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Abstract. In this paperwe proposd_ayeredTCP (LTCPfor short),a simplelayeringtechniquefor
the congestiorwindow responsef TCPto make it morescalabldn highspeedetworks.LTCPuses
two dimensionaktongestiorcontrol: atthemacroscopidevel, thelayersareadded/droppetiasedon
dynamicnetwork conditionsandatthe microscopidevel, the congestiorwindow behaior is defined
for operatingat ary given layer. We provide the design,analysisand preliminary resultsbasedon
ns-2simulations.Our experimentsshav that LTCP haspromisingconvergencepropertiesjs about
anorderof magnitudefasterthanTCPin utilizing high bandwidthlinks andcanbe madeto operate
with smallerwindow fluctuationsthannormal TCP. LTCP emplgys few parameterandis easyto
understand.
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1. Introduction

Overthepastfew decadeshetraffic onthelnternethasincreasedy severalorders
of magnitude.However, the Internetstill remainsa stablemediumfor commu-
nication. This stability has beenattributed primarily to the wide-spreaduse of
congestioncontrol algorithmsof TCP [1]. The congestioncontrol algorithmsare
designedsuch that bandwidthis sharedfairly amongflows with similar RTTs.
However, thesesamecongestioncontrol algorithmshold back TCP from scaling
to future networkswith high-bandwidtHinks of the orderof several Gbpsto Thps.

The TCP congestiorcontrolalgorithmsuseadditiveincreasemultiplicativede-
creasefor moderatingthe congestionwindowv. When there are no lossesin the
network, thewindow is increasedy onefor eachRTT. Uponalossof paclet, the
window is reducedby half. The problemariseswhenthe available bandwidthis
very high, renderingtheincreaserery slow andthereductiontoo drastic,resulting
in highly degradedperformance.

In this paperwe proposea simplelayeringtechniquefor the existing congestion
responsalgorithmsto malke it scalein high-bandwidtmetworks. Theideaof lay-
eringto probeandutilize the available bandwidthhasbeenresearche@xtensvely
in thecontet of videotransmissionthelnternetandin multicasting[2223]. The
contritution of this paperis to extendthis ideato the congestiorcontrolalgorithms
in TCP sothat scalabilitycanbe achieved at the costof minimal implementation
overhead.

* Thiswork is supportedn partby a grantfrom The TexasHigher EducationBoard,by an NSF
grantANI-0087372andby Intel Corp.
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The rest of the paperis organisedas follows - in Section2 we provide the
backgroundndtake alook atsomeof theearlierresearctin thisarea Detailsof the
proposedschemeandanalysesre presentedn Section 3 followed by simulation
resultsin Section 4. We concludethe paperin Section 5 by summarisingour
experienceandtakingalook at thefuture work.

2. Background and Related Work

Thethroughputof a TCP connectioris givenby T' ~ 11:52\;5’ wheresS is the paclet

size,R istheroundtrip timefor theconnectiorandp is thepacletlossrate[2]. This
meanghatfor a standardl CP connectionusinga paclet size of 1500bytesover
a connectionwith roundtrip delay of 200msand paclet lossrate of 1.0X105,
the maximum throughputthat can be achieved is 23.2Mbps.If the paclet loss
rate were reducedto 1.0X10~7 the maximumthroughputcould be increasedo
232.4Mbps.Corversely to achiere a throughputof 1Gbps,the paclet loss rate
requiredis 5.4X10~? or lower andfor 10Gbpst shouldbe5.4X10~!. Thesdoss
ratesareunreasonablefor the 10Gbpsthelossratetranslatego alossof at most
onepacletin 1.85X10'° pacletsor at mostonelossfor every six hours! Clearly
the standardlr CP connectionglo not scalein high capacitynetworks.

The traditional solutionto improve the performanceof TCP on high-capacity
networks hasbeento tune someof the TCP parametersFor instance by using
jumboframesof 9000bytesinsteadof the standardl500byte paclets,the achies-
ablethroughputanbescaledup by afactorof 6, for ary givenlossrate.Additional
parameterghat may be tuned are the buffersize at the senderand the recever,
initial window for slowstart, the AIMD parameterstc. Thoughthe tuning was
donemanuallyearlier severalauto-tuningscheme$ave beenproposedver since,
suchas|[3], [4], [5] and[6] amongothers.[7] presentsaa comparisorof someof
theseauto-tuningschemesThe autotuningschemesmprove the performanceof
TCPin high-speecdetworks significantly and could be usedin conjunctionwith
otherschemeso achieze the bestpossibleperformance.

A numberof otherproposalshave emplosed networkstriping, wherethe data
is divided into severalindividual units and eachunit is sentover a separatéefCP
connection.In otherwords, the application is network-avare and tries to opti-
mize the network performanceby openingparallel TCP connections Some of
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 calledPSogets (Parallel Soclets)to make it easierto develop applications
that use network striping. While most of this work hasbeenat the application
level, in the MulTCP scheme[1Bthe authorspresenta mechanismwvherea sin-
gle TCP flow behaes as a collection of several virtual flows. This schemewas
presentedriginally to addressveightedproportionalfair sharingin differentiated
services,but could easily be usedin highspeedhetworks, insteadof makingthe
applicationmetwork-avare.However, all theabose mentionedschemesiseafixed
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numberof parallelconnectionsandchoosingthe optimalnumberto maximisethe
performancavithout effectingthefairnesgpropertiess a significantchallenge.

Thethird cateyory of researcHor improving the performanceof TCPin high-
speednetworks hasbeento modify the congestiorresponsdunction of TCP it-
self. HighSpeedl CP [14] usesa congestiorwindow responsehatis linearin the
log-log scaleto allow the congestiorwindow to increaseto large valueswithout
requiringunreasonabliow pacletlossrate.ScalableT CP[15], usesmultiplicative
increase/multiplicatie decreaseesponsep ensurghatthecongestiorwindow can
bedoubledin afixed numberof RTTs. Both theseschemesnodify the congestion
responsef traditionalTCPflavors.FAST TCP[16] ontheotherhandreliesonthe
delay-basedhandwidthestimationof the TCP Vegas|[17] flavor andis optimised
for Gbpslinks.

Severalotherschemeshatgo beyond modificationsonly to TCP have alsobeen
proposedIn the XCP[18] schemethe authorsproposealteringthe congestiorre-
sponsdunctionaswell astheinfrastructurdor providing congestiorindication.In
schemedike Tsunami[19, RBUDP[2( andSABUL[21] reliable datatransferis
achieved by usingUDP for dataand TCP for controlinformation.

In this paper we proposethe LayeredT CP schemavhich modifiesthe conges-
tion responséunctionof TCPatthe sendessideandrequiresno additionalsupport
from the network infrastructureor the recevers. The key contritution of LTCPis
thatit emulatesnultiple virtual flows that adaptto the dynamicnetworkconditions
by usinga simplelayeringtechniqueLayeringschemedor probingthe available
bandwidthhave beenstudiedearlierin the context of multicastandvideotransfer
for example[22, 23). In RLM[22], thesender&ncodeandtransmitdatain multiple
layersandthe recevers adjustto both staticand dynamicnetwork conditionsby
adaptvely adding/droppinghe layers.In [23], multicastreceversemplg a con-
gestioncontrolalgorithmthatusedayeringto achieve TCP-like congestiorcontrol.
LTCR, in contrasto this earlierbodyof work, considersvindow adaptatiorateach
layerin additionto adding/droppindayers,andconsiderdairnesdssues.

3. Layered TCP

The layeredTCP schemads a sendesside modificationto the congestiorresponse
functionof TCP for makingit morescalablein high-speedetworks. The conges-
tion window responsef the LTCP protocolis definedin two dimensions (a) At
themacroscopidevel, layersareaddedor removed basedon the dynamicnetwork
conditions(b) At the microscopidevel, the congestiorwindow responsdunction
is definedwhenthe protocolis operatingat ary givenlayer K. In this sectionwe
presenthedesign,discussiorandanalysedor the LTCP protocol.
Theprimarygoalbehinddesigninghe LTCP protocolis to make thecongestion
responsdunctionscalein highspeedetworks underthe following constraints(a)
theLTCPflows shouldbefair to eachother(with similar RTTs) (b) the LTCPflows
should be fair to TCP flows whenthe window is belov a predefinedthreshold
Wr (c) the LTCP flows shouldnot stane TCP flows whenoperatingat windowvs
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largerthanWr. ThethresholdW; definegheregimein which LTCPis friendly to
standardmplementation®f TCP. Theoptimalvalueof Wr is debatableandlikely
atopic of researctby itself. We choosea valueof 50 pacletsfor Wr. Thisvalueis
motivatedby the factthatwhenthe window scaleoption[24 is not turnedon, the
maximumwindow sizeallowed is 64Kb which is about44 paclets (of size 1500
bytes).Thewindow scaleoptionis usuallyturnedon for highspeedetworks, and
the thresholdWr is usedmainly to ensurethe fairnessof LTCPto TCP flows in
slow networks. Sowe choosea window thresholdthatis slightly greaterthan44
paclets.Similaragumentgor keepingnew protocolsfair to TCP belov awindow
thresholdhave beenputforthin [14, 15].

3.1. INCREASE BEHAVIOR

In orderto ensurethat belov the thresholdiWr, LTCP is fair to TCP, new LTCP

connectionsstartwith only onelayerandbehae in all respectgthe sameasTCP.

If thecongestiorwindow increasedeyondthethresholdi¥ -, additionallayersare
addedandthe congestiorwindow responsés modified. The designof theincrease
behaior for LTCP protocol hasto consider:(a) How to increasethe numberof

layers? (macroscopiaontrol) (b) How to increasethe congestiorwindov when
operatingat somelayer K ? (microscopiccontrol)

The secondquestionis the easierone to answerand we take a look at that
first. The LTCP protocol usesthe layering conceptin orderto be more aggres-
sive thanTCP while utilizing the availablelink bandwidth.Thus,intuitively, when
operatingat somelayer K, the LTCP protocol can be thoughtof as emulating
K virtual flows. The window responsdor increasefor a TCP flow emulatingK
virtual flows hasbeenstudiedin MulTCP[13]. We take a similar approachi.e., the
congestiorwindow is increasedy K onthe successfuteceiptof onewindow of
acknavledgementsor equivalently it is increasedy K /cwnd for eachincoming
ack.

As an answerto the first question,we choosea simplelayeringschemeSup-
pose.eachlayer K is associatedvith a step-size)x . Whenthe currentcongestion
window exceedgsthe window correspondindo the lastadditionof a layer Wi by
the step-sizéi i, anew layeris added.Thus,

W1=0, Wo=Wi+d, .. Wg =Wk 1+0k 1 1)

andthe numberof layers= K, whenWg < W < Wg1. Figure 1l shawvs this
graphically

In orderto find whatthe stepsizeneedgo be,considetthefollowing casewhen
thelink is to be sharedby two LTCP flows. The flow that startedearlieroperates
at a higherlayer K, (with a larger window) comparedto the laterstarting flow
operatingat a smallerlayer K (with the smallerwindow ). Thus, the first flow
increaseshe congestiorwindow by K pacletsperRTT, whereaghe secondiow
increasedy K, pacletsper RTT. In orderto ensurethat the first flow doesnot
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Number of layers = K when Wx < W< Wy,

Figure 1. GraphicalPerspectie of Layersin LTCP

continueto increasat aratefasterthanthe secondlow, it is essentiathatthefirst
flowaddslayers slowerthanthesecondlow. Thus,if dx, isthestepsizeassociated
with layer K; anddg, is thestepsizeassociatedavith layer Ky, then

0y 0Ky
K, Ky

whenK; > K, for all valuesof Ky, Ky > 2.
Therearemary choicedor §x to satisfytheabore equationln orderto keepthe
designeasyto understandye choosea simpleschemdor computingthe stepsize:

(2)

0 =ax0x_1 (3)

Basedon this choice,theinequalityin Equation2 holdsgoodonly whena > 1.5,
for all valuesof K > 2.
Sincethesecondayeris addedwhenthewindow sizeis equalto Wr,

01 =Wo=Wr (4)
Substitutingin Equation3,
02 = ad1 = aWr; 03 = ady = a2WT; . Op = lp_1 = a(kfl)WT (5)

3.2. DECREASE BEHAVIOR

Thedesignof thedecreasdehaior is guidedby thefollowing reasoningin order
for two flows startingat differenttime to corverge, thetime taken by thelargerflow
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to regain the bandwidthit gave up after a congestiorevent shouldbe larger than
thetime it takesthe smallerflow to regainthe bandwidthit gave up. Supposehe
two flows areoperatingat layersK; and K, (K, > Ks), andW R, andW R, is
thewindow reductionof eachflow upona paclet loss.After the paclet drop,each
flow takes % RTTsto regainthelost bandwidth.Fromthe abore reasoningthis
givesus

W Ry S W Ry
K K,

Theabove inequalityis similar to Equation2 andcanbe maintainedoy simply
choosingthe window reductionat ary layer K to be a fraction of the stepsize
dx . Hence for macroscopicontrol of the decreasdehaior we adoptthe simple
policy thatupona paclet loss,eachflow dropsonehalf of thelayerit lastadded.
Notethatthis policy leavesthe drop behaior undefinedor the casewhenK = 1
i.e.,thefirst layer. For thefirst layer, the LTCP protocolsimply doesmultiplicative
decreasdy reducingthe congestiorwindow by half on a paclet drop, to behae
like TCP

Themacroscopidecreasdehaior only ensuresonvergenceacrosdayers.To
ensurecorvergencewhentwo flows areoperatingwith the samenumberof layers,
K; = K, we definethe microscopiccontrol. We follow the samereasoningij.e.,
the recovery time for the larger flow after a window reductionshould be more
thanthat for the smallerflow. However, nowv both the flows operateat the same
layerandhencetheincreasdactorfor boththe flows is similar. In orderto ensure
corvergencethedecreaseéehaior shouldcontainafactorthatis dependendnthe
sizeof thecurrentcongestiorwindow abore Wy . We make this componenbf the
window reductionlinearly dependenbn the window. Figure 2 shaws the plot of
thewindow reductionagainsthe currentcongestiorwindow for a flow. Whenthe
pacletlossoccursf thecongestiorwindow is Wy thenthewindow is reducedy
5"2*1 . If thecongestiorwindow is Wk 41 thenthewindow is reducedoy %K When
the congestiorwindow is in therangeWy < W < Wk 1, thewindow reduction
is linearly increasedrom 22=1 to 9.

Hencethewindow reductionis givenby

K-1 (%K - 6K271)
Windowreduction = — + * (W —-W
2 (Wk41 — Wk) ( )
Sw 0 k-1
= K-1 —+ ( 2 2 ) * (W — WK)
2 O
0k 1. (W-Wk)
- gt AT ®

Notethatthis window reductionis usedonly whenK > 1. This designensures
that, an established_TCP flow always gives up a shareof bandwidthfor a new
LTCP connectioror a TCP connection.
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Figure 2. Drop FactorVs the Congestionindow

3.3. OVERALL BEHAVIOR OF LTCP

At eachlayer K, LTCP increaseshe window additively by K. With the choice
of 6k = a * dx_1 andthe abore decreasébehaior, LTCP effectively doesa
multiplicative decreasen a paclet drop. Ignoring the microscopicbehaior, the
multiplicative window reductionis givenby §x_1/2. Whenthereis a singleflow
in the network, this drop indicateshowv muchthe LTCP flow fluctuatesaboutthe
optimalwindow size,in steadystate.Theaveragereductionin sendingwindow per
RTT duringtheperiodthatthe LTCPflow reducests window andreclaimsit back,
is dx —1/4. Supposeve wantto limit thisto atmosts. Then,

K1 _ gy (1)

4
K-2yy, K-1_1
a47T =F*x(0k-1+0k—2+...+02+61) = ﬂWT%
Approximating(a® ! — 1) by o~ we have
o7l 45 o o 1 (8)

o ~1-48

Choiceof g determinesx (or vice versa)and henceL TCP effectively hastwo
parameterd¥r and « (or ). A smallervalue of 8 will resultin the window
stayingvery closeto the optimalvalue,andhencebetterlink utilization. However,
for corvergencea > 1.5 (section3.1). This impliesthat 3 > 0.08. Thus,in the
absencef buffering atthe routerandthe choiceof §x = o * dx_1, thebestcase
link utilization of asingleLTCPflow is about92%. Whenappropriateouffering is
provided at theroutersor a differentchoicefor therelationbetweeg anddx
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is chosenhigherlink utilization canbe achieved. This paperchooseshe design
simplicity thatfollowedthechoiceof §x = a * 1 andleavestheexplorationof
otherchoicego thefuture.

As explainedearlier the primary goalfor designingthe LTCP protocolis to be
ableto utilize availablelink bandwidthaggressiely in highspeedetworks.In this
sectionwe provide quantitatve analysisfor time takenby anLTCP flow (in terms
of RTTs)for claimingavailablebandwidth.

Supposehe maximumwindow size correspondindo the availablethroughput
is Wi . Then,timeto increaseghewindow to Wk is -

T(6k—1) +T(6kx—2) + -.. + T(d2) + T'(61)

whereT'(6k) is the time (in RTTs) for increasingthe window by §x. We know
that,

aWr
2 b

a2WT aK_2WT
3 TOk-) =

Thus,we have thetotal time to reachthewindow sizeof Wi as

T(5) =

T(bs) =

K—2 i

a
T(61) + Wr Z .
o it

(9)

For a 10Gbpslink with an RTT of 200ms,the window size can grow upto
166,666.Table 3 shavs the numberof layers,the stepsizeand the speedupin
claiming bandwidthcomparedto TCP, for an LTCP flow with W = 50 and
B = 0.1. Fromthetableit is clearthat,an LTCP flow that evolvesto K layers
canclaim the bandwidthalmostasfastasK-virtual layersaddedat the beginning
of the connection.

Also, anLTCP flow with window size Wy will reducethe congestiorwindow
by éx_1/2 anddropsdown to the layer (K — 1). It thenstartsto increasethe
congestiorwindow attherateof (K — 1). Thepacletlossrecovery time, thenfor

LTCPit 2*‘5(’;{_11). In caseof TCR, upona paclet drop, the window is reducedby
half, andafterthedroptherateof increasds 1 perRTT. Thus,thepaclet recorery
timeis Wx /2. Thelastcolumnof Table3 shavs the speedup in paclet recoery
time for LTCP comparedo TCP. LTCP speedsaup the paclet recorery time by a
factorof E=1. for large valuesof K.

Theabove discussiorassumegmplicitly thatduringtherecovery from apaclet
loss,thereareno morelossesThis givesusthe upperlimit on the supportingloss

ratefor anLTCP connectionThe numberof pacletssentduringthelossrecorery

periodis % Hencethe supportingossrateis W With 8 = 0.1
K
the supportingossrateis 4(5,;1) whichis aboutl.5(K — 1) biggerthanstandard
K

TCP
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Speedup in  |Speedup in
K Sk Wy Claiming Packet Loss

Bandwidth |Recovery Time

1 50.00 0.00 - -
2 83.33 50.00 1.00 1.00
3 138.89 133.33 2.00 3.20
4 231.48 272.22 2.53 5.88
5 385.80 503.70 3.11 8.70
6 643.00 889.51 3.76 11.53
7 1071.67 1532.51 4.49 14.30
8 1786.12 2604.18 5.29 17.01
9 2976.87 4390.31 6.14 19.66
10 4961.45 7367.18 7.05 22.27
11 8269.09 12328.63 8.01 24.85
12 13781.81 20597.71 8.99 27.40
13 22969.68 34379.52 10.00 29.93
14 38282.80 57349.21 11.02 32.46
15 63804.67 95632.01 12.05 34.97
16| 106341.10] 159436.70 13.08 37.48
17| 177235.20| 265777.80 14.11 39.99

Figure 3. Comparisorof LTCP (with Wr =50andg =0.1)to TCP

3.4. IMPLEMENTATION DETAILS

The LTCP protocolrequiressimplesendesside changedo the congestiorwindow
responséunctionof TCP It useswo additionalparameters Wy, anda (or 3). In
our implementationWr and 3 aresetto 50 and0.1 respectrely. « is computed
basednthevalueof 8 accordingto equation8. Additionally, variablesneedto be
usedfor saving thenumberof layers(K'), window correspondingo layerK (W)
andthestepsizecorrespondingo layerK (éx).

Whena new connections establishedthe protocolis startedwith K = 1. (In
the future we will testusing persistentstatefor saving the value of K between
connectionssimilar to that usedby Linux TCP variables)WhenK = 1, LTCP
behaesin all respectsimilarto TCP. Whenthe congestiorwindow exceedsWr,
thefollowing changesaremadeto the TCP congestiorresponsdunction

if(newack)

cwnd = K/cwnd
if (window() > (Wk + dk))
K++

if(packet loss)

window reduction =d0g_1/2% (1 —1/a)(W — Wk)/2
cwnd = cwnd — window reduction
if (window() < Wk)
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4, Resaults

To evaluatethe LTCP protocol,we conductedsimulationson the ns-2 simulator
In this sectionwe presensomeof theresults.A simpledumbbelltopologyis used
in the simulation.The bottlenecKink bandwidthis setto 1 Gbpsunlessotherwise
specified.Thelinks thatconnectthe sendersaindthe receversto therouterhave a
bandwidthof 2.4GHz.The end-to-endRTT is setto 100ms.The routershave the
default queuesizef 50 paclets unlessspecifiedotherwise DropTail queueman-
agemenis usedat the routers.The LTCP protocolis implementedoy modifying
the TCP/Sacklagent.Whenresultsare presentedor comparisorwith TCP, the
unmodifiedTCP/Sackls alwaysusedfor TCP. Therecever advertisedwindow is
setto alarge valueto ensurethatit doesnotinterferewith the simulations For the
LTCPflows, the parametef¥ 1 is setto 50 pacletsandthe paramete)s wassetto
0.1 unlessotherwisespecified.

4.1. COMPARISON OF LTCPwITH TCP

SinceLTCPusesadaptve layering,it is capableof increasingts window sizeto the
optimalvaluemuchfasterthan TCR Also, whena paclet lossoccurs the window
reductionof LTCP is not asdrasticas TCPR Fig. 4 shavs congestiorwindow of
LTCPin comparisorwith thatof TCP, whenthe network consistsof only oneflow,
andslowstartis terminatectarly Clearly thecongestiomesponséunctionof LTCP
is far moresuitablefor highspeedetworks.

window x 103
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=
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l
|
I
5.0000 ’
I
|
I
|

1.0000 V

0.0000

RTT x 103
0.0000 5.0000 10.0000 15.0000

Figure 4. ComparisorBetweenL TCPandTCP Windows

The table in Fig. 5 shawvs the comparisonbetweenthe averagesteadystate
link utilization andaveragepaclet lossratesbetweena TCP flow, an LTCP flow
anda HighSpeedl' CP [14] flow for differentlink bandwidths.The throughputis
calculatedover a period of 2000 secondsafter the flow reachessteadystate. At
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large valuesof link bandwidth LTCP utilizesthe link betterthanTCP andshawvs
performancebenefitssimilar to that of Highspeedl CP. The congestiorlossesfor
LTCP and HighspeedTCP flows are higherthan TCP flow, sincetheir window
operategloseto optimalvaluemostof thetime.

TCP LTCP HighSpeed TCP

Linlf Avg. Steady State| Packet | Avg. Steady State | Packet | Avg. Steady State Packet Loss

Bandwidth | Link Utilization | Loss Rate | Link Utilization | Loss Rate | Link Utilization Rate (%)

(Mbps) (%) (Mbps) (%) (Mbps)

10Mb 9.62| 4.16E-03 9.62| 8.81E-03 9.62| 1.30E-02
100Mb 96.15| 4.42E-04 96.15| 3.55E-03 96.15| 9.32E-03
1Gb) 836.71| 9.56E-07 951.79| 3.46E-04 953.57| 3.47E-03
2.4Gb| 1816.08| 4.41E-07 2194.50| 0.00E+00 2244.08| 1.89E-03

Figure 5. Link Utilization andPaclet LossRatefor LTCPandTCP

4.2. EFFECT OF 8

Fromthe definition of 8 in section3.3, the utilization of an LTCP flow is roughly
(1 — B). Hence,a choiceof a small valuefor 3 implies goodlink utilization by

minimizing the fluctuationof the throughputaboutthe optimal value. The choice
of 8 alsoeffectshow soona flow givesup the bandwidthandhow soona flow can
claimbandwidth sincea andg arerelated.In this sectionwe evaluatethe effect of

B onthelink utilization andthe convergencetime. First, oneLTCPflow is started
andallowedto reachthe steadystate,andthe utilization is measuredThena new

LTCP flow is introducedat 600 secondsandthe time for the first flow to reduce
its utilization to 55% and the secondflow to increasethe utilization to 45% are
recordedTable6 shavs theresults.

Utilization Number of RTTs
B (Mbps) for (55, 45)%
Convergence
0.08 885.61 2269.5
0.10 866.55 2279.0
0.12 848.51 3136.0
0.14 827.01 3773.5

Figure 6. Effectof 8 onLink Uitlization andCorvergence

4.3. FAIRNESS AMONG LTCP FLows

In this experiment,we evaluatethe fairnessof LTCP flows to eachother Differ-
entnumberof LTCP flows are startedat the sametime andthe averageperflow
bandwidthof eachflow is noted.Sincelarge numberof flows is used,the router
buffersizeis setto 500 paclets. Thetablein Fig 7 shavs thatwhenthe numberof
flows s varied,the maximumandthe minimum perflow throughputgemainclose
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to the averageindicatingthatthe perflow throughputof eachflow is closeto the
fair proportionalshare This is verified by calculatingthe Fairnesdndex proposed
by Jainet. al., in [25]. The Fairnessindex beingcloseto 1 shavs thatthe LTCP

flows sharethe availablenetwork bandwidthequitably

Avg. per-flow

Min. per-flow

Max. per-flow

No. of Jain’s
) Throughput Throughput Throughput S
Flows (Mbps) (Mbps) (Mbps) Fairness Index
2 475.95 475.86 476.03 0.999999969
4 237.79 237.77 237.80 0.999999997
6 158.44 158.40 158.50 0.999999950
10 94.94 94.91 94.95 0.999999982

Figure 7. FairnessAmongLTCP Flows

4.4. DYNAMIC LINK SHARING

Both the macroscopiand microscopiccontrol of LTCP protocol respondto dy-
namic network conditions,to ensurethat protocol corverges quickly to its fair
shareln thisexperimentwe evaluatethe sameby creatingandrelieving congestion
dynamically OneLTCPflow is startedattime 0, andallowedto reachsteadystate.
A new LTCPflow is thenaddedat 300 secondsndlastsfor 1400secondsA third
LTCP flow is addedat 700 secondsand lastsfor 600 secondsFig. 8 shaws the
results.lt is clearfrom the graphthatthe LTCP flows cansharethe availablelink
bandwidthequitablywith otherLTCP flows asthe network conditionschange.

Window x 103

RTTx 103

10.00 15.00 20.00

Figure 8. DynamicLink Sharing
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4.5. EFFECT OF CHANNEL ERRORS

Fromthediscussionn Section2, it is clearthat TCPrequiresextremelylow paclet
lossratesto maintainthe link utilization high. Our analysegin section3.3) shaw

thatLTCPincreaseshe supportingossrateby afactorof 1.5( K — 1) comparedo

TCPR, wheng = 0.1. In this sectionwe comparethe performancef LTCPto that
of TCPin thepresencef channekrrorsonthebottlenecKink. ThebottlenecKink

capacityis setto 1Gbps,simulationsarerun for 2000secondswith a singleflow

FTPtransfer andthe averageutilization over this periodis recordedFig. 9 shavs

theresults Packetlossrateof 10~7 dueto chennekrrorsis comparabléo theerror
ratein long haulfiber links [15]. Fromthetablewe seethatatthe paclet lossrate
of 1077, thelink utilization of LTCP remainshigh, whereashelink utilization of

TCPfallsdown to half thelink utilization atlower errorrates.As thelossratedue
to channelerrorsincreasesthe LTCP utilization startsto deteriorateput remains
betterthanthatof TCP. Notethatthe paclet lossratementionedn thefigure/table
is only dueto channelerrorson the bottlenecklink anddoesnot accountfor the
congestiorlossesvhenthewindow sizeexceedghelink capacity

Channel
Error Rate LTCP TCcP
10e-11 867.67 641.75
10e-10 867.67 641.75
10e-9 867.67 641.75
10e-8 865.94 563.16
10e-7 847.66 364.06
10e-6 558.81 83.56
10e-5 135.51 30.82

Figure 9. Comparisorof LTCPandTCPin the Presencef ChanneErrors

4.6. INTERACTION WITH TCP IN SLow NETWORKS

In this section,we presentthe resultsfor simulationsverifying the interactionof

LTCP with TCP In slow networks, wherethe congestiorwindow of eachof the
competingflows cannotincreasebeyond Wy, the LTCP flows should sharethe
available bandwidthequitablywith the TCP flows. We verified thatin this experi-
ment. The bottlenecKink bandwidthwassetto 10Mbps.OneLTCPflow is started
andallowed to reachsteadystatewith 3 layers.At time 300 seconds4 flows of

TCPareintroducedFig. 10 shawv theresults It is clearfrom theresultsthatin slow

networks, LTCP flows give up bandwidthquickly andthe TCP flows and LTCP
flows canco-exist.









