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Abstract—In this paper, we proposeLayered TCP (LTCP for
short), a simple layering technique for the congestionwindow
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 improving the
efficiency, without sacrificing the corvergenceproperties of TCP.
We assessthe RTT unfairness with the chosen design and
show that by using a simple RTT compensation factor, the
RTT unfairness can be assured to be no worse than that of
unmodified TCP. Evaluation of the specifieddesignis basedon
analysesand ns-2 based simulations. We show that LTCP has
promising corvergenceproperties,is about an order of magnitude
faster than TCP in utilizing high bandwidth links, employs few
parameters and is easyto understand. The choice of parameters
can be influenced to reducethe RTT unfairness,compared to
TCP or other highspeedsolutions. The flexible framework opens
a whole class of design options for improving the performance
of TCP in highspeednetworks.

|. INTRODUCTION

The everincreasingavailability of network bandwidthand
the deployment of these high-speedlinks for high-delay
transatlanticcommunicationhave poseda seriouschallenge
for the AIMD algorithmsusedfor congestioncontrolin TCP
Over the past few years, several solutions have been put
forth for solving the problem.Thesesolutioncanbe classified
into four main categories - a) Tuning the network stackb)
Openingparallel TCP connectionsbetweenthe end hostsc)
Modificationsto the TCP congestiorcontrol d) Modifications
to the network infrastructureor use of non-TCP transport
protocol.

The traditionalsolutionto improve the performanceof TCP
on high-capacitynetworks hasbeento tune someof the TCP
parameters[2], [3], [4] and [5] are someof the examples.
Tuning the stackimprovesthe performancesignificantly and
is bestusedin conjunctionwith the othersolutionsmentioned
below.

Significant researcheffort has focussedon using network
striping for mitigatingthe problem.Irrespectve of whetherthe
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applicationopensparallel connectiong[6], [7], [8], [9], [10])
or the TCPflow beharesasa collectionof severalvirtual flows
([21], [12], [13]), the problemof choosingthe optimalnumber
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 highspeecetworks hasbeento modify the
congestionresponsefunction of TCP itself. HighSpeedTCP
[14], ScalableTCP [15], FAST TCP [16], Bic-TCP [17] and
H-TCP [18] are someof the examplesin this area.

Several other schemeghat go beyond modificationsonly
to TCP and use either UDP or rely on support from the
network infrastructure have also been proposed.XCP[19],
Tsunami[2Q, RBUDP[21], SABUL/UDT [22] and GTP[23
are someof the examples.

In this paper we proposethe LayeredTCP schemewhich
modifies the congestionresponsefunction of TCP at the
senderside and requiresno additional supportfrom the net-
work infrastructureor the recevers. We focus on improving
the TCP performanceon high-bandwidthlinks and provide
a simple extensionfor controlling the unfairnesswhen flows
with different RTTs are multiplexed 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 dynamic net-
work conditions Layering schemedor probing the available
bandwidthhave beenstudiedearlierin the context of multicast
andvideotransfer for example[24], [25]. LTCP, in contrastto
this earlierbody of work, useslayeringwithin the congestion
contol algorithm of TCP with peradk window adaptation
to provide efficient bandwidth probing in high bandwidth
links andcompensatiomechanisnfor controllingthefairness
betweenflows with differentRTTs.

The restof the paperis organisedasfollows - In Sectionll
we provide the general frameavork for the LTCP scheme.
Sectionlll discusse®ne possibledesignchoiceand presents
analysespertaining to it. Resultsof the evaluation of the
chosendesignusingns-2 simulationsare presentedn Section
I\VV. We concludethe paperin Section V by summarisingour
experiencesand taking a look at the future work.

Il. LAYERED TCP: THE FRAMEWORK

The congestionwindow responseof the LTCP protocolis
definedin two dimensions- (a) At the macroscopiclevel,



LTCP usesthe conceptof layering. If congestionis not
obsened over a period of time, then number of layers is
increased(b) At the microscopiclevel, it extendsthe existing
AIMD algorithmsof TCP to determinethe perack behaior.

When operatingat a higherlayer, a flow increasests conges-
tion window fasterthanwhenoperatingat alower 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 constraintsia) the LTCP flows
shouldbe fair to eachotherwhenthey have sameRTT (b) the
unfairnessof LTCP flows with different RTTs should be no
worsethanthe unfairnesshetweerunmodifiedTCP flows with
similar RTTs (c) the LTCP flows shouldbe fair to TCP flows
when the window is below a predefinedthresholdWz. The
thresholdWr definesthe regime in which LTCP is friendly
to standardimplementationsof TCRP. We choosea value of
50 paclets for Wr. 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 belov a predefinedwindow threshold,
while allowing moreaggressie behaior beyondthethreshold
have beenput forth in [14], [15] aswell.

All new LTCP connectionsstartwith onelayer andbehae
in all respectsthe sameas TCRP The congestionwindow
responseas modified only if the congestiorwindow increases
beyond the thresholdWr. Justlike the standardimplemen-
tations of TCR, the LTCP protocol is ack-clocled and the
congestionwindow of an LTCP flow changeswith eachin-
comingack. However, an LTCP flow increaseghe congestion
window more aggressiely than the standardimplementation
of TCP dependingon the layer at which it is operating.
When operatingat layer K, the LTCP protocol increaseghe
congestionwindow as if it were emulating K virtual flows.
That is, the congestionwindow is increasedby K/cwnd for
eachincoming ack, or equialently; it is increasedby K on
the successfukeceiptof one window of acknavledgements.
This is similar to the increasebehaiour exploredin [11].

Layers, on the other hand, are addedif congestionis not
obsenedover anextendedperiodof time. To do this, a simple
layering schemeds used.Supposegachlayer K is associated
with a step-sizedx. When the current congestionwindow
exceedsthe window correspondingo the last addition of a
layer (W) by the step-sizedk, a new layeris added.Thus,

Wl = 0’ W2 = Wl + 51) (1)

and the numberof layers= K, whenWg < W < Wky;1.
Figure 1 shaws this graphically The stepsize §x associated
with the layer K should be chosensuch that corvergence
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 K; (with a larger
window) comparedto the laterstarting flow operatingat a
smallerlayer K, (with the smallerwindow). In the absence
of network congestionthe first flow increaseghe congestion
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Fig. 1. GraphicalPerspectie of Layersin LTCP

window by K; paclets per RTT, whereasthe secondflow
increasedy K, packetsper RTT. In orderto ensurethat the
first flow doesnot continueto increaseat a ratefasterthanthe
secondlow, it is essentiathatthefirst flow addslayersslower
than the secondflow. Thus, if dx, is the stepsizeassociated
with layer K; anddk, is the stepsizeassociatedvith layer
K>, then

0k, _ Ok,
K, K
when K; > K, for all valuesof K;, Ky > 2.
Thedesignof thedecreaséehaior is guidedby the follow-
ing reasoning in orderfor two flows with sameRTT, starting
at different times to corverge, the time taken by the larger
flow to regain the bandwidthit gave up after a congestion
event should be larger than the recovery time of the smaller
flow. Supposeahetwo flows areoperatingatlayersK; and K,
(K1 > K»), andWR; andW R, is the window reductionof
eachflow upona paclet loss. After the paclet drop, suppose
the flows operateat IayersKi andK; respectiely. Then,the
flows take ¥11 and %2 RTTs respectiely to regainthe lost

bandwidth.From the above reasoningthis givesus -

WR, _ WRy
, ; 3
K K ©)

The window reduction can be chosenproportionalto the
currentwindow size or be basedon the layer at which the
flow operateslf the latteris chosenthencaremustbe taken
to ensurecorvergencewhen two flows operateat the same
layer but at differentwindow sizes.

This frameawork provides a simple, yet scalabledesignfor
the congestionresponsefunction of TCP for the congestion
avoidancephasein highspeedetworks. The congestionwin-
dow responsein slow start is not modified, allowing the
architectureto evolve with experimentalslowstart algorithms
suchas [27]. At the end of slowstart the number of layers
to operateat can easily be determinedbasedon the window
size. The key factor for the framework is to determinean
appropriaterelationshipgfor the stepsize §;, (or equivalently,
the window size W, at which the layer transitionsoccur) and
the window reductionthat satisfy the conditionsin Equations
2 and3.

)




I1l1. A DESIGN CHOICE

Several different designoptions are possiblefor choosing
the appropriaterelationshipfor the stepsized andthe window
reductionW R. In this section,we presenbnepossibledesign.
We supportthis designwith extensive analysisto understand
the protocol behaior.

For our design,we first choosethe decreasdehaior. Since
we wantto keepthe designascloseto thatof TCP aspossible,
we choosea multiplicative decreaseHowever, the window
reductionis basedon a factor of g suchthat-

WR=8+W 4)

Basedon this choicefor the decreasédehaior we determine
the appropriateincreasebehaior suchthat the conditionsin
Equation2 andEquation3 aresatisfied.To provide anintuition
for choiceof theincreasébehaior, we startby consideringeq.
3. Also, in orderto allow smoothlayertransitionswe stipulate
thatafter a window reductiondueto a pacletloss,atmostone
layer can be droppedi.e., a flow operatingat layer K before
the paclet lossshouldoperateat layer K or (K — 1) afterthe
window reduction.Basedon this stipulation, there are four
possiblecases- (1) K; = K, K, = K», (2) K; = (K —
1),K; = K;, (3) Ky = K1, K, = (K> — 1), and(4) K, =
(K1 — 1), K, = (K, — 1). It is mostdifficult to maintainthe
convergencepropertieswhenthelargerflow doesnotreducea
layer but the smallerflow does,ie, K; = K1, K, = (K2 —1).
With this worst casesituation,Eq. 3 canbe written as-
WR; W R;

K (K —1) ®)
If this inequality is maintainedfor adjacentlayers, we can
shav by simple extension,that it can be maintainedfor all

otherlayers.So considerK; = K, K> = (K — 1). Then, the
above inequality is

W Ry W R,
K K-2

Supposethe window for flow 1 is W' whenthe paclet loss
occursandthe window of flow 2 is W' then,substitutingEq.
4 in the above equation,we have,

W ! K n
K—2W

In orderfor the worstcasebehavior (K; = K, K, = (K —2))
to occur, the window W' could be closeto the transitionto
the layer (K + 1) and the window W" could have recently
transitionednto layer (K —1). In orderto getthe estimateof
the worstcasewe substitutethesevaluesin the above equation
to get-

(6)

Wk > mWK—l (7)

Basedon this, we consenratively choosethe increasebehavior
to be K41

WK = mWK—l (8)

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

ensuring corvergence betweenmultiple flows with similar
RTT sharingthe samelink. While it is essentiato choosethe
relationshipbetweenWy and Wk _; suchthat the condition
in equation? is satisfiedto ensurecorvergence,a very con-
senative choicewould make the protocol slow in increasing
the layersand hencelessefficient in utilizing the bandwidth.

With this choice, since layering startsat Wo = W, we

have - K(K +1)(K —1)
Wk = 6 Wr )
By definition, g = Wk4+1 — Wk andhencewe have,
K(K+1
Sx = %WT (10)

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

A. Choiceof g

The above analysisis hinged on the stipulation that after
a window reductiondue to paclket drop, at most one layer
is dropped.In order to ensurethis, we have to choosethe
parameter3 appropriately The worst casefor this situation
occurswhen the flow has just addedthe layer K and the
window W = Wk + A, when the paclet drop occurs. In
order to ensurethat the flow doesnot go from layer K to
(K — 2) afterthe paclet drop, we needto ensurethat

BWk < dKk-1 (11)
On simple substitution this yields,
3
F<®ti (12)

Thus, 8 should be chosensuch that the above equationis
satisfied We useavalueof g = 0.15 in this paper Thereason
for this choiceof g is explainedin the next section.

With this designchoice,LTCP retainsAIMD behavior. At
eachlayerK, LTCPincreaseshewindow additively by K, and
whena paclet drop occurs,the congestiorwindow is reduced
multiplicatively by a factorof 3.

B. Analysis

As explained earlier, the primary goal for designingthe
LTCP protocolis to be ableto utilize availablelink bandwidth
aggressiely in highspeedetworks. In this sectionwe provide
somequantitatve analysisfor the chosendesign.

1) Time to claim bandwidthand Padket Recwery time:
Supposethe maximum window size correspondingto the
available throughputis Wk . Then,time to increasethe win-
dow to W, in the absenceof congestioncanbe obtainedas
the sumof the time to transitionfrom layer 1 to 2, 2 to 3 and
so on until layer K. In otherwords, the time to increasethe
window to Wk is -

T(61)+T(62) + ... + T(6g—2) + T (k1)



whereT'(§k) is thetime (in RTTs) for increasinghe window
from layer K to (K + 1). When the flow operatesat layer
K, to reachto the next layer, it hasto increasethe window
by 6, andtherateof increaseis K perRTT. ThusT (6k) is
givenby ‘%K RTTs. Substitutingthis in the above equationand
doing the summatiorwe find that the time to reacha window
sizeof Wk is

(K —2)(K +3)
4

Note that the above analysisassumeghat slowstartis termi-
natedbeforelayering starts.

T(61) + Wr (13)

Tablein Fig. 2 shavs the numberof layers corresponding

to the windowsize at layer transitions(Wg) with Wr = 50.
For a 2.4Gbpslink with an RTT of 150msand paclet size
of 1500 bytes, the window size can grow to 30,000. The
numberof layersrequiredto maintainfull link utilization in
this caseis atleastK = 15. Basedon this we choose8 = 0.15
(correspondingo K = 19).

The table also shavs the speedupin claiming bandwidth
comparedo TCR for an LTCP flow with Wz = 50, with the
assumptiorthat slowstartis terminatedwhenwindow = Wr-.
This columngivesanideaof the numberof virtual TCP flows
emulatedby an LTCP flow. For instancea flow that evolves
to layer 15, behares similar to establishingl0 parallel flows
at the beginning of the connection.

Speedup in  |Speedup in
K Wk Claiming Packet Loss

Bandwidth |Recovery Time

1 0 - -
2 50 1.00 1.00
3 200 2.00 6.67
4 500 2.57 10.00
5 1000 3.17 13.33
6 1750 3.78 16.67
7 2800 4.40 20.00
8 4200 5.03 23.33
9 6000 5.67 26.67
10 8250 6.31 30.00
11 11000 6.95 33.33
12 14300 7.60 36.67
13 18200 8.25 40.00
14 22750 8.90 43.33
15 28000 9.56 46.67
16 34000 10.21 50.00
17 40800 10.87 53.33
18 48450 11.52 56.67
19 57000 12.18 60.00
20 66500 12.84 63.33

Fig. 2. Comparisonof LTCP (with W = 50 and 3 = 0.15)to TCP

An LTCPflow with window sizeW will reducethe conges-
tion window by SW. It thenstartsto increasethe congestion
window attherateof atleast{ K —1) packetsperRTT (sincewe
stipulatethat a paclet drop resultsin the reductionof atmost
onelayer). The upperboundon the paclet lossrecovery time
for LTCPthen,is %. In caseof TCPR upona pacletdrop,
the window is reducedby half, and after the drop the rate
of increaseis 1 per RTT. Thus, the paclet recovery time is
W/2. The last column of Tablein Fig.2 shavs the speedup
in pacletrecovery time for LTCP with 8 = 0.15 comparedo
TCR Basedon the conserative estimatethata layerreduction
occursaftera paclet drop,the speedup in the pacletrecovery

time of LTCP comparedo TCPis a factorof 3.33 x (K — 1).

2) ThroughputAnalysis: In order to understandhe rela-
tionship betweenthroughputof an LTCP flow and the drop
probability p of the link, we presentthe following analysis.
Fig. 3 shavs the steady state behaior of the congestion
window of an LTCP flow with a uniform loss probability
model. Supposethe number of layers at steadystateis K
andthe link drop probabilityis p. Let W' and W' represent
the congestionwindow just before and just after a paclet
drop respectiely. On a paclet loss the congestionwindow
is reducedby AW . Supposethe flow operatesat layer K’
after the paclet drop. Then, for eachRTT after the loss, the
congestionwindow is increasedat the rate of K until the
window reachesthe value W", when the next paclet drop
occurs.The window behaior of the LTCP flow, in general,
will look like Fig. 3 at steadystate.

With this model, the time betweentwo successie losses,

say Tp, will be &7~ RTTs or £2- x RTT secondsThe
numberof paclets sent betweentwo successie losses,say
Np, is given by the areaof the shadedregion in Fig. 3. This

canbe shown to be -

(14)

cwnd

w”
Wk =

Pkt drop Pkt drop

[

time

Fig. 3. Analysisof SteadyStateBehavior

The throughputof suchan LTCP flow canbe computedas
2o Thatis,
D WII /3
RTT(1 2)
The number of paclets sent betweentwo lossesNp is
nothing but %. By substitutingthis in Eq. 14, and solving

for W we have,

BW = (15)

n — K ﬂ (16)
B(1—3)p
Substitutingin Eq. 15 we have
K'(1_ 8)
F1-5
BW=+Y—_— " 17
W RTT./p (17

Again if we considerthe example above of the 2.4Gbps
link with an RTT of 150msand paclet size of 1500 bytes,
the window size can grow to 30,000.From, Fig. 2 we see



that this window size correspondgo a layersizeof K = 15.
Substitutingthis value in the above equation,we notice that
for the 2.4Gbpslink mentionedabove with 5 = 0.15, LTCP
offersanimprovementof afactorof about8 for the achiezable
single-flov throughputcomparedo 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
randomlossmodelthe probability of the packetloss is given
by -

A(w, RTT)

A(w, RTT) + B(w, RTT)

where A(w, RTT) and B(w, RTT) arethe window increase
and decreasdunctionsrespectiely.

For LTCP A(w, RTT) = K/w and B(w, RTT) = SW.
Substitutingthesevaluesin the above equationand approxi-
mating K o« W'/3, we can calculatethe lossrate \ as-

1
)\ocis/3
1+ B8Ws"7)

where W, is the statisticalequilibrium window.

It is clear from the above equationthat 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
transmissiorrater, andis givenby W,/ RTT.

The loss probability for TCP with similar assumptionds
given by:

A (18)

(19)

1
(1+0.5W,)

The equilibriumwindow sizeof the TCPflow doesnotdepend
on the RTT either Therefore,for random lossesthe RTT
dependencef window of anLTCPflow is sameasTCP. Thus
LTCP haswindow-orientedfairnesssimilar to TCP and will
not performworsethan TCP in caseof randomlosses.

Becauseof the natureof currentdeploymentof high band-
width networks, it is likely that the degree of multiplexing
will be smallandassuch,anassumptiorof synchronizedoss
modelmaybe moreappropriateSowe presenherethedetails
of the analysiswith the synchronisedoss modelas well.

Following a similar analysisn [17], for synchronizedosses,
supposethe time betweentwo dropsis ¢. For a flow 7 with
roundtrip time RT'T; and probability of loss p;, the average
window sizeis

Ao (20)

1

= 7 = .
RTT; tpz

Wi (21)

sincethe flow will sendX paclets betweentwo consecutie
drop eventsandthe numberof RTTs betweerthe two consec-
utive loss events gz

From Eq. 17, we have the bandwidthof an LTCP flow to
be
_ Wi _WFa-9)
 RTT;  RTT.\/p;

BW

!

1 B

= p; = Vf where C = B(l - 5) (22)

By substitutingthe above in Eq. 21 andsimplifying we get,
tK;C

Wi = g, 3)

FromEq. 9 we seethatthe numberof layersK is relatedto
the window size W basedon the relationshipK o W 3. By
substitutingthis relationshipin the above equationwe have,

tC .3
)2
RTT;

Whenthe RTT unfairnesds definedasthe throughputratio
of two flows in termsof their RTT ratios,the RTT unfairness
for LTCPis -

W; o ( (24)

(rrig(1=p) _ mth Eys (o5
(mray(1—p2)  gp%  RIT

(sincep << 1).

Thisis slightly worsethanthe RTT unfairnesof unmodified
TCP shawn to be proportionalto (£732)? in [17].

In caseof LTCP, aflow with largerwindow sizeoperatesta
higherlayer andincreaseshe window at the rate correspond-
ing to that layer Therefore,it is relatively more aggressie
than a flow with a smallerwindow size which operatesat a
lower layer and henceincreaseghe window at a lower rate.
This, coupledwith thedifferencen RTTs couldmakethe RTT
unfairnessof LTCP worsethanthat of TCR. Whenthe losses
are random, the larger flow experiencesmore paclet drops
thanthe smallerflow. The resultingdifferencein the number
of losseventsreducesthe effect of RTT unfairnessof LTCR
However, with synchronoudoss model, when equalnumber
of loss events may be obsened by different flows, the RTT
unfairnesscould be worsethanthat of TCP.

In orderto compensatdor this dependencef aggressie-
nesson RTT, we introducethe RTT compensatiordactor K
and modify the perack behaior such that, an LTCP flow
at layer K will increasethe congestionwindow at the rate
of Kr x K for the successfulreceipt of one window of
acknavledgementsThe RTT compensatiorfactor is set to
1 for the baseRTT of 10ms.For larger RTTs, Kg is made
proportionalto the ratio RTT/(base_RTT'). This uniformly
scalesup the rate at which the higher RTT flow increaseits
window. Sincethe RTT compensatiorfactor Kg is constant
for a given RTT and multiplicative in nature,it doesnot alter
the analysesin the earlier discussionfor flows with same
RTT. However, thethroughputequationfor LTCP andthe RTT
unfairnesscan now be re-writtenas -

BW — VK;xKpg, *C

RTT;\/pi
1141
RTT> s Kg, .3
RTT, 2.5 KR, 2
o ( )2 )2 (26)
T *'RIT,’ ‘K,

The above equationshows that by choosingKg appropri-
ately, the RTT unfairnessof LTCP flows can be controlled.
For instance,choosing Kr RTT3, the RTT unfairness



of the LTCP protocol will be similar to the AIMD scheme
usedin TCPR. By choosingKr « RTT, the effect of RTT on
the schemecanbe entirely eliminatedandthe LTCP protocol
behaeslike a ratecontrolledscheméandependentf the RTT.
By choosinganintermediatevaluesuchas, Kz RTT?, we
canreducethe RTT unfairnessof LTCPin comparisorto TCP

In general supposeve choose K i proportionalto RT'T<,
wherea is a constantAfter a window reductionWR, suppose
a flow operatesat layer K'. When RTT compensationis
usedit takes &, RTTs or WEEILsecsto regain the
lost bandwidth.gupposetwo flows with different RTTs are
competingfor the available bandwidth, Equations3 can be
re-writtenas

WZRl*.RTOH W[RQ*JRTTE
1(R1*.Kq 1(R2*.K;
Substitutinghevalueof WR andfurthersolvingit, we have,
(RTTl (K' +1)
RTT, K’
= (a—1) <log(l+

)a—l

1
K’) =>a<=1
The above equationhasbeenderived by assuminga worst
caseRTT ratio of 10 while takingthelogarithmandis specific
to thedesignchoicementionedat the beginning of this section.
An alternatedesignchoicecangive a differentdependencef
Kgr on RTT. In orderto ensurethat the flows do not become
aggressie asqueueshuild up, we make K'r is dependenonly
on the propagationdelay of the link. In our experimentswe
usethe lowest measuredRTT samplefor choosingthe value
OfI(R.

(27)

C. AlternateDesigns:

In this sectionwe presentedne possibledesignfor LTCP
and provided the relevant analysisto understandhe protocol
behaior with this design.This is by no meansthe only 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 sacrificingcorvergenceproperties.
We are currently in the processof evaluating other designs.
Detailswill be madeavailablein a technicalreport.

IV. RESULTS

To evaluatethe LTCP protocol, we conductedexperiments
on the ns-2 simulator In this sectionwe presentsome of
the results. Fig. 4 shows the network topology used. The
topology is a simple dumbbellnetwork. The bottlenecklink
bandwidthis setto 1 Gbpsunlessotherwisespecified.The
links that connectthe sendersand the receversto the router
have a bandwidth of 2.4Gbps.The end-to-endRTT is set
to 70ms, unlessmentionedotherwise. The routers have the
default queuesizeof 6000 paclets unlessspecifiedotherwise.
DropTail queue managementis used at the routers. The
LTCP protocolis implementedby modifying the TCP/Sackl
agent.The unmodifiedTCP/Sacklagentis usedfor TCP. The
receveradwertisedwindow is setto alargevalueto ensurethat

it doesnot interferewith the simulations.For the LTCP flows,

the parameter is setto 50 paclets and the parameterg

wassetto 0.15. Thetraffic constituteof FTP transferbetween
the sendersandrecevers.

Fig. 4. SimulationTopology

1) Comparisonof LTCP with TCP: Since LTCP uses
adaptve layering,it is capableof increasingts window sizeto
the optimal value muchfasterthan TCP. Also, whena paclet
lossoccurs,the window reductionof LTCPis not asdrasticas
TCR As aresultthewindow adaptatiorof LTCPis muchmore
efficientin utilizing thelink bandwidthin highspeedetworks.
Fig. 5 shawvs congestiorwindow of LTCP in comparisorwith
that of TCP, whenthe network consistsof only one flow. As
seenfrom the figure, the congestiorwindow of the TCP flow
takes over 600 secondsmore than that of an LTCP flow to
recover from a pacletlossdueto its drasticwindow reduction
(factor of 1/2) followed by a conserative window increase
(one per RTT). The table in Fig. 6 shovs the comparison
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Fig. 5. ComparisorBetweenLTCP and TCP Windows

betweenthe long-term average steady state link utilization
and averagepaclet loss rates betweena TCP flow and an
LTCP flow for differentlink bandwidths.The throughputis
calculatedover a periodof 2000secondsftertheflow reaches
steadystate. The buffersize at the router is setto the delay-
bandwidthproduct.At large valuesof link bandwidth the link
utilization by the TCPflow is closeto 75% , whereaghe LTCP
link utilization remianscloseto 96%. SinceLTCP canoperate
closeto the optimal value mostof the time and keepthe link
utilization high, the congestionloss rate of the LTCP flow is



larger than that of TCR, which owing to underutilization of N‘;- Avg. per-flow | Min. per-flow | Max. per-flow FJ‘?‘i“'S
the link seeslower COngStiOI’iOSSGS. Fl?)ws Throughput(Mbps) | Throughput(Mbps) | Throughput(Mbps) ;lrllrdrz(ss
2 480.77 480.72 480.82 1.000
TCP LTCP 4 240.38 240.33 240.42 1.000
Link Avg. Steady State | Packet | Avg. Steady State | Packet 6 160.26 160.16 160.36 1.000
Bandwidth | Link Utilization |Loss Rate| Link Utilization | Loss Rate 8 120.19 115.72 138.86 0.996
(Mbps) (%) (Mbps) (%) 10 96.15 96.14 96.18 1.000
10Mb 9.34| 1.41E-02 9.62( 1.33E-01
100Mb 96.15] 2.08E-05 9615] L126-03|  Fig.8. FaimessAmong LTCP Flows
1Gb 866.75| 2.33E-06 961.54| 4.49E-04
2.4Gb 1864.80 * 2307.69| 2.01E-04

(* very low, could not be measured)

Fig. 6. Link Utilization and Paclet Loss Ratefor LTCP and TCP

2) DynamicLink Sharing: In this experiment,we evaluate
how LTCP flows respondto dynamically changing traffic
conditions createdby multiplexing of several flows starting
and stoppingat differenttimes. One LTCP flow is startedat
time 0, andallowedto reachsteadystate A new LTCP flow is
thenaddedat 150 secondsandlastsfor 1250secondsA third

LTCP flow is addedat 350 secondsandlastsfor 850 seconds.

Finally, the fourth flow startsthe transferat 550 secondsand
sendsdatafor 450 secondsAll theseflows sharethe same
bottlenecklink. Fig. 7 shavs the throughputof each flow.

Fromthe graphwe seethat,whenanew flow is startedandthe
availablelink bandwidthon the bottlenecklink decreaseshe
existing LTCP flows quickly give up bandwidthuntil all flows
reachthe fair utilization level. The perflow link utilizations
remainstableat this valueuntil someof theflows stopsending
traffic. Whenthat happensthe remainingLTCP flows quickly

ramp up the congestiorwindow to reachthe new fair sharing
level, suchthatthe 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 are startedat the sametime
andthe averageperflow bandwidthof eachflow is noted.The
tablein Fig 8 shawvs that whenthe numberof flows is varied,
the maximumand the minimum perflow throughputsremain
closeto the average,indicating that the perflow throughput
of eachflow is closeto the fair proportionalshare.This is
verified by calculatingthe Fairnessindex proposeddy Jainet.
al., in [28]. The Fairnesdndex beingcloseto 1 shavs thatthe
LTCP flows sharethe available network bandwidthequitably

4) Interactionwith TCP: In this sectionwe studythe effect
of LTCP on regular TCP flows. It must be noted that the
window responsefunction of LTCP is designedto be more
aggressie than TCP in high speednetworks. So a single flow
of TCP cannotcompetewith a singleflow of LTCP andthus,
for this simulationwe comparethe aggreyate 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 bandwidthto TCP flows, we first
start the LTCP transferand let it run for 300 seconds,so
thatit utilizes the link fully. At this point the TCP flows are
started Thethroughputs calculatedor theflows afteranother
300 secondsFig.9 shows the results.As the link bandwidth
increases T CP flows becomemoreinefficient in utilizing the
available bandwidth,andassuch,the percentagef the band-
width usedby TCP decreasesBut, the aggreatethroughput
of TCPflowsincreasesvith higherlink capacity showving that
inspite of the aggressie natureof LTCP congestiorcontrol, it
still givesup a shareof thebandwidthto competingTCPflows.
For instance,on the 500Mbpslink, the aggreyatethroughput
of the TCP flows is 101.25Mbpsbut on the 1Gbpslink it is
185.64Mbps.
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Fig. 9. Interactionof LTCP with TCP

5) RTT Unfairness: Table in Fig.10 shaws the ratio of
throughputof two flows with differentRTTs sharingthe same
bottlenecklink. The ratio of RTT of the two flows is setto 1,
2 and 3 for the threerunsof the experiment,with the RTT of
the shorterdelayflow being40ms.For the computationof the
RTT compensatiorfactor K, a baseRTT of 10msis used.

It canbe seenfrom the tablethat, the useof RTT compen-
sation factor reducesthe RTT unfairnessof LTCP. With an
RTT compensatioriactorof Kg RTT3 LTCP shavs RTT
unfairnesscomparablego TCP while with RTT compensation



RTT TGP Unmodified LTCP with LTCP with
Ratio LTCP Ke o RTT"™ | Kga RTT™
1 1.00 1.02 1.00 1.01
2 3.80 5.23 3.61 294
3 8.63 12.22 8.71 6.04

Fig. 10. RTT Unfairnessfor DifferentValuesof Kr

factor of Kr RTT: the RTT unfairessof LTCP in
comparisorto that of TCP is reduced.

Several other experimentswere conductedverifying the
effect of the RTT compensatiorfactoron the link utilization,
flow throughputfairnessandlossrates.However, dueto lack
of spacethoseresultshave not beenincludedhere.They will
be madeavailablein a technicalreport.

V. CONCLUSIONS AND FUTURE WORK

In this paperwe have proposedLTCR a layeredapproach
for modifying TCP for high-speedhigh-delay links. LTCP
employs two dimensionalcontrol for adaptingto available
bandwidth. At the macroscopiclevel, LTCP usesthe con-
cept of layering to increasethe congestionwindow when
congestionis not obsened over an extendedperiod of time.
Within alayer K, LTCP usesmodifiedadditive increasgby K
per RTT) and remainsack-clocled. The layeredarchitecture
provides flexibility in choosingthe sizes of the layers for
achieving different goals. This paper explored one design
option. For this design,the window reductionon a pacletloss
is chosento be multiplicative.

We have shawn through analysisand simulationsthat a
single LTCP flow canadaptto nearly fully utilizing the link
bandwidth.Othersignificantfeaturesof the chosendesignare
(a) it provides a significant speedupin claiming bandwidth
and in paclet loss recovery times comparedto unmodified
TCP (b) multiple flows share the available link capacity
equitably (c) an RTT compensatiorncan be usedto ensure
thatthe RTT unfairnessis no worsethanunmodifiedTCP (d)
requiressimple modificationsto TCP’s congestionresponse
mechanismsand is controlled only by simple parameters
Wr, 8 and Kg.

We have alsoimplementedLTCP in the Linux kerneland
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.Comparatie third party evaluation of LTCP against
other proposalss currentlyundervay at SLAC, Stanford.

Our designis hinged on an early decisionto use mul-
tiplicative decreaseand on the stipulation that atmost one
layer is droppedafter a congestionevent. A numberof other
possibilities exist for alternatedesignsof the generalLTCP
approachWe plan to pursuetheseoptionsin future.
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