacentlayers.
It canalsobe shown that whentwo flows operateat the
samelayer, the inequality in Eq. 3 is satisfied.

Choice of
Y

: The above presentedanalysisis hinged
on the stipulationthat after a window reductiondue to
packet drop, at most one layer is dropped.In order to
ensurethis,we have to choosetheparameter

Y
carefully.

The worst casefor this situationoccurswhen the flow
hasjust addedthe layer 2 andthewindow . > .G= @p

, whenthe packet drop occurs.In order to ensurethat
the flow doesnot go from layer 2 to ]^2k_ S a after the
packet drop, we needto ensurethatY .B=\Fb<�= � �

(12)

(Ignoringthereductiondueto
p

sincewe arecomputing
the worst casebehavior.) On simple substitution,this
yields,

Y F q2 @ � (13)

Thus,
Y

shouldbe chosensuchthat the above equation

is satisfied.We usea value of
Y > �r�s�t$ in this paper.

The reasonfor this choiceof
Y

is explainedin the next
section.

With thisdesignchoice,LTCPretainsAIMD behavior.
At eachlayer K, LTCP increasesthe window additively
by K, and when a packet drop occurs,the congestion
window is reducedmultiplicatively by a factorof

Y
.

A. Analysis

As explainedearlier, the primary goal for designing
the LTCP protocol is to be able to utilize available link
bandwidthaggressively in highspeednetworks. In this
sectionweprovidequantitativeanalysisfor timetakenby
an LTCP flow (in termsof RTTs) for claiming available
bandwidth,the throughputanalysisand the analysisto
show that with this design,LTCPcanpotentiallyreduce
the RTT unfairnessprobleminherentto TCP.

Time to claim bandwidth and Packet Recovery
time: Supposethemaximumwindow sizecorresponding
to theavailablethroughputis . = . Then,time to increase
the window to .G= can be obtainedas the sum of the
time to transition from layer 1 to 2, 2 to 3 and so on
until layer 2 . In other words, the time to increasethe
window to . = is -

�u]^< � a @ �u]^< 	 a @ �v�v�v� @ �u]^<�= � 	 a @ �w]^<�= � � a
where �u]^< = a is the time (in RTTs) for increasingthe
window from layer 2 to ]^2 @ �+a . Whentheflow operates
at layer 2 , to reachto the next layer, it hasto increase
the window by <�= and the rate of increaseis 2 per
RTT. Thus �u]^< = a is given by xzy= . Substitutingthis in
the above equationand doing the summationwe find
that the time to reacha window sizeof .G= is

�u]^< � a @ ]^2g_ S a�]^2 @ q a% .1/ (14)

Note that the above analysisassumesthat slowstart is
terminatedbeforelayeringstarts.

Table in Fig. 2 shows the number of layers corre-
spondingto the windowsize at layer transitions( .B= )
with . / > $�� . For a 2.4Gbpslink with an RTT of
150msand packet size of 1500 bytes,the window size
can grow to 30,000.The numberof layers requiredto
maintainfull link utilization is therefore2 > �t$ . Based
on this we choose

Y > �r�s�t$ (correspondingto 2 > �t{ ).
The table also shows the speedupin claiming band-

width comparedto TCP, for an LTCP flow with .1/ >$�� , with theassumptionthatslowstartis terminatedwhen
window = .0/ . This columngivesanideaof thenumber
of virtual TCP flows emulatedby an LTCP flow. For
instance,a flow thatevolvesto layer15, behavessimilar
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to establishing10 parallel flows at the beginning of the
connection.

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

An LTCP flow with window size . will reducethe
congestionwindow by

Y . . It thenstartsto increasethe
congestionwindow at the rateof atleast]^2�_��+a packets
per RTT (since we stipulatethat a packet drop results
in the reductionof atmostone layer). The packet loss
recovery time then,for LTCP is � W� = � ��� . In caseof TCP,
upona packet drop, the window is reducedby half, and
after thedroptherateof increaseis 1 perRTT. Thus,the
packet recovery time is .�3 S . The last columnof Table
in Fig.2 shows the speedup in packet recovery time for
LTCP with

Y > �r�s�t$ comparedto TCP. Basedon the
conservative estimatethat a layer reductionoccursafter
a packet drop, the speedup in the packet recovery time
of LTCPcomparedto TCP is a factorof q � q'q

Z ]^2�_G�+a .
Thr oughput Analysis: In order to understandthe

relationshipbetweenthroughputof anLTCPflow andthe
drop probability � of the link, we presentthe following
analysis.Fig. 3 shows the steadystatebehavior of the
congestionwindow of an LTCP flow with a uniform
lossprobability model.Supposethe numberof layersat
steadystateis 2 andthe link drop probability is � . Let. V V and . V representthecongestionwindow just before

andjustafterapacketdroprespectively. On apacket loss
thecongestionwindow is reducedby

Y . V V . Supposethe
flow operatesat layer 2 V after the packet drop. Then,
for eachRTT after the loss, the congestionwindow is
increasedat the rate of 20V until the window reaches
the value .\� � , when the next packet drop occurs.Since
we stipulatethat atmostone layer can be droppedafter
the window reductiondue to packet loss, 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 ��� , will be � W V V= V RTTs or � W V V= V

Z ���I�
seconds.The numberof packetssentbetweentwo suc-
cessive losses,say �w� , is givenby theareaof theshaded
region in Fig. 3. This canbe shown to be -

�w���
Y ]�. V V a 	
2 V ]
�I_

Y
S a (15)

Fig. 3. Analysisof SteadyStateBehavior

The throughputof such an LTCP flow can be com-
putedas ���/ � . That is,

� . > .\� �
���I� ]
�I_

Y
S a (16)

Thenumberof packetssentbetweentwo losses�u� is
nothingbut �� . By substitutingthis in Eq.15,andsolving
for . 	 we have,

. V V >
���� 2 VY ]
�9_ � 	 av�

(17)

Substitutingin Eq. 16 we have

� . >
� = V� ]
�I_ � 	 a���I��� � (18)

Again if we consider the example above of the
2.4Gbpslink with an RTT of 150msandpacket sizeof
1500bytes,the window sizecangrow to 30,000.From,
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Fig. 2 we see that this window size correspondsto a
layersizeof 2 > �t$ . Substitutingthis valuein theabove
equation,we noticethat for the 2.4Gbpslink mentioned
above with

Y > �r�s�t$ , LTCP offers an improvementof a
factorof about8 for theachievablethroughputcompared
to TCP.

Convergence:Theinequalityin theEq.3 of theLTCP
framework ensuresthat flows will converge asymptoti-
cally to a fair share,since a larger flow takes longer
time to recover lost throughputthana smallerflow. With
the currentdesign,we can show that this inequality is
held after a congestionevent irrespective of the layer
transitionsandhenceasymptoticconvergenceis ensured.

Alter nate Designs: In this sectionwe presentedone
possibledesignfor LTCPandprovidedtherelevantanal-
ysisto understandtheprotocolbehavior with this design.
This design has several desirableproperties such as
efficient scalingof the window in high speednetworks,
quick convergenceto fairnessin thepresenceof multiple
flows andalleviatedRTT fairnessproblem.However, we
would like to stressat this point that this is by no means
theonly possibleor thebestpossibledesignchoice.The
aim of this designwas to illustrate the effectivenessof
using a simple conceptlike layering in the context of
TCP congestioncontrol to improve efficiency without
sacrificing convergenceproperties.We are currently in
the processof evaluatingotherdesigns.For instanceby
addinglayersusing the simple rule .G= >�� .G= � � we
candesigna protocol that hasvery similar dynamicsas
TCP regarding window reductionand convergencebut
fasterincreasebehavior. We have omitted the detailsof
this designherebecausethewindow reductionsimilar to
TCPresultsin highly fluctuatingthroughput,which may
not be desirablein high speednetworks.Detailswill be
madeavailable in a technicalreport.

B. ImplementationDetails

The LTCP protocol requires simple sender-side
changesto the congestionwindow responsefunction
of TCP. For the chosendesign, it usestwo additional
parameters- .0/ and

Y
. In our implementation, .0/

and
Y

are set to 50 and 0.15 respectively. Additionally,
variables need to be used for saving the number of
layers ]^2�a and the windows correspondingto each
layer K ]�.G=�a . When a new connectionis established,
the protocol is startedwith 2 > � and the slowstart
algorithm of standardTCP. When slowstart is exited,
thenumberof layers 2 is obtainedbasedon the current
cwnd. If K = 1, LTCP behaves in all respectssimilar
to TCP. Otherwise(congestionwindow exceeds .0/ ),

the following changesare madeto the TCP congestion
responsefunction -

��� ]^8��P69��5�� a 
5¡6e8;: > 5¡6e8;: @ 243+57698;:��� ]^6 � 8;:£¢�6�]-a N > .G=IH � a2 @b@¤

��� ]¥�#��5t�r��¦ §¨¢'©ª©«a 
5¡6e8;: > 5¡6e8;: ]
�e_ Y a��� ]^6 � 8;:£¢�6�]-a¬F­.G=Ra2k_b_¤

The rest of the algorithms used in the traditional
implementationof TCP - for instancethe algorithmsfor
RTT calculations,SACK processing,timer management
etc, arenot modified.

V. RESULTS

To evaluatethe LTCP protocol,we conductedexper-
imentsbasedon both simulationson the ns-2simulator
andemulationson a Linux testbed.Thens-2simulations
help us evaluate the behavior of LTCP under diverse
network conditions.The emulations,on the other hand,
help us evaluatea real implementationof LTCP on the
Linux network stack. Third party evaluation of LTCP
in comparisonwith other advancedTCP stackssuchas
HighSpeedTCP [16], ScalableTCP [17], FAST TCP
[18], Bic-TCP [20] and H-TCP [21] and UDP based
schemeUDT [25] is currently underway at the SLAC
lab at Stanford.In this sectionwe focuson someof the
resultsof the simulationand the emulationscomparing
the performanceof LTCP to unmodifiedTCP.

A. ns-2Simulations

Fig. 4 shows the network topology usedin the simu-
lations.Thetopologyis a simpledumbbellnetwork. The
bottlenecklink bandwidthis set to 1 Gbpsunlessoth-
erwisespecified.The links that connectthe sendersand
the receiversto the routerhave a bandwidthof 2.4Gbps.
The end-to-endRTT is set to 70ms.The routershave
the default queuesizeof 6000 packets unlessspecified
otherwise.DropTail queuemanagementis usedat the
routers.The LTCP protocol is implementedby modify-
ing the TCP/Sack1agent.The unmodifiedTCP/Sack1
agentis usedfor TCP. The receiver advertisedwindow
is setto a large valueto ensurethat it doesnot interfere
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with the simulations.For the LTCPflows, the parameter.0/ is set to 50 packetsandthe parameter
Y

wasset to
0.15. The traffic constituteof FTP transferbetweenthe
sendersandreceivers.

Fig. 4. SimulationTopology

1) Comparisonof LTCPwith TCP: SinceLTCPuses
adaptive layering,it is capableof increasingits window
size to the optimal value much fasterthan TCP. Also,
when a packet loss occurs, the window reduction of
LTCP is not as drasticas TCP. As a result the window
adaptationof LTCP is much more efficient in utilizing
the link bandwidthin highspeednetworks.Fig. 5 shows
congestionwindow of LTCP in comparisonwith that
of TCP, when the network consistsof only one flow.
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 loss due to its
drasticwindow reduction(factor of 1/2) followed by a
conservative window increase(one per RTT). On the
other hand, in caseof LTCP, the window is reduced
by a factor of 0.15 andafter the window reduction,the
window is increasedat the rateof 2 per RTT, resulting
in a moreefficient window adaptationfunction.

The table in Fig. 6 shows the comparisonbetween
the long-term averagesteadystate link utilization and
averagepacket loss ratesbetweena TCP flow and an
LTCPflow for differentlink bandwidths.Thethroughput
is calculatedover a periodof 2000secondsaftertheflow
reachessteadystate.The buffersizeat the router is set
to the delayXbandwidthproduct.At large valuesof link
bandwidth,the link utilization by the TCP flow is close
to ®�$«¯ , wherasthe LTCP link utilization remiansclose
to { m ¯ . Since LTCP can operateclose to the optimal
valuemostof thetime andkeepthelink utilization high,
the congestionloss rateof the LTCP flow is larger than
thatof TCP, which owing to under-utilization of the link
seeslower congestionlosses.
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Fig. 5. ComparisonBetweenLTCP andTCP Windows

Fig. 6. Link Utilization andPacket LossRatefor LTCP andTCP

2) Dynamic Link Sharing: Both the macroscopic
and microscopiccontrol of LTCP protocol respondto
dynamic network conditions, to ensure that protocol
converges quickly to its fair share.In this experiment,
we evaluatehow LTCP flows respondto dynamically
changingtraffic conditions createdby multiplexing of
several flows starting and stopping at different time.
One LTCP flow is startedat time 0, and allowed to
reachsteadystate.A new LTCP flow is then addedat
150 secondsand lastsfor 1250 seconds.A third LTCP
flow is addedat 350 secondsand lastsfor 850 seconds.
Finally, the fourth flow startsthe transferat 550seconds
and sendsdata for 450 seconds.All theseflows share
the samebottelnecklink. Fig. 7 shows the throughput
of each flow. From the graph we see that, when a
new flow is startedand the available link bandwidthon
the bottlenecklink decreases,the existing LTCP flows
quickly give up bandwidthuntil all flows reachthe fair
utilization level. The per-flow link utilizations remain
stableat this valueuntil someof the flows stopsending
traffic. When that happens,the remainingLTCP flows
quickly rampup thecongestionwindow to reachthenew
fair sharinglevel, suchthat the link is fully utilized.

3) Interaction with TCP: In this section,we verify
the effect of LTCP on regular TCP flows. It must be
noted that the window responsefunction of LTCP is
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Fig. 7. DynamicLink Sharing

designedto be moreaggressive thanTCP in high speed
networks.So a singleflow of TCP cannotcompetewith
a single flow of LTCP and thus, for this simulation
we comparethe aggregatethroughputof ten TCP flows
to that of one LTCP flow at different link bandwidth.
Also, to verify that an establishedLTCP flow gives up
a shareof its bandwidthto TCP flows, we first start the
LTCP transferand let it run for 300 seconds,so that it
utilizes the link fully. At this point the TCP flows are
started.The throughputis calculatedfor the flows after
another300seconds.Fig.8shows theresults.As thelink
bandwidthincreases,TCPflows becomemoreinefficient
in utilizing the available bandwidth,and as such, the
percentageof the bandwidth used by TCP decreases.
But, the aggregate throughputof TCP flows increases
with higher link capacity, showing that inspite of the
aggressive nature of LTCP congestioncontrol, it still
gives up a shareof the bandwidth to competingTCP
flows. For instance,on the 500Mbpslink, the aggregate
throughputof the TCP flows is 101.25Mbpsbut on the
1Gbpslink it is 185.64Mbps.

Fig. 8. Interactionof LTCP with TCP

B. EmulationResults

We have implementedLTCP in the network stack
of the Linux 2.4.24 kernel. The network stack in the
2.4.x kernel is quite sophisticatedand supportsseveral
standardsfrom theRFCsaswell asfeaturesbeyondthose
publishedin RFCsor IETF Drafts [33] aimedto provide
good network performance.The LTCP modifications
changeonly the congestionresponsebehavior as dis-
cussedin sectionIV-B - no othercodeoptimizationsare
madebeyond thosepresentint he Linux 2.4.24network
stack.Furtherwork for improving theperformanceof the
network stackby reducingthecostof SACK processing,
modifications to the burst moderation algorithm etc,
are currently underway in the Linux community. We
expect that LTCP will see some performancebenefits
dueto theseoptimizationsaswell, sinceit usesthesame
implementationastheTCP-SACK for all purposesother
than the congestionwindow modifications.

Our testbedconsistsof two off-the shelfDell Optiplex
GX260 workstationswith Pentium 4 3.06GHz CPU,
512MB of RAM, Intel PRO/1000 MT gigabit NICs
on to a 33MHz/32bit PCI bus. The two computersare
connectedusing a copper Cat 6 cable. The 33MHz
PCI bus limits the achievablethroughputto around750
Mbps. Settingoneof thesemachinesasa router further
reducesthe achievablethroughputasboth the incoming
and outgoing traffic share the same PCI bus. Thus,
insteadof using NistNET or Dummynetfor emulating
LAN environments,we chose to use a packet delay
schedulerpatchmadeavailableon theLinux mailing list
(by StephenHemminger).This patchmodifiesthe FIFO
queuesuch that every packet queuedis delayedfor a
fixed amount.This allows us to use the link between
the two machinesto emulatelinks of different RTTs.
The machineconfiguredas the senderusedthe 2.4.24
kernel with the LTCP patch. The machineconfigured
as the receiver used the 2.4.26-rc1 kernel with the
packet delay schedulerpatch. iperf [34] was used for
generatingtraffic. We increasedthe socket buffers to
allow maximumlink utilization. The txqueuelenfor the
NIC was set to the default value of 1000.The backlog
queuewasmodified to have a sizeof 1000.

In all experimentswe show resultsfor threertt values
- 25ms, 70msand 150ms- which are representative
of links acrosscloseby cities, acrossthe country and
transatlanticlinks. Thesevaluesarechosenbasedon the
pingERmeasurementhistory tablesat SLAC [32].

1) Basic PerformanceTests: In this experiment,we
comparethe performanceof vanilla TCP with that of
LTCP at different RTTs. The socket buffer size at both
the senderand receiver is set to 32MB to ensurethat
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a single flow can utilize all the available bandwidth.
Theexperimentis run for 15 minutes(900 seconds)and
is repeatedfour times. The table in Fig.10 shows the
averageand standarddeviation of the numberof bytes
transferredand the sustainedtransferrate. At low rtts,
both the TCP andLTCP flows manageto keepthe link
almost fully utilized and transfer about 75 GBytes of
data.As the rtt increases,TCP takes longer to recover
from packet lossesand its performancestartsto deteri-
orate.For an rtt of 150ms,which is comparableto that
of thetransatlanticlinks, theperformancedeteriorationis
significantandin 900seconds,theTCPflow managesto
transferonly about17GBytes.In contrast,asingleLTCP
flow transfersan averageof about49 GBytes,almosta
factor of 3 improvement.Also, the deteriorationin link
uilitzation as the RTT is increasedis more graceful in
the caseof LTCP comparedto that of TCP.

Fig. 9. BasicPerformanceTest

2) FairnessAmongMultiple Flows: In order to eval-
uatethe inter-protocol fairnessamongmultiple flows of
LTCP we repeatedthe experimentabove with multiple
flows startingat the sametime and calculatedthe Jain
Fairness Index [31]. Fig. 11 shows the results. The
Jain FairnessIndex for LTCP is high acrossdifferent
RTTs anddifferentnumberof flows. Also, the standard
deviation in the per-flow throughputof the LTCP flow
is fairly low. This indicatesthat multiple flows of LTCP
protocolsharetheavailablebandwidthequitably. Results
for TCP are includedto aid the comparison.

Fig. 10. FairnessAmong Multiple Flows

3) Interaction of LTCP with UDP-basedTraffic: In
order to evaluatehow LTCP respondsto the presence
of dynamically changingtraffic that does not respond
to congestion,we conductedthe following experiment.
In this experiment, an iperf stream of UDP sending
at 350Mbps(about half the available link capacity)at
intervals of 5 minuteswas usedas the sourceof non-
responsive on-off traffic. UDP traffic consumesa lot of
resourceson the machines.In order to offset this, the
txqueuelenand the backlogqueuewere set to 5000 in
this experiment.Fig. 12 shows the results. It is clear
from the graphs,that when the UDP streamis sending
packets,theLTCPsourcereducesits congestionwindow
sothatthelink is sharedbetweentheLTCPandtheUDP
traffic. WhentheUDP source,stopssendingpackets,the
LTCPflow increasesits sendingratecloseto thefull link
capacity. We verified this at different RTTs, but have
includedthe resultsherefor the mediumRTT case.
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Fig. 11. Interactionof LTCP with non-responsive Traffic

VI. CONCLUSIONS AND FUTURE WORK

In this paper we have proposedLTCP, a layered
approachfor modifying TCPfor high-speedlinks. LTCP
employs two dimensionalcontrol for adaptingto avail-
ablebandwidth.At themacroscopiclevel, LTCPusesthe
conceptof layering to increasethe congestionwindow
whencongestionis not observedoveranextendedperiod
of time. Within a layer 2 , LTCP usesmodifiedadditive
increase(by 2 per RTT) andremainsack-clocked.The
layeredarchitectureprovides flexibility in choosingthe
sizes of the layers for achieving different goals. This
paperexploredonedesignoption. With this design,the
window reductionon a packet loss is multiplicative.

We have shown through analysis, simulations and
emulationsthat a singleLTCP flow can adaptto nearly
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fully utilizing the link bandwidth. Other significant
featuresof the chosendesign are - (a) it provides a
significantspeedupin claimingbandwidthandin packet
lossrecovery times(b) multiple flows sharetheavailable
link capacityequitably(c) it could potentially alleviate
the RTT unfairnessinherentto TCP (d) requiressimple
modificationsto TCP’s congestionresponsemechanisms
and is controlledonly by two simple parameters- .0/
and

Y
.

As part of our future work, we plan to compare
the performanceof LTCP with the currentdesignwith
otherhigh speedTCPstacksandexperimentwith further
benefitsto be reapedby proposedkernel optimizations.
Comparativethird partyevaluationof LTCPagainstother
proposalsis currentlyunderway at SLAC, Stanford.

Our design is hinged on an early decision to use
multiplicativedecrease,andon thestipulationthatatmost
onelayer is droppedaftera congestionevent.A number
of other possibilitiesexist for alternatedesignsof the
generalLTCPapproach.We planto pursuetheseoptions
in future.
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