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Abstract. This paperconsidersa numberof modi�cations that canbe applied

to the congestioncontrol algorithmof a TCP senderwithout requiring the co-

operationeitherof thenetwork or of the receiver, analyzingtheir impacton the

performanceof theprotocol.We usea theoreticalapproachbasedon theuseof

queueingnetworksfor thedescriptionof theprotocoldynamicsanda �x edpoint

approximationto derive the working point of the IP network. Our resultsshow

thatin presenceof shortlivedconnectionstheimpactof thetransientbehavior of

TCPon thenetwork performanceis dominant,andmajorperformanceimprove-

mentscanbeobtainedonly if thetransientbehavior is improved.
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1 Intr oduction and Moti vations

Recentyearshave seena largeresearcheffort focusedon Internetcongestioncontrol,

theTCPprotocolbeingthepivot issueof theeffort. Severalpapers[1,2] andRFCs[3]

(just to mention someof them), were devoted to proposeimproved TCP versions.

Other works focusedon modelingeither the TCP behavior [4, 5,7] or the whole In-

ternet“transferfunction” [6], with theaim of gaininginsight in thenetwork dynamics,

thusenhancingcapabilitiesfor designinganddeploying improvedprotocolversions.

Severalrecentproposals[8–10] advocatetheuseof explicit feedbackfrom thenet-

work, or, at least,thecooperationof thesenderandthereceiver (like TCP-SACK), in

orderto improvethecongestioncontrol.Otherauthors[11] claim thatmodi�cationsin

the congestioncontrol algorithmsshouldinvolve the TCP senderonly, avoiding any

necessityfor co-ordinationin thedeploymentof new TCPversions.Clearly, new TCP

versionsmustbebackwardcompatibleand“friendly” to existentTCPimplementations

(TCP-NewRenoin particular).

The focusandcontribution of this paperlie in the explorationof several possible

TCPmodi�cationsonthesendersidethatchangethewayTCPtriesto avoid congestion

andreactsto it. Wedonotclaimthatthesearetheonly possiblemodi�cations,but they

surelyhaveamajorimpactonthemainparametersthatgoverntheclosed-loopbehavior

of thesystemcomposedby TCP-sourcesandtheIP network.As discussedin [6,12–16]

thereasonsof TCPperformancecannotbesearchedfor in theprotocolalone,but have

to beanalyzedin a context whereTCPis just onepieceof theoverall transferfunction

of theclosed-loopsystem.All thepaperscitedabovegive a deepinsight in thesystem

behavior, but themodelingtechniqueadoptedtheredoesnot includeenoughdetailsto

accountfor “apparentlyminor” protocolmodi�cationsand,mostof all, for thetransient



behavior of TCPduringthe�rst slow startafteropeningtheconnection,which instead

dominatestheperformancewhenshortlivedconnectionsareinvolved.Rareexceptions

of papersdealingwith TCPtransientbehavior andshortlivedconnectionsare[25,26].

The modelingtechniquewe adopt,shortlydescribedin Sect.2, allows taking into

accountboththeTCPtransientandany kind of protocolmodi�cation. Theclosed-loop

natureof the systemis taken into accountwith a FPA (Fixed Point Approximation)

method,that, in the caseof the systemunderanalysis,ensuresthe existenceandthe

uniquenessof thesolution,asdemonstratedin [17].

The aim of our work is not the proposalof a speci�c new versionof TCP, but

the explorationof the possiblemodi�cations and the bene�ts that derive from them.

Moreover, this papershows that theuseof a powerful modelingtechniquecanhelp in

designingprotocolmodi�cations (new protocols?)without incurringtherisks inherent

to empirical/heuristicdesign.

2 The Modeling Technique

Following the approach�rst adoptedin [18,7,19–21], in this paperwe usean open

multi-classqueuingnetwork (OMQN)-baseddescriptionof the TCP protocol to in-

vestigatethe bene�ts anddrawbacksof possiblemodi�cations to TCP. An OMQN is

a queueingnetwork in which all queuesare
�
	��
	��

. In this model,eachcustomer

(namelya TCP connection)is uniquelyidenti�ed by a pair ��������� , where � represents

a speci�c stateof theprotocoland � identi�es thenumberof remainingpacketsto be

sentbeforethecompletionof the�o w. An OMQN modelis capableof describingany

protocolwhosedynamicscanbedescribedwith aFiniteStateMachine(FSM).Theuse

of classesto describethebacklogof theconnectionallows modelingshort livedcon-

nections.GiventheaverageRTT of connectionsandtheaveragepacketlossprobability,



theOMQN modelde�nes theloadofferedto theIP network, aswell asthethroughput

andthedurationof connections.The modelis complementedwith a single-or multi-

bottleneckdescriptionof theIP network loadedwith theTCPconnections,that,given

theload,computestheaveragelossprobability. Theoverall solutionis obtainediterat-

ing with theFPA technique.

The OMQN modelingtechniquehasproven to be extremely accurate[7,20,21],

andthis is themain reasonthat led us to choosethis analyticapproachfor our study,

insteadof a morecommonsimulationapproach.Its powerful modelingparadigmand

computationalef�ciency, associatedwith its proven accuracy, enableto gain the best

possibleinsightin theprotocoldynamics.Thisenablesthequickstudyof consequences

of protocolmodi�cationswith acceptablecomputationalcosts,while simulationstudies

are always limited in their scopeby high computationalcostsanddif�culties in the

interpretationof theresults.Incidentally, it is worthmentioningthattheresultsobtained

by runningourmodelarecomputedoverhundredsof thousandsof simultaneousactive

TCPconnectionswhile nssimulationscanbarelyhandlea few hundreds's.

A thoroughdescriptionof theOMQN modelof TCP would be quitecumbersome

andwe deemthat it doesnot �t theobjectivesof this paper. Nevertheless,in orderto

presentthe rationaleof this technique,in the following we describetheapplicationof

OMQN modelingto a simplerprotocolin a generalscenario,whereconnections:(1) –

areopened,(2) – transferamessagecomposedof ��� packetsand(3) – areclosedright

afterthemessageis successfullydelivered.

Considera trivial Stop& Wait protocolwith a singletimeoutstateandno back-

off; this protocol is fully describedwith only threestates:Transmit,Stop&Wait-for-

the-ACK, Timeout,hencewe only needthreequeuesin the model.Assume,by now,

that thepacket lossrate ��� is given,togetherwith theaverageroundtrip time of con-
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Fig.1. OMQN modelof a simpleStop&Wait protocol

nections �� ! and the timeout value "$# . Fig.1 show the OMQN model of this sys-
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is the maximumallowed

sizeof messagesin numberof packets.Eachcustomerrepresentsanactive connection

in thesystem.Everytimeapacketis successfullytransmittedtheclass� of thecustomer

is decreasedby one;whenthe last packet is successfullytransmitted(andthe associ-

atedACK is received)thecustomerleavesthesystemandtheconnectioncloses.Class

changescanonly occurwith the transitionfrom IKJ6L�#NM to IPO'Q , sinceonly this tran-

sition correspondsto a successfultransmission.The servicetimes R

,TS canbe derived

from theprotocolcharacteristics:R
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is theaveragepacket transmissiontime,dependingon thechannelrateandpacketsize.

The servicetimesareclearly independentof the customerclass.The queueshave an



in�nite numberof servers,sincethereareno limitation to thenumberof connections

in thesystem.Wecanassume
�
	_�
	��

queues,sincetheperformancemeasuresof the

systemonly dependson thesteadystatedistribution of customersin thequeuesI and

classes� . Thesessiondimensiondistributionis describedthroughthevector %(& andcan

be arbitrary. The averageload offeredto the network ` , aswell as the sessiondura-

tion, canbeeasilycomputedfrom theaveragevaluesof thenumberof customersin the

differentqueuesandclassesacb �

,50 dHe (see[28] for thetheoreticalbasis).In this simple

case,for instance,the load offeredto the network is generatedonly by customersin

queueIPO'Q , whichevertheirclassis, andit is alwaysonepacketperservicetime,hence

we have
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wherez is thesetof all queuesin theOMQN and �u�tB1�{vWw$������� is thetransitionprobabil-

ity from queueB in classv to queue� in class� ; Eq.(2), alreadytakesinto accountthe

factthatcustomerscanonly decreasetheir class(or keepit constant)upontransitions.

In the trivial Stop&Wait protocolwe areusinghereasanexample,thereareonly

four allowedtransitions,whoseprobabilitiesare:
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If � � and �� ! areknown, e.g.,from measureson a realnetwork, andcanbesup-

posedindependentof the loadofferedto thenetwork from themodel,thenthesystem

is completelyde�ned.However, the�nal goalof ourmodelis theestimationof thesys-

temperformancestartingfrom its physicaldescription.To this purposewe separately

describethenetwork with a modelthat,takingasaninput theofferedloadreturns� �

and �� ! . The completesystemis solved througha �x ed point iterative procedure,

whereresultsof thepreviousstepareusedasinputsto thenext one.Theprocedureis

stoppedwhenthe relative error of the estimatesof �F� , �� ! and ` becomessmaller

thanaprede�nedthresholdƒ .

Any furtherdetailabouttheOMQN modelingtechniqueis super�uousin this con-

text andwerefertheinterestedreaderto theavailableliterature[18,7,19–21].

In this paper, protocolmodi�cations aremodeledin two possibleways.The �rst

one implies modifying the protocolFSM, henceeitheraddingor deletingqueuesin

theOMQN. Thesecondonedoesnot affect theprotocolstates,but only its dynamics,

andcorrespondsto the modi�cation of the serviceratesof queuesandthe transition

probabilities,ratherthanmodifying theOMQN structure.

3 TCP ProtocolModi�cation

The basiccongestionavoidancealgorithmof TCP NewReno(presentlythe mostdif-

fusedTCP version)is AIMD (Additive IncreaseMultiplicative Decrease).The basic

propertiesof AIMD algorithms,generalizingthe TCP protocol,were studiedin [22,

23].Severalapproximationsareintroducedfor analyticaltractability, themainof which

is the incorrelationof the lossprocesswith theTCPprotocol,which doesnot allow to

fully appreciateany propertyof theprotocolthatleadsto asmallerlossprobability.



Recently, studieslike[12,15] hint to possibleperformancelimitationsof TCP, when

coupledwith AQM (ActiveQueueManagement)schemes,dueto oscillatorybehaviors

rootedin anexcessive loop gainof thecongestionavoidancemechanism.On theother

hand,thereis nodoubtthatexplicit bandwidthfeedbackfrom thenetwork canoptimize

theperformanceof TCP.

Theseobservations,togetherwith the desireto keepthe congestioncontrol algo-

rithm in end-hostsonly, without requiringthecooperationof thenetwork, spawnedthe

proposalof new versionsof TCP, like Vegas[2] or Westwood[11], that try to estimate

theavailablebandwidth(or fair bandwidthshare)within thenetwork. In bothschemes

themajorproblemarisesfrom thedif�culty of correctlyestimatingtheavailableband-

width.

Finally, measuresandsimulationshighlightedhow the�rst slow startis oftendom-

inatingtheperformanceof thewhole�o w whenits lengthis limited. This is obviousif

the �o w is composedof just a few packets,but, if themaximumwindow sizeis large,

its effect is dominatingalsoconnectionsof hundredsof packets,that indeeddominate

the performanceof the whole Internet.To appreciatethe importanceof the �rst slow

start,it mustberecalledthatTCPtransmits„�…‡† fp packetsin slow start,where † fp

is thedimensionof thecongestionwindow whenthe�rst packet lossof the�o w is de-

tected.For instance,if therearenolossesandthemaximumwindow sizeis 50,then100

packetsaretransmittedduringthe�rst slow start.With thestandardEthernetMSS,this

roughlycorrespondsto 1.2Mbits. Indeedwhatmay happen,andreally happensmore

oftenthatonewouldbelieve,is thatmostof thepacketsof a �o w aretransmittedduring

the�rst slow startwithout losses,then,whenthewindow is in�ated enoughto loadthe

network, aburstof packetsis lost, leadingto a timeout.



In light of theabove considerationswe analyzethreepossiblemodi�cationsof the

TCPprotocols,whoseseparateimpactonperformancewill bediscussedin Section4:

– RFS(Restartfrom Fair Share),thatreducesthewindow oscillations;

– WM P (Window ˆ -Persistent),thatmodi�es thesteadystateloop gain;

– ESSE(EarlySlow StartExit), thatimprovestheTCPtransientbehavior.

In thefollowing, we formally de�ne thesemodi�cationsanddescribehow they canbe

modeled,assumingthat the readeris familiar with thedescriptionof TCP throughan

OMQN.

3.1 RFS: Packet Drop Reactionand Bandwidth Estimation

In lack of explicit bandwidthfeedbackfrom thenetwork, thecongestioncontrolalgo-

rithm cannotavoid probingthenetwork capacityandincludingsomeform of window

oscillationsaroundthesteadystateoperatingpoint. Indeed,thefastrecoveryoptionof

TCPimplicitly assumesthattheavailablebandwidthwithin thenetwork is somewhere

between†‡‰

	

„

l

�� ! and †‡‰

l

�2 ! , where †‡‰ is thewindow sizewhena packet loss

is detected.Without discussingherethecorrectnessof this assumption,it is clearthat,

if somebetterestimationof the availablebandwidthcanbe obtained(andwe arenot

concernedhereon howit is obtained),then,aftera lossevent,theTCPprotocolcould

resumethe transmissionfrom the window sizecorrespondingto this estimation,say

† fs (the subscript“fs” standingfor fair-share).This would reducetheamplitudeand

frequency of thewindow oscillations,andhelpincreasingnetwork stabilityandperfor-

mance.Obviously, theestimationof thefair sharewindow Š† fs is arealvalue,while the

window sizeis aninteger:theroundedor truncatedvaluecanbeusedinstead.Wepoint

out that this modi�cation is not easilycomparedwith theresponsivenessof anAIMD



protocolasde�ned in [23], sincetherelationshipbetweenthecurrentwindow sizeand

† fs is not known, andfor this reasonwe will avoid theuseof this term.

Fromtheprotocolpoint of view, this modi�cation is easy, sinceit only implies to

assigna differentvalueto �Œ‹Ž•(• aftera fastrecovery. TheOMQN modelcantake this

modi�cation into accountexactlyin thesamewayit accountsfor thewindow thresholds

distribution (see[7]), assigningto † fs thevalueof theaveragewindow sizecomputed

in theprevious iteration,i.e., by evaluatinganensembleaveragetakenover theactive

protocolstatesanditeratingthesolutionuntil convergence.

Sincetheavailablebandwidthcomputedby theOMQN is not subjectto evaluation

errors,in order to estimatethe impactof bandwidthestimationerrorson the perfor-

manceof the resultingprotocol, in the modelwe includedan error function.The er-

ror functionimplementationis trivial: thetransitionexiting a fastrecovery stateis not

deterministicbut follows a probability distribution centeredaroundthe valueof † fs

computedby theOMQN. Obviously, thedistribution canassumeonly integernumbers

between2 and †

CFEHG

, where †

CFEHG

is themaximumwindow sizenegotiatedbetween

thesenderandthereceiver.

To exemplify themodelingprocess,Fig.2 reportstheOMQN portionrepresenting

the transitionsfrom a genericfastrecovery statewith window size • (queueLF • ) to

thecongestionavoidancestates.Thetransitionexiting underthequeuecorrespondsto

theeventof loosingthere-transmittedpacket andleadsto a timeout(not shown in the

�gure for thesakeof simplicity). Thevector ‘’�t‹“� is aprobabilityvectorthatdescribes

theestimationerrorsanddeterminesthetransitionprobabilitiesin thatit `modules'the

transitionprobabilitiesthatwould appearin �gure 2 if no errormodelingwasconsid-

ered.

In this studyweconsideronly threesimplecasesof bandwidthestimationerrors.
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Fig.2. OMQN descriptionof RFSexiting a fastrecovery with window size ¨

1. BestBandwidthEstimator(BBE). Theinformationon theconnection'sfair shareis

supposedto beexact.Thepossibleerrorthatcanbemadeis dueto roundingup or

roundingdown.Hencethedistributionfunction ‘’��‹©� hasonly two non-zeroentries

correspondingto thesetwo casesasgivenby:
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Š

† fs ±

.

2. No BandwidthEstimator(NBE). This is the worst casein which the information

on theconnection's fair shareis supposedto beunavailable,that is, eitherthereis

no bandwidthestimatoror theestimatesaretotally unreliableandcannotbeused.

TheRFSalgorithmhasno`real' cluewhensettingthenew valueof the �Œ‹Ž•(• . The

correspondingdistribution function ac��‹©� is then:
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Froma network point of view, if oneadmitsskewed(or malicious)estimates,like

deterministicallysetting Š† fs )

j

whenthe network is lightly loadedor Š† fs )

†

CFE$G

, whenthenetwork is heavily loaded,thenthenetwork performancemaybe

worst.However, suchskewedestimationsareequivalentmoreto maliciousmodi�-

cationsof TCPthanto errorfunctionsandwill notbeconsideredany further.

3. `Triangular' BandwidthEstimator(TBE). Theinformationon theconnection'sfair

shareis supposedto be affectedby an error function whoseprobability distribu-

tion is linearly decreasing,eventuallyreachingzero.The resultingdistribution of

the ‘ vectoris triangular, centeredon † fs. Thedistribution canbeasymmetrical,

emulatingskewederrors:
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where,Á

¿ is themaximumadmissibleerrorunderestimatingthefair share,Á

# is the

maximumadmissibleerroroverestimatingthefair share,and
ˆ fs

„

�

Á

¿

qDÁ

#��’)

j

; �Z¿

and ��# aretheslopesof theunder- andover-estimation,respectively, andaregiven

by: �Z¿È)Éˆ fs
	

Á

¿ and ��#Ž)»•Fˆ fs
	

Á

# .

3.2 W Ê P: Window Incr easeand Aggressiveness

Sect.3.1 discussesa possibleimprovementof the congestioncontrol algorithmasfar

asits reactionto packet dropsis concerned.However, if theaim is thereductionof the



window oscillations,thewindow increaseduringthecongestionavoidancephasemust

bealsomodi�ed. Following thetheoreticalresultsin [13], to enhancenetwork stability,

theloopgain,andhencetheprotocolaggressiveness,shouldbereduced.Moreover, we

suggestthat,if thereis areasonableestimationof thefair share,only averygentleprob-

ing for extra bandwidthhasto be performedin orderto refrain from over-congesting

thenetwork andto assurethenecessarylevel of friendlinesswith olderversionsof TCP.

We call this modi�cation W M P (Windowp-Persistent), from themodelingsolution

in the OMQN, representedin Fig.3, which is exactly the implementationof the ˆ -

persistentalgorithmin MAC protocols:at any RTT, increasethe valueof �Z‹Ž•(• of 1

segmentwith probability ˆ andkeepthewindow sizeunchangedwith probability
j

•Pˆ .

1�p

N�1 LN+1LNp p p

1�p1�p

L

Fig.3. OMQN representationof theW Ë Pprotocolmodi�cation

Theimplementationin TCPcanbedeterministic,increasingthe �Œ‹Ž•(• by 1 segment

every
�

M

�� ! , or, asin thecurrentTCPimplementation,increasing�Œ‹Ž•(• by
ˆ

�Z‹Ž•(•

MSS

everyvalid, nonduplicatedACK.

3.3 ESSE:Reducingthe Transient Overshoot

So far we have discussedonly modi�cations to the steadystatebehavior of the con-

gestioncontrolalgorithm,disregardingtherole of theslow startphase.Internettraf�c,

however, is dominatedby shortto mediumconnections,so that thesteadystateof the

network is indeedthesuperpositionof thetransientsof many �o ws.In sucha scenario,



disregardingtheslow start,andspeciallythe �rst one,whentheTCP thresholdis not

yet set,is extremelydangerous.

Sinceduringslow startTCPdoublesthewindow sizeateachRTT, andTCPreaction

timecannotbeany smallerthantheRTT itself, whenthethresholdis notsetthereis an

enormouspotentialfor burst losses[27]. In line of principle,themodi�cation is trivial:

estimatetheavailableresourcesandexit theslow startto enterthecongestionavoidance

phaseassoonasthewindow sizereachesthis estimation.We areperfectlyawarethat

theestimationof theresourcesduringtheinitial transientis extremelycritical. For this

reason,we assumethat thereis no reliable estimationuntil the window reachesthe

dimensionof � ve segmentsafter threeRTTs. Errors in the bandwidthestimationare

modeledasfor theRFScase;however, theerrordistributionsduringthe�rst slow start

andduringcongestionavoidanceareindependent,so thatwe canmodela largererror

duringthe�rst slow start.

TheOMQNmodi�cation for ESSErequirestheintroductionof new transitionsfrom

the slow-startqueuesto congestionavoidancequeues.From the topologicalpoint of

view, theseareequivalentto thosedescribedin Fig.2 for theRFSmodi�cation, obvi-

ouslystartingfrom slow-startqueuesandnot from fastrecoveryqueues.

4 Assessmentof the Modi�cations Performance

To discussthe impactof themodi�cations describedso far, we considertwo different

scenarios,which are frequentlyencounteredin the Internet.Both scenariosrefer to

wide areanetworks(WAN), sincein local (LAN) environment,thecongestioncontrol

algorithmsof TCP very rarely play a major role. We only considerstandard,FIFO

queueingwith droptail policies,whichareby farthemostdiffusedqueueingschemesin

deployedrouters.Drop tail buffersintroducecorrelationin losses,whichareaccounted



for in our modelswith the techniquesdescribedin [7,19,21]. The presenceof active

queuemanagement(AQM) policiesandrandomlossesdueto link errorsare left for

futurestudy, thoughthey donot representamajormodelingproblem.

The�rst scenariocorrespondsto thecasewherethebottleneckis representedby the

peeringpointbetweentwo ISPs.This is oftenthecasein web-browsingUSA sitesfrom

Europe,sincethe Internettraf�c is highly asymmetrical(moredownloadsfrom USA

to Europethanvice-versa).The peeringcontractsbetweenISPsresultin a bottleneck

whoseavailablebandwidthis nowhereneartheinstalledcapacityontransoceaniclinks.

Weassume,in thiscase,abottleneckof 10Mbit/s,with anaverageconnectionsdistance

of roughly10,000km, resultingin anaverageRTT of 100msplus thequeueingat the

bottleneck,which is directlycomputedby themodelanddependsonthebuffer sizeand

bottleneckload.We will referto this scenarioasthePEERING scenario.

Thesecondscenariocorrespondsto thecasewherethebottleneckof theconnections

is the accesslink of the institution wherethe connectionsoriginate/terminate.In this

case,the bandwidthof the bottleneckcanbe extremelyvariable,dependinguponthe

institutiondimensionandsimilar factors.Wedeemthatthisscenariois mostinteresting

when the accesslink is fairly fast and,on average,thereare many �o ws competing

for the resources.We assumethat thebottleneckis a 100Mbit/s link. In this case,the

averageconnectionlengthis smaller, sincetherearebothtransoceanicconnectionsand

“European”connections4. We arbitrarily set the averagelengthof the connectionsto

3,000km, obtaininganaverageRTT of 30ms.We call this scenarioACCESS. In both

cases,thebottleneckbuffer is setto 64packets.

4 Noticethatwesetthishypotheticalinstitutionin Europe,but reversingthesituationandhaving

it in theUSA, would notchangethebasiclayoutof thescenario



1e-05

0.0001

0.001

0.01

0.1

0.65 0.7 0.75 0.8 0.85 0.9 0.95

D
ro

p 
R

at
e

Normalized load

Maximum Window Size 16

NewReno
WpP (p=0.5)

RFS
ESSE

All mod.

1e-05

0.0001

0.001

0.01

0.1

0.65 0.7 0.75 0.8 0.85 0.9 0.95

D
ro

p 
R

at
e

Normalized load

Maximum Window Size 32

NewReno
WpP (p=0.5)

RFS
ESSE

All mod.

Fig.4. Packet dropratein theACCESS scenarioconsideringtheW Ë P, RFSandESSEmodi�ca-
tionsseparately, or joint together



We examine�rst the packet drop rate in the ACCESS scenario,consideringsepa-

ratelytheW M PtheRFSandtheESSEmodi�cations,orsimultaneouslyenabled.Through-

out thepaper, whenWM P is used,it will alwaysbeassumed̂­)

j

	

„ . Flowsareall 100

packetslong (packetsizeis 1000Bytes),but we considertwo differentmaximumwin-

dow sizes(MWS), namely16 and32 packets.Fig.4 reportsthe packet drop rate as

a function of the nominal5 normalizedtraf�c load. It is quite clear that the drop rate

is dominatedby the transientbehavior: unlessthe ESSEmodi�cation is enabled,the

lossrateis almostindistinguishable(at leastin logarithmicscale)from thelossrateof

NewRenoconnections.It is alsointerestingto noticethattheMWS hasamajorimpact

onthelossrate,andthegaininducedby theESSEmodi�cation growswith thewindow

size.

Theperformancegainobtainedin termsof packetdroprateis striking;however, end

usersaremoreinterestedin thetimethey needto transfertheinformation.Thetwo plots

in Fig.5 reporttheaverage�o w completiontime correspondingto thesamesituation

of Fig.4. It is clearthatwith largeMWS thegainwith thethreejoint modi�cations is

determinant,speciallyat high loads(thesolutionof themodelshows somenumerical

instabilityatveryhighloads,whichcausestheconnectionsdurationof NewReno,W M P

andRFSto decreaseslightly at load0.94).

Thesituationwith smallMWS is insteadmorecomplicated.Thoughnot quantita-

tively large, the advantageat high loadsis still clearwhenall modi�cations arecon-

sideredtogether;however, at light loads,the ESSEmodi�cation seemsto penalize,

thoughonly marginally, theconnections.The reasonis a too early exit from theslow

start,that avoids connectionsto reachthe MWS. Indeed,with small drop rates,most

5 This is the load that the bottleneckwould have if therewereno retransmissions,hencethe

actualloadof thenetwork is higher
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of the connectionsterminatewithout losses,hencethe larger the reachedwindow in

slow start,thefasteris thetransfer. Resultswouldprobablybedifferentconsideringthe

Ì�² o percentileof thecompletiontime. Unfortunately, our modelis not yet capableof

computingcompletiontime variancesor distributions.

4.1 The In�uence of Bandwidth Estimation Err ors

Theperformanceof a protocolthathasa reliableestimationof theavailablebandwidth

andmakesan intelligentuseof this knowledgeshouldnot bea surprise;however, we

areinterestedin analyzingtheresilienceof suchprotocolsto estimationerrors.Thees-

timationerrorsaremodeledasdescribedin Sect.3.1.Whentheerrorshavea triangular

distribution,themaximumrelativeerroris 25%of theaverageavailablebandwidth.We

only considerall themodi�cationsimplementedtogetherandtheerrorestimationfunc-

tion is thesameduringslow startandcongestionavoidance.Thecompletiontimesof

NewRenoarereportedfor comparison.

We analyzehereonly thecompletiontimesof connections,sincethesealsore�ect

theunderlyinglossrate.

Figs.6 and 7 reporttheaveragecompletiontimesfor connectionsthatare60 (top-

left plot), 100(top-rightplot) and200(bottomplot) segmentslong, in theACCESS and

PEERING scenariosrespectively. `BBE' curvesreferto theidealbandwidthestimation,

`TBE' curvesto the triangularerror function and`NBE' curvesto the casewhenthe

estimationis uniformly distributed,i.e., drawn completelyat random.The qualitative

behavior is the samein all cases,regardlessof the bottleneckpositionor capacity, or

of theaverageconnectionslength.Thestriking resultis thatNewReno,at high loads,

alwaysperformsso poorly asto be worsethanchoosingthe window sizeat random.

Theexplanationis rootedoncemorein the transientbehavior of theprotocol,andin-
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deed,whenconnectionsarelonger, theperformancegapis partially �lled. NewReno,

asall TCPimplementations,duringthe�rst slow startgrows thewindow until thenet-

work is congestedandpacketsaredropped.In otherwords,duringtheinitial transient,

NewRenodoesnothingto estimatetheavailableresources,but assumesthey are“in�-

nite,” deterministicallyoverloadingthenetwork; this behavior endsup in poorperfor-

mancebecauseof thehigherpacket lossrate,evenhigherthana protocolthat, instead

of correctlyevaluatingtheavailableresourcesdraws a uniform randomvariableto set

thewindow size.

Goinga little bit moreinto detail,we canobserve that,for shorterconnectionsand

low loads,theearlyexit from theslow startimplementedby theESSEmodi�cation may

bea little penalizing,thoughalwaysmarginally. ComparingthePEERING andACCESS

scenarioit is clear that the larger the availableresources,the higher the gain we can

achieve from a correctestimationof theavailableresourcesfrom its useto reducethe

initial transientovershoot.

4.2 Simulations

In this sectionwe assesstheeffectivenessof themodi�cations to TCPcongestioncon-

trol mechanismby meansof simulations.Simulationarecarriedoutby usingns-2sim-

ulator[24], version2.1b9a.

For the sake of concisenesswe presenthere the resultsrelatedto the PEERING

scenario,althoughsimilar resultscanbeshown for theACCESS scenario.

Figure8 shows the averagedrop rateandcompletiontime of TCP NewRenoand

TCPmodconnectionsobtainedthroughsimulationsandmodel(with W M P not enabled

– that is ˆ
)

j

– andassumingbandwidthestimationprovidedby BBE). Again, we

consider100packetslongshort-livedconnections(with packetssizeof 1000Bytes)and



we assumea maximumwindow sizenegotiatedbetweenTCPsourcesanddestinations

of 32packets.

Althoughthecurvesassociatedto simulationsandmodeldo not matchperfectly, it

is importantto noticethat they show a consistentqualitative behavior, andtherelative

performanceof NewRenoandthemodi�ed TCP remainsthesame.In particular, it is

clear the greatimprovementin the valueof the drop ratecausedby ESSEmodi�ca-

tion andits bene�cial effect in thecompletiontimeof connectionsfor suf�ciently high

valuesof theload.Ontheotherhand,wecanagainnoticethatthedecreasedaggressive-

nessdueto ESSEdeterminesa highercompletiontime for medium-lightloads,that is

whenthedroprateof NewRenoconnectionsis solow (lessthan1%) thatthemostpart

of the �o ws do not experienceany packet loss.In this condition,clearly, connections

thatleaveearlytheslow startphasearepenalized.

Finally we needto considerthat the ns-2 implementationof the modi�cations to

TCParejust a meansto show thatthemodelingtechniquewe haveusedto analyzethe

modi�cations is indeeda viablesolutionto studyprotocolsandwe have not matched

closely the model and the simulationsetup.For example,the bandwidthestimation

moduleimplementedin thesimulatoris differentfrom theestimationdonein themodel.

Themodelevaluatestheensemblemeanof theavailablebandwidth;theestimatorin the

simulations,on theotherhand,computesthe(instantaneous)fair shareon thebasisof

thenumberof simultaneouslyactiveconnections.All thesame,theresultsobtainedby

simulationsprovethattheindicationsprovidedby themodelaremetalsoin simulation.

5 Conclusionsand Future Work

TCP is a reliable,robust andreasonablywell performingprotocol;however, it is far

from perfect,andscoresof modi�cations have beenproposedto improve its perfor-
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mance.Someof themweresuccessfullyimplementedandarenow availablein standard

implementations,othersdid not have the samesuccess.The bestof the effort in TCP

studywasalwaysdevotedto heuristicmodi�cations, andtheir implementationevalu-

atedeither in a simulationenvironmentor on testbeds.The work we presentin this

paperis a �rst attemptto tackle the problemfrom a theoreticalpoint of view, using

modelsthatpredictthe impactof themodi�cations beforeimplementingthemandal-

lowing a mucheasierevaluationof theresults,sincethecomputingeffort to obtainthe

resultsis ordersof magnitudesmallerthanthat of simulations,andtestbedscanonly

offer resultsfor very limited settings.

Wehaveconsideredthreedifferentmodi�cationsthatrequirechangesof thesender

sideonly, thushaving potentiallya minor impact if deployed in the Internet.Oneof

themajorresultsof thiswork is that,in many situations,theperformanceof competing

TCPconnectionsis dominatedby theinitial transientwhenthethresholdis not yet set.

Hence,any attemptto improve TCP performanceshouldtake into accountthe initial

transienttoo,while, browsingthe literature,it is clearthat thebestpartof theeffort in

TCPresearchwasdevotedto its steadystate.

We admit that the resultswe have arenot de�niti ve, sincewe have to re�ne our

modeltowardsthreedifferentdirectionsat least.First of all we have to verify thebe-

havior of themodi�ed TCPversionwhencompetingwith NewRenoimplementations,

in orderto verify their friendlinessto theexistingInternet.Thoughnot trivial, thismod-

eling stepis feasibleandwe hopeto show also this aspectin short time. As a “side

effect” of this additionalmodelingeffort, the model will also be able to predict the

performanceof any mix of differentlength�o ws. Second,sincetheconsideredmodi-

�cations imply theend-to-endestimationof theavailablebandwidth,additionalstudies

arerequiredon how the estimationcanbe carriedout andwhat kind of errorswould



presumablyaffect this estimation.Finally, it would beextremelyinteresting,thoughit

is still not clearif it is possible,to extendthemodelingtechniqueto computenot only

averagesover the whole �o ws, but alsosomeadditionalinformationaboutthe actual

distributionsof, for instance,thecompletiontimeof theconnections.
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Paper impr ovements

With respectto the versionof the paperpresentedat Networking 2000,we have fol-
lowedthereviewers'indicationstrying to improve thepaper. Apart from correctingall
possibleEnglishglitches,themajormodi�cationsare:

1. We havetried to explainmoreclearlytheESSEmodi�cation in theOMQN
2. We implementedthe modi�cations in ns-2andrun somevalidationexperiments,

thatarereportedin thenew versionof thepaper;
3. Weexplainedwhy, andin whichcontext, weconsidertheuniformly randomchoice

of theRFSwindow a `worstcase';
4. We addedthecurvesassociatedto theESSEalonemodi�cation;
5. Unfortunatelywearenot yetableto provide“friendliness”,analysis;however, this

is a majoradditionto the work, whosemain aim, asstatedin the introduction,is
not the proposalof a further TCP modi�cation, but to prove the viability of our
methodologyto exploreprotocolmodi�cationsanddesign.

Thanksto thereviewersuggestions,with respectto theversionsubmittedto Perfor-
manceEvaluationwemodi�ed thepaperin thefollowing ways:

1. We tried to improve the level of presentationby addinga longer discussionon
OMQN modelling.In particular, for thesakeof clarity, we includedtheapplication
of theOMQN techniqueto asimplerStop&Wait protocol.

2. We speci�ed the gain achievable by using the model rather than simulationsin
termsof numberof connectionsthatcanbehandled

3. We enlargedthe�gures to make themmorereadable;
4. We addedthereferencessuggestedby referees
5. We addedsomemissinginformationin thesimulationscenario
6. We improvedthe �gure relatedto the transitionprobabilitiesfor RFSandwe bet-

ter explainedthe descriptionof the error distribution of the estimatesin BBE, as
suggestedby oneof thethereviewers


