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Abstract
Vegasisanimplementationof TCPthatachieves
between37 and71% betterthroughputon the
Internet,with one-fifth to one-half the losses,
ascomparedto the implementationof TCP in
the Renodistributionof BSD Unix. This pa-
permotivatesanddescribesthe threekey tech-
niquesemployedby Vegas,andpresentsthere-
sultsof a comprehensiveexperimentalperfor-
mancestudyÑusingbothsimulationsandmea-
surementson the InternetÑof the Vegasand
Renoimplementationsof TCP.

Keywords
TCP, Reno,Vegas,protocols,congestionavoid-
ance.

1 Introduction
Few would argue that oneof TCPÕs strengthslies in its
adaptiveretransmissionand congestioncontrol mecha-
nism,with JacobsonÕspaper[7] providingthecornerstone
of thatmechanism.Thispaperattemptsto gobeyondthis
earlierwork; toprovidesomenewinsightsintocongestion
control,andto proposemodificationsto theimplementa-
tion of TCPthatexploit theseinsights.

Thetangibleresultof thiseffort isanimplementationof
TCP, basedon modificationsto theRenoimplementation
of TCP, thatwerefertoasTCPVegas. Thisnameisatake-
off of earlierimplementationsof TCPthatweredistributed
in releasesof 4.3BSDUnix knownasTahoeandReno;we
useTahoeandRenoto refer to the TCP implementation
insteadof the Unix release. Note that Vegasdoesnot
involveanychangesto theTCPspecification;it is merely
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analternativeimplementationthat interoperateswith any
othervalid implementationof TCP. In fact,all thechanges
areconfinedto thesendingside.

The main resultreportedin this paperis that Vegasis
able to achievebetween37 and 71% better throughput
thanReno. Moreover, thisimprovementin throughputis
notachievedbyanaggressiveretransmissionstrategythat
effectively stealsbandwidthawayfrom TCPconnections
that use the currentalgorithms. Rather, it is achieved
by a moreefficient useof the availablebandwidth. Our
experimentsshow that Vegasretransmitsbetweenone-
fifth andone-halfasmuchdataasdoesReno.

This paperis organizedasfollows. Section2 outlines
the tools we usedto measureandanalyzeTCP. Section
3 thendescribesthetechniquesemployedby TCPVegas,
coupledwith the insightsthat led us to the techniques.
Section4 then presentsa comprehensiveevaluationof
VegasÕperformance,includingbothsimulationresultsand
measurementsof TCPrunningover theInternet.Finally,
Section5 discussesseveralrelevantissuesandSection6
makessomeconcludingremarks.

2 Tools

Thissectionbriefly describesthetoolsusedto implement
andanalyzethedifferentversionsof TCP. All of thepro-
tocolsweredevelopedandtestedundertheUniversityof
ArizonaÕs -kernelframework[6]. Our implementation
of Renowasderivedby retrofitting theBSDimplementa-
tion into the -kernel. Our implementationof Vegaswas
derivedby modifyingReno.

We limit our discussionto Reno,which is both newerandbetter
performingthan Tahoe. Section5.4 discussesour resultsrelative to
newerversionsof TCPÑBerkeleyNetworkRelease2 (BNR2)andBSD
4.4.
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Figure1: TCPRenotraceexamples.

2.1 Simulator

Many of the resultsreportedin this paperwereobtained
from anetworksimulator. Eventhoughseveralgoodsim-
ulatorsareavailableÑe.g.,REAL [12] andNetsim[5]Ñ
we decidedto build our own simulatorbasedon the -
kernel. In this environment,actual -kernelprotocolim-
plementationsrun on a simulatednetwork. Specifically,
thesimulatorsupportsmultiplehosts,eachrunninga full
protocolstack(TEST/TCP/IP/ETH),andseveralabstract
link behaviors(point-to-pointconnectionsandethernets).
Routerscanbemodeledeitherasa networknoderunning
the actualIP protocolcode,or asan abstractentity that
supportsa particularqueuingdiscipline(e.g.,FIFO).

The -kernel-basedsimulatorprovidesa realisticset-
ting for evaluatingprotocolsÑeachprotocolis modeled
by theactualC codethat implementsit ratherthansome
moreabstractspecification. It is alsotrivial to movepro-
tocolsbetweenthe simulatorandthe real world, thereby
providinga comprehensiveprotocoldesign,implementa-
tion,andtestingenvironment.

One of the most importantprotocolsavailablein the
simulatoris calledTRAFFICÑit implementsTCP Inter-
net traffic basedon tcplib [3]. TRAFFIC startsconver-
sationswith interarrival times given by an exponential
distribution. Eachconversationcanbeof typeTELNET,

FTP, NNTP, or SMTP, eachof which expectsa set of
parameters.For example,FTPexpectsthe following pa-
rameters:numberof items to transmit,control segment
size,andtheitemsizes.All of theseparametersarebased
on probability distributions obtainedfrom traffic traces.
Finally, eachof theseconversationsrunsontopof its own
TCPconnection.

2.2 Trace Facility

Early in this effort it becameclear that we neededgood
facilities to analyzethe behaviorof TCP. We therefore
addedcodeto the -kernelto tracethe relevantchanges
in the connectionstate. We paid particularattentionto
keepingthe overheadof this tracing facility as low as
possible,soasto minimizetheeffectson thebehaviorof
theprotocol. Specifically, thefacility writestracedatato
memory, dumpsit to afile only whenthetestis over, and
keepstheamountof dataassociatedwith eachtraceentry
small(8 bytes).

Wethendevelopedvarioustoolsto analyzeanddisplay
thetracinginformation.Therestof thissectiondescribes
onesuchtool thatgraphicallyrepresentsrelevantfeatures
of thestateof the TCPconnectionasa functionof time.
Thistooloutputsmultiplegraphs,eachfocusingonaspe-
cific setof characteristicsof theconnectionstate. Fig. 1
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givesanexample.Sincewe usegraphslike this through-
out the paper, we now explainhow to readthe graphin
somedetail.
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Figure2: Commonelementsin TCPtracegraphs.

First,all TCPtracegraphshavecertainfeaturesin com-
mon,asillustratedin Fig. 2. Thecirclednumbersin this
figurearekeyedto thefollowing explanations:

1. Hashmarksonthe -axisindicatewhenanACK was
received.

2. Hashmarksat the top of the graphindicatewhena
segmentwassent.

3. The numberson the top of thegraphindicatewhen
the kilobyte(KB) wassent.

4. Diamondsontopof thegraphindicatewhentheperi-
odic coarse-grainedtimerfires. This doesnot imply
a TCP timeout,just that TCP checkedto seeif any
timeoutsshouldhappen.

5. Circles on top of the graphindicatethat a coarse-
grainedtimeoutoccurred,causinga segmentto be
retransmitted.

6. Solid vertical lines runningthe whole heightof the
graphindicatewhena segmentthatis eventuallyre-
transmittedwasoriginally sent,presumablybecause
it waslost. Noticethatseveralconsecutivesegments
areretransmittedin theexample.

In addition to this commoninformation, eachgraph
depictsmorespecific information. The bottomgraphin
Fig. 1 is thesimplestÑit showstheaveragesendingrate,
calculatedfrom the last 12 segments.The top graphin
Fig. 1 is morecomplicatedÑit givesthe sizeof the dif-

For simplicity, we sometimessaya segmentwaslost, eventhough
all weknowfor sureis thatthesenderretransmittedit.
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Figure3: TCPwindowsgraph.

ferentwindowsTCPusesfor flow andcongestioncontrol.
Fig. 3 showsthesein more detail, again keyedby the
following explanations:

1. Thedashedlinegivesthethresholdwindow. It isused
duringslow-start,andmarksthe point at which the
congestionwindowgrowthchangesfromexponential
to linear.

2. The dark gray line givesthesendwindow. It is the
minimum of the senderÕs buffer sizeandreceiverÕs
advertizedwindow, anddefinesanupperlimit to the
numberof bytessentbutnotyetacknowledged.

3. Thelight graylinegivesthecongestionwindow. It is
usedfor congestioncontrol,andisalsoanupperlimit
tothenumberof bytessentbutnotyetacknowledged.

4. The thin line gives the actual numberof bytes in
transitatanygiventime,whereby in transitwemean
sentbutnotyetacknowledged.

Since the window graph presentsa lot of information,
it is easyto get lost in the detail. To assistthe reader
in developinga betterunderstandingof this graph, the
Appendixpresentsa detaileddescriptionof the behavior
depictedin Fig. 3.

The graphsjust describedare obtainedfrom tracing
informationsavedby theprotocol,andare,thus,available
whetherthe protocolis runningin the simulatoror over
a real network. The simulatoritself alsoreportscertain
information,suchas the rate, in KB/s, at which datais
enteringor leavinga hostor a router. For a router, the
tracesalso savethe size of the queuesas a function of
time, andthe time andsizeof segmentsthataredropped
dueto insufficientqueuespace.
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3 Techniques
Thissectionmotivatesanddescribesthreetechniquesthat
Vegasemploystoincreasethroughputanddecreaselosses.
Thefirst techniqueresultsin a moretimely decisionto re-
transmita droppedsegment.Thesecondtechniquegives
TCP the ability to anticipatecongestion,and adjust its
transmissionrateaccordingly. Thefinal techniquemod-
ifies TCPÕs slow-startmechanismso as to avoid packet
losseswhile trying to find the availablebandwidthdur-
ing theinitial useof slow-start.Therelationshipbetween
ourtechniquesandthoseproposedelsewherearealsodis-
cussedin thissectionin theappropriatesubsections.

3.1 New Retransmission Mechanism
Renousestwo mechanismsto detectandthenretransmit
lost segments.The original mechanism,which is partof
theTCPspecification,is theretransmittimeout.It isbased
onroundtrip time(RTT) andvarianceestimatescomputed
by samplingthetimebetweenwhenasegmentis sentand
anACK arrives.In BSD-basedimplementations,theclock
usedto time theround-tripÒticksÓevery500ms.Checks
for timeoutsalsooccuronly whenthiscoarse-grainclock
ticks. Thecoarsenessinherentin thismechanismimplies
that the time interval betweensendinga segmentthat is
lost until there is a timeout and the segmentis resent
is generallymuch longer thannecessary. For example,
duringa seriesof testson the Internet,we foundthat for
lossesthat resultedin a timeoutit took Renoan average
of 1100msfrom the time it senta segmentthat was lost
until it timedoutandresentthesegment,whereaslessthan
300mswouldhavebeenthecorrecttimeoutintervalhada
moreaccurateclock beenused.

This unnecessarilylarge delay did not go unnoticed,
andthe FastRetransmitandFastRecoverymechanisms
whereincorporatedinto theRenoimplementationof TCP
(for a moredetaileddescriptionsee[15]). Renonotonly
retransmitswhena coarse-graintimeoutoccurs,but also
whenit receives duplicateACKs ( is usually3). Reno
sendsaduplicateACK wheneverit receivesanew segment
thatit cannotacknowledgebecauseit hasnotyet received
all theprevioussegments.For example,if Renoreceives
segment2butsegment3 isdropped,it will sendaduplicate
ACK for segment2 whensegment4 arrives,againwhen
segment5 arrives,andso on. Whenthe senderseesthe
third duplicateACK for segment2 (theonesentbecause

thereceiverhadgottensegment6) it retransmitssegment
3.

The FastRetransmitand FastRecoverymechanisms
arevery successfulÑtheypreventmore thanhalf of the
coarse-graintimeouts that occur on TCP implementa-
tionswithout thesemechanisms.However, someof our
early analysisindicatedthat eliminatingthe dependency
on coarse-graintimeoutswould result in at leasta 19%
increasein throughput.
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Rcvd ACK for packet 10 (packets 11 and 12 are in transit)

Send packet 13 (which is lost)

Rcvd ACK for packet 11
Send packet 14

Rcvd ACK for packet 12
Send packet 15 (which is also lost)

Should have gotten ACK for packet 13

Rcvd dup ACK for packet 12 (due to packet 14)
Vegas checks timestamp of packet 13 and decides to retransmit it
(Reno would need to wait for the 3rd duplicate ACK)

Rcvd ACK for packets 13 and 14
Since it is 1st or 2nd ACK after retransmission,
Vegas checks timestamp of packet 15 and decides to retransmit it
(Reno would need to wait for 3 new duplicate ACKS)

Figure4: Exampleof retransmitmechanism.

Vegas,therefore,extendsRenoÕsretransmissionmech-
anismsas follows. First, Vegasreadsand recordsthe
systemclockeachtimea segmentis sent.WhenanACK
arrives,Vegasreadsthe clock againand doesthe RTT
calculationusingthistimeandthetimestamprecordedfor
therelevantsegment.Vegasthenusesthismoreaccurate
RTT estimateto decideto retransmitin thefollowing two
situations(a simpleexampleis givenin Fig. 4):

Whena duplicateACK is received,Vegaschecksto
seeif the differencebetweenthe current time and
the timestamprecordedfor the relevantsegmentis
greaterthanthe timeoutvalue. If it is, thenVegas
retransmitsthesegmentwithouthavingto wait for
(3) duplicateACKs. In manycases,lossesareeither
sogreator thewindowsosmall thatthesenderwill
neverreceivethreeduplicateACKs, and therefore,
Renowouldhaveto rely onthecoarse-graintimeout
mentionedabove.
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Figure5: TCPRenowith noothertraffic (throughput:123KB/s).

Whena non-duplicateACK is received,if it is the
firstorsecondoneafteraretransmission,Vegasagain
checksto seeif the time interval sincethe segment
wassentis largerthanthetimeoutvalue. If it is, then
Vegasretransmitsthe segment.This will catchany
othersegmentthatmayhavebeenlostpreviousto the
retransmissionwithouthavingto wait for aduplicate
ACK.

In otherwords,Vegastreatsthe receiptof certainACKs
as a hint to check if a timeout shouldoccur. Since it
only checksfor timeoutsin rareoccasions,the overhead
is small. Notice that eventhoughonecould reducethe
numberof duplicateACKs usedto trigger the FastRe-
transmitfrom 3 duplicateACKs to either2 or 1, it is not
recommendedas it could resultin manyunnecessaryre-
transmissionsandbecauseit makesassumptionsaboutthe
likelihoodthatpacketswill bedeliveredoutof order.

The goal of the new retransmissionmechanismis not
justto reducethetimeto detectlostpacketsfrom thethird
duplicateACK to the first or secondduplicateACKÑ
a small savingsÑbutto detectlost packetseventhough

theremaybeno secondor third duplicateACK. Thenew
mechanismis very successfulat achievingthis goal, as
it further reducesthe numberof coarse-grainedtimeouts
in Renoby morethanhalf. Vegasstill containsRenoÕs
coarse-graintimeoutcodein casethenewmechanismsfail
to recognizea lostsegment.

Relatedto making timeoutsmore timely, notice that
the congestionwindow shouldonly be reduceddue to
lossesthat happenedat the currentsendingrate,andnot
dueto lossesthat happenedat an earlier, higherrate. In
Reno, it is possibleto decreasethe congestionwindow
morethanoncefor lossesthat occurredduringoneRTT
interval. In contrast,Vegasonlydecreasesthecongestion
window if theretransmittedsegmentwaspreviouslysent
after the last decrease.Any lossesthat happenedbefore
the last window decreasedo not imply that the network

Thiswastestedonanimplementationof Vegaswhichdid nothave
thecongestionavoidanceandslow-startmodificationdescribedlater in
thissection.

Thisproblemin theBSDversionsof Renohasalsobeenpointedout
by Sally Floyd[4].
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Figure6: Networkconfigurationfor simulations.

is congestedfor thecurrent congestionwindow size,and
therefore,do not imply thatit shouldbedecreasedagain.
Thischangeis neededbecauseVegasdetectslossesmuch
soonerthanReno.

3.2 Congestion Avoidance Mechanism
TCPRenoÕscongestiondetectionandcontrolmechanism
usesthelossof segmentsasasignalthatthereiscongestion
in thenetwork.It hasnomechanismtodetecttheincipient
stagesof congestionÑbeforelossesoccurÑso theycanbe
prevented.Renois reactive,ratherthanproactive,in this
respect. As a result,Renoneeds to createlossesto find
the availablebandwidthof the connection. This canbe
seenin Fig.5,whichshowsthetraceof aRenoconnection
sending1MB of dataoverthenetworkconfigurationseen
in Fig. 6, with no othertraffic sources;i.e., only Host1a
sendingto Host1b. In this case,the routerqueuesize is
tenÑeachpacketis 1.4KBÑ andthe queuingdiscipline
is FIFO.

Asseenin Fig.5,RenoÕsmechanismtodetecttheavail-
ablebandwidthis to continuallyincreaseits windowsize,
usingupbuffersalongtheconnectionÕspath,until it con-
geststhe networkandsegmentsare lost. It thendetects
theselossesanddecreasesitswindowsize.Consequently,
Renois continuallycongestingthe networkandcreating
its own losses. Theselossesmay not be expensiveif
theFastRetransmitandFastRecoverymechanismscatch

It is possibleto settheexperimentin suchaway thattherearelittle
or no losses.This is doneby limiting themaximumwindow sizesuch
thatit neverexceedsthedelay-bandwidthproductof theconnectionplus
thenumberof buffersat thebottleneck.However, thisonly workswhen
oneknowsboth the availablebandwidthandthe numberof available
buffersat thebottleneck.GiventhatonedoesnÕt havethis information
underreal conditions,we considersuchexperimentsto be somewhat
unrealistic.

them,asseenwith thelossesaround7 and9 seconds,but
byunnecessarilyusingupbuffersatthebottleneckrouterit
is creatinglossesfor otherconnectionssharingthisrouter.

As an aside,it is possibleto setup the experimentin
sucha way thattherearelittle or no losses.This is done
by limiting themaximumwindow sizesuchthat it never
exceedsthe delay-bandwidthproductof the connection
plus the numberof buffers at the bottleneck. This was
done,for example,in [7]. However, thisonlyworkswhen
oneknowsboththeavailablebandwidthandthenumberof
availablebuffersat thebottleneck.GiventhatonedoesnÕt
havethis informationunderreal conditions,we consider
suchexperimentsto besomewhatunrealistic.

Thereareseveralpreviouslyproposedapproachesfor
proactivecongestiondetectionbasedonacommonunder-
standingof thenetworkchangesasit approachesconges-
tion (an excellentdevelopmentis given in [10]). These
changescanbe seenin Fig. 5 in the time interval from
4.5 to 7.5 seconds. One changeis the increasedqueue
sizein theintermediatenodesof theconnection,resulting
in an increaseof the RTT for eachsuccessivesegment.
WangandCrowcroftÕsDUAL algorithm[17] is basedon
reactingto this increaseof theround-tripdelay. Thecon-
gestionwindownormallyincreasesasin Reno,butevery
two round-tripdelaysthe algorithmchecksto seeif the
currentRTT is greaterthanthe averageof the minimum
andmaximumRTTsseensofar. If it is, thenthealgorithm
decreasesthecongestionwindowby one-eighth.

JainÕsCARD (CongestionAvoidanceusingRound-trip
Delay) approach[10] is basedon an analyticderivation
of a socially optimum window size for a deterministic
network. The decisionas to whetheror not to change
the current window size is basedon changesto both
the RTT andthe window size. The window is adjusted
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onceevery two round-tripdelaysbasedon the product
(WindowSize - WindowSize ) (RTT -
RTT ) as follows: if theresultis positive,decreasethe
windowsizebyone-eighth;if theresultisnegativeorzero,
increasethewindowsizeby onemaximumsegmentsize.
Note that the window changesduringeveryadjustment,
thatis, it oscillatesaroundits optimalpoint.

Anotherchangeseenas the networkapproachescon-
gestionis the flatteningof the sendingrate. Wangand
CrowcroftÕsTri-Sscheme[16] takesadvantageof thisfact.
EveryRTT, theyincreasethewindowsizebyonesegment
andcomparethe throughputachievedto the throughput
whenthewindowwasonesegmentsmaller. If thediffer-
enceis lessthanone-halfthe throughputachievedwhen
only onesegmentwasin transitÑas wasthe caseat the
beginningof the connectionÑtheydecreasethe window
by onesegment.Tri-Scalculatesthethroughputby divid-
ing thenumberof bytesoutstandingin thenetworkby the
RTT.

VegasÕapproachis mostsimilar to Tri-S in thatit looks
at changesin the throughputrate, or more specifically,
changesin thesendingrate.However, it differsfromTri-S
in thatit calculatesthroughputsdifferently, andinsteadof
lookingfor a changein thethroughputslope,it compares
themeasuredthroughputratewith anexpectedthroughput
rate. The basisfor this ideacanbe seenin Fig. 5 in the
regionbetween4 and10 seconds. As the window size
increaseswe expectthe throughput(or sendingrate) to
alsoincrease.But thethroughputcannotincreasebeyond
the availablebandwidth;beyondthis point, any increase
in thewindowsizeonly resultsin thesegmentstakingup
buffer spaceat thebottleneckrouter.

Vegasusesthis ideato measureandcontroltheamount
of extra datathisconnectionhasin transit,whereby extra
datawe meandatathat would not havebeensentif the
bandwidthusedby the connectionexactly matchedthe
availablebandwidthof the network. The goal of Vegas
is to maintaintheÒrightÓamountof extradatain thenet-
work. Obviously, if a connectionis sendingtoo much
extra data, it will causecongestion. Lessobviously, if
a connectionis sendingtoo little extradata,it cannotre-
spondrapidlyenoughtotransientincreasesin theavailable
networkbandwidth.VegasÕcongestionavoidanceactions
arebasedonchangesin theestimatedamountof extradata
in thenetwork,andnotonly ondroppedsegments.

We now describethe algorithm in detail. Note that

the algorithmis not in effect during slow-start. VegasÕ
behaviorduringslow-startis describedin Section3.3.

First, define a given connectionÕs BaseRTT to be the
RTT of asegmentwhentheconnectionisnot congested.In
practice,VegassetsBaseRTT to theminimumof all mea-
suredroundtrip times;it is commonlytheRTT of thefirst
segmentsentby theconnection,beforetherouterqueues
increaseduetotrafficgeneratedby thisconnection. If we
assumethatwe arenot overflowing the connection,then
theexpectedthroughputis givenby:

Expected = WindowSize / BaseRTT

whereWindowSize is the size of the currentcongestion
window, which we assumefor thepurposeof thisdiscus-
sion,to beequalto thenumberof bytesin transit.

Second,Vegascalculatesthe currentActual sending
rate. This is done by recording the sendingtime for
a distinguishedsegment,recordinghow manybytesare
transmittedbetweenthe time thatsegmentis sentandits
acknowledgementis received,computingtheRTT for the
distinguishedsegmentwhenitsacknowledgementarrives,
anddividingthenumberof bytestransmittedbythesample
RTT. This calculationis doneonceperround-triptime.

Third, VegascomparesActual to Expected, andadjusts
the window accordingly. Let Diff = Expected - Actual.
NotethatDiff ispositiveorzerobydefinition,sinceActual
Expected impliesthatweneedtochangeBaseRTT tothe

latestsampledRTT. Also define two thresholds, ,
roughlycorrespondingto havingtoo little andtoo much
extradatain thenetwork,respectively. WhenDiff ,
Vegasincreasesthe congestionwindow linearly during
the next RTT, andwhenDiff , Vegasdecreasesthe
congestionwindow linearly during the next RTT. Vegas
leavesthecongestionwindowunchangedwhen Diff
< .

Intuitively, the fartherawaytheactualthroughputgets
fromtheexpectedthroughput,themorecongestionthereis
in thenetwork,whichimpliesthatthesendingrateshould
bereduced.The thresholdtriggersthisdecrease.Onthe
otherhand,whentheactualthroughputrategetstooclose

AlthoughwedonÕt knowtheexactvaluefor theBaseRTT, ourexpe-
riencesuggestsouralgorithmis notsensitiveto errorsin theBaseRTT.

We havemadeeveryattemptto keeptheoverheadof VegasÕcon-
gestionavoidancemechanismassmallaspossible.To helpquantifythis
effect,weranbothRenoandVegasbetweenSparcStationsconnectedby
anEthernet,andmeasuredthepenaltyto belessthan5%. Thisoverhead
canbeexpectedto dropasprocessorsbecomefaster.
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Figure7: TCPVegaswith noothertraffic (throughput:169KB/s).

to the expectedthroughput,the connectionis in danger
of notutilizing theavailablebandwidth.The threshold
triggersthisincrease.Theoverallgoalis to keepbetween

and extrabytesin thenetwork.
Becausethealgorithm,asjustpresented,comparesthe

differencebetweenthe actual and expectedthroughput
ratesto the and thresholds,thesetwo thresholdsare
defined in termsof KB/s. However, it is perhapsmore
accurateto think in termsof how manyextrabuffers the
connectionis occupyingin thenetwork.For example,on
a connectionwith a BaseRTT of 100msand a segment
sizeof 1KB, if KB/s and KB/s, thenwe
canthink of assayingthat the connectionneedsto be
occupyingat leastthreeextrabuffersin thenetwork,and

sayingit shouldoccupyno morethansix extrabuffers
in thenetwork.

In practice,we express and in termsof buffers
rather than extra bytes in transit. During linear in-
crease/decreasemodeÑasopposedtotheslow-startmode
describedbelowÑwe set to oneand to three. This
canbe interpretedas an attemptto useat leastone,but
no more thanthreeextrabuffers in the connection. We
settledon thesevaluesfor and astheyarethesmall-
est feasiblevalues. We want to be greaterthan zero
so the connectionis usingat leastonebuffer at the bot-
tleneckrouter. Then,whentheaggregatetraffic from the
otherconnectionsdecreases(asis boundto happenevery
sooften),our connectioncantakeadvantageof theextra
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availablebandwidthimmediatelywithouthavingto wait
for the oneRTT delay necessaryfor the linear increase
to occur. We want to be two buffersgreaterthan so
smallsporadicchangesin theavailablebandwidthwill not
createoscillationsin thewindowsize. In otherwords,the
useof the regionprovidesa dampingeffect.

Even thoughthe goal of this mechanismis to avoid
congestionby limiting the numberof buffers usedat the
bottleneck,it maynotbeabletoachievethiswhenthereare
a largenumberof ÒbulkdataÓconnectionsgoingthrough
abottleneckwith asmallbuffer size.However, Vegaswill
successfullylimit the the window growthof connections
with smallerround-triptimes. Themechanismsin Vegas
arenotmeanttobetheultimatesolution,buttheyrepresent
a considerableenhancementto thosein Reno.
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Figure8: Congestiondetectionandavoidancein Vegas.

Fig. 7 showsthe behaviorof TCP Vegaswhen there
is no othertraffic present;this is the sameconditionthat
Renoranunderin Fig. 5. Thereis onenewtypeof graph
in thisfigure,thethird one,which depictsthecongestion
avoidancemechanism(CAM) usedbyVegas.Onceagain,
we usea detailedgraph(Fig. 8) keyedto the following
explanation:

1. The small vertical lineÑonce per RTTÑshows the
timeswhenVegasmakesa congestioncontroldeci-
sion; i.e., computesActual andadjuststhe window
accordingly.

2. The gray line showstheExpected throughput.This
is the throughputwe shouldget if all the bytesin
transitareableto get throughtheconnectionin one
BaseRTT.

3. The solid line showsthe Actual sendingrate. We

calculateit from thenumberof byteswe sentin the
lastRTT.

4. The dashedlines are the thresholdsusedto control
the size of the congestionwindow. The top line
correspondsto the thresholdandthe bottomline
correspondsto the threshold.

Fig. 9 showsa trace of a Vegasconnectiontransfer-
ring one MByte of data, while sharing the bottleneck
routerwith tcplib traffic. Thethird graphshowstheout-
put producedby the TRAFFIC protocol simulatingthe
TCP trafficÑthe thin line is the sendingrate in KB/s as
seenin 100msintervalsand the thick line is a running
average(size3). The bottomgraphshowsthe outputof
the bottlenecklink which hasa maximumbandwidthof
200KB/s. The figure clearly showsVegasÕcongestion
avoidancemechanismsat work and how its throughput
adaptsto thechangingconditionson thenetwork.Forex-
ample,asthebackgroundtraffic increasesat 3.7 seconds
(thirdgraph),theVegasconnectiondetectsit anddecreases
its window size (top graph)which resultsin a reduction
in its sendingrate(secondgraph).Whenthebackground
traffic slowsdownat5, 6 and7.5seconds,theVegascon-
nectionincreasesitswindowsize,andcorrespondinglyits
sendingrate. The bottomgraphshowsthat mostof the
time thereis a 100%utilizationof thebottlenecklink.

In contrast,Fig. 10 showsthe behaviorof Renounder
similarconditions.It showsthatthereisverylittle correla-
tionbetweenthewindowsizeandthelevelof background
traffic. For example,asthe backgroundtraffic increases
at 3.7 seconds,the Renoconnectionkeepsincreasingits
window size until there is congestion. This results in
losses,bothto itself andto connectionswhicharepartof
thebackgroundtraffic. Thegraphonly showsthefirst10
secondsof theoneMByte transfer;it took14.2secondsto
completethetransfer. Thebottomgraphshowsthatthere
is under-utilizationof thebottlenecklink.

Theimportantthingto takeawayfrom thisinformation
is that VegasÕincreasedthroughputis not a resultof its
takingbandwidthaway from Renoconnections,but due
toamoreefficientutilizationof thebottlenecklink. In fact,
Renoconnectionsdoslightlybetterwhenthebackground
traffic is runningin topof Vegasascomparedto whenthe
traffic is runningon topof Reno(seeSection4).
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Figure9: TCPVegaswith tcplib-generatedbackgroundtraffic.

3.3 Modified Slow-StartMechanism

TCP is a Ôself-clockingÕprotocol, that is, it usesACKs
asa ÔclockÕto strobenew packetsinto the network[7].
When there are no segmentsin transit, such as at the
beginningof a connectionor after a retransmittimeout,
therewill be no ACKs to serveasa strobe. Slow-start
is a mechanismusedto graduallyincreasetheamountof
datain-transit;it attemptsto keepthesegmentsuniformly
spaced.Thebasicideais to sendonly onesegmentwhen
startingor restartingafter a loss, then as the ACKs are
received,to sendand extra segmentin addition to the
amountof dataacknowledgedin theACK. For example,
if the receivinghostsendsan acknowledgmentfor each

segmentit receives,thesendinghostwill send1 segment
during the first RTT, 2 during the secondRTT, 4 during
the third, andso on. It is easyto seethat the increaseis
exponential,doublingits sendingrateoneachRTT.

Thebehaviorof theslow-startmechanismcanbeseenin
Fig.3andFig.10. It occurstwice,onceduringtheinterval
between0and1seconds,andagainin theintervalbetween
2 and2.5seconds;thelatteraftera coarse-graintimeout.
Thebehaviorof theinitial slow-startis differentfrom the
onesthatoccurlaterin oneimportantrespect.Duringthe
initial slow-start,thereis no a priori knowledgeof the
availablebandwidththat can be usedto stop the expo-
nentialgrowthof thewindow, whereaswhenslow-starts
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Figure10: TCPRenowith tcplib-generatedbackgroundtraffic.

occursin themiddleof a connection,thereis theknowl-
edgeof the window sizeusedwhenthe lossesoccurred
ÑReno considershalf of thatvalueto besafe.

Whenevera retransmittimeoutoccurs,Renosetsthe
thresholdwindow to onehalf of thecongestionwindow.
Theslow-startperiodendswhentheexponentially increas-
ingcongestionwindowreachesthethresholdwindow, and
from thenon, theincreaseis linear, or approximatelyone
segmentperRTT. Sincethecongestionwindow stopsits
exponentialgrowthathalf thepreviousvalue,it isunlikely
thatlosseswill occurduringtheslow-startperiod.

However, thereis nosuchknowledgeof asafewindow
size when the connectionstarts. If the initial threshold

window valueis too small, the exponentialincreasewill
stoptoo early, andit will takea long timeÑby usingthe
linear increaseÑtoarriveat the optimalcongestionwin-
dow size. As a result,throughputsuffers. On the other
hand,if the thresholdwindow is set too large, the con-
gestionwindowwill growuntil theavailablebandwidthis
exceeded,resultingin losseson the orderof the number
of availablebuffers at the bottleneckrouter;theselosses
canbeexpectedto growasnetworkbandwidthincreases.

WhatisneededisawaytofindaconnectionÕsavailable
bandwidthwhichdoesnot incur thesekind of losses.To-
wardsthisend,we incorporatedour congestiondetection
mechanismintoslow-startwith onlyminormodifications.
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Figure11: TCPVegason theleft, experimentalontheright.

To be able to detectandavoid congestionduring slow-
start,Vegasallows exponentialgrowth only everyother
RTT. In between,the congestionwindow staysfixed so
a valid comparisonof the expectedandactualratescan
be made. Whenthe actualrate falls belowthe expected
rateby theequivalentof onerouterbuffer, Vegaschanges
from slow-startmodeto linearincrease/decreasemode.

Thebehaviorof themodifiedslow-startcanbeseenin
Fig. 7 andFig. 9. The reasonthat we needto measure
theactualratewith a fixedcongestionwindow is thatwe
want the actualrate to representthe bandwidthallowed
by theconnection.Thus,we canonly sendasmuchdata
asis acknowledgedin theACK (duringslow-start,Reno
sendsan extra segmentfor eachACK received). This
mechanismis highly successfulat preventingthe losses
incurredduringtheinitial slow-startperiod,asquantified
in thenextsection.

Two problemsremain during any slow-startperiod.
First, segmentsare sentat a rate higher than the avail-
ablebandwidthÑupto twicetheavailablebandwidth,de-
pendingon the ACKing frequency(e.g., everysegment

or every two segments).This resultson the bottleneck
routerhavingto buffer up to half of thedatasenton each
RTT, therebyincreasingthe likelihood of lossesduring
the slow-startperiod. Moreover, as networkspeedsin-
crease,sodoestheamountof buffering needed.Second,
whileVegasÕcongestionavoidancemechanismduringthe
initial slow-startperiodis quiteeffective,it canstill over-
shootthe availablebandwidth,and dependson enough
buffering at the bottleneckrouter to preventlossesuntil
realizingit needsto slow down. Specifically, if thecon-
nectioncanhandlea particularwindow size, thenVegas
will doublethatwindowsizeÑandasaconsequence,dou-
ble thesendingrateÑon thenextRTT. At somepoint the
availablebandwidthwill beexceeded.

We haveexperimentedwith a solutionto both prob-
lems. To simplify the following discussion,we refer to
thealternativeversionof Vegaswith anexperimentalslow-
startmechanismasVegas*.Vegas*is basedonusingthe
spacingof the acknowledgmentsto gaugethe available
bandwidth. The ideais similar to KeshavÕs Packet-Pair
probingmechanism[13], exceptthat it usesthe spacing
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of four segmentssentduringthe slow-startperiodrather
thantwo. (Using four segmentsresultsin a morerobust
algorithmthanusingtwosegments.)Thisavailableband-
width estimateis usedto set the thresholdwindow with
an appropriatevalue,which makesVegas*lesslikely to
overshoottheavailablebandwidth.

Specifically, as eachACK is received,Vegas*sched-
ules an eventat a certainpoint in the future, basedon
its availablebandwidthestimate,to increasethe conges-
tion window by onemaximumsegmentsize. This is in
contrastto increasingthe window immediatelyuponre-
ceivingtheACK. Forexample,assumetheRTT is100ms,
themaximumsegmentsizeis 1 KByte, andtheavailable
bandwidthestimateis currently 200 KB/s. During the
slow-startperiod,time is dividedinto intervalsof length
equaltooneRTT. If duringthecurrentRTT intervalweare
expecting4 ACKs to arrive, thenVegas*usesthe band-
width estimate(200KB/s)to guessthe spacingbetween
theincomingACKs (1KB / 200KB/s= 5ms)andaseach
ACK is received,it schedulesaneventto increasethecon-
gestionwindow(andto senda segment)at 20ms( )
in thefuture.

Thegraphsin Fig. 11showthebehaviorof Vegas(left)
andVegas*(right) during the initial slow-start. For this
setof experiments,theavailablebandwidthwas300KB/s
and therewere16 buffers at the router. Looking at the
graphson the left, we seethata packetis lost at around
1 second(indicatedby thethin verticalbar)asa resultof
sendingat 400KB/s. This is becauseVegasdetectedno
problemsat 200KB/s,so it doubledits sendingrate,but
in this particularcase,therewerenot enoughbuffers to
protectit from thelosses.Thebottomgraphdemonstrates
theneedto buffer half of thedatasenton eachRTT as a
resultof sendingata ratetwice theavailablebandwidth.

The graphson the right illustrate the behaviorof Ve-
gas*. It setsthe thresholdwindow (dashedline) based
on the availablebandwidthestimate. This resultsin the
congestionwindow halting its exponentialgrowthat the
right timeÑwhen the sendingrate equalsthe available
bandwidthandpreventingthe losses. The middle graph
showsthat the sendingrateneverexceedsthe available
bandwidth(300KB/s)by much.Finally, thebottomgraph
showsthatVegas*doesnotneedasmanybuffersasVegas.

Notice that while the available bandwidth estimate
couldbeusedto jumpimmediatelyto theavailableband-
width by usingratecontrolduringoneRTT interval,con-

gestionwould resultif morethanoneconnectiondid this
at thesametime. Eventhoughit ispossibletocongestthe
networkif morethanoneconnectiondoesslow-startatthe
sametime,thereis anupperboundonthenumberof bytes
sentduring the RTT whencongestionoccursregardless
of thenumberof connectionssimultaneouslydoingslow-
startÑabouttwicethenumberof bytesthatcanbehandled
by theconnection.Thereis nosuchlimit if morethanone
connectionjumpsto usetheavailablebandwidthat once.
Hence,we stronglyrecommendagainstdoingthisunless
it is known a priori that thereare no otherconnections
sharingthepath,or if thereare, that theywonÕt increase
theirsendingrateat thesametime.

Although thesetracesillustratehow Vegas*Õs experi-
mentalslow-startmechanismdoesin factaddressthetwo
problemswith Vegasoutlinedabove,simulationdataindi-
catesthatthenewmechanismdoesnothaveameasurable
impacton throughput,andonly marginally improvesthe
lossrate.While additionalsimulationsmightexposesitu-
ationswhereVegas*is morebeneficial, we havedecided
to not include thesemodificationsin Vegas. Also, the
resultspresentedin Section4 arefor Vegas,notVegas*.

4 Performance Evaluation
This sectionreportsand analyzesthe resultsfrom both
the Internetand the simulatorexperiments.The results
from the Internetexperimentsare evidencethat VegasÕ
enhancementsto Renoproducesignificantimprovements
on both the throughput(37% higher)andthe numberof
losses(lessthan half) underreal conditions. The sim-
ulator experiments,allow us to alsostudyrelatedissues
suchas how do Vegasconnectionsaffect Renoconnec-
tions,andwhathappenswhenall connectionsarerunning
overVegas.Notethatbecauseit is simpleto movea pro-
tocol betweenthesimulatorandtheÒrealworldÓ,theall
numbersreportedin this sectionarefor exactlythesame
code

4.1 Internet Results

We first presentmeasurementsof TCP over the Internet.
Specifically, wemeasuredTCPtransfersbetweentheUni-
versity of Arizona (UA) and the National Institutesof
Health (NIH). The connectionconsistsof 17 hops,and
passesthroughDenver, St. Louis, Chicago,Cleveland,
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Table1: 1MByte transferovertheInternet.
Reno Vegas-1,3 Vegas-2,4

Throughput(KB/s) 53.00 72.50 75.30
ThroughputRatio 1.00 1.37 1.42
Retransmissions(KB) 47.80 24.50 29.30
RetransmitRatio 1.00 0.51 0.61
CoarseTimeouts 3.30 0.80 0.90

Table2: Effectsof transfersizeovertheInternet.
1024KB 512KB 128KB

Reno Vegas Reno Vegas Reno Vegas
Throughput(KB/s) 53.00 72.50 52.00 72.00 31.10 53.10
ThroughputRatio 1.00 1.37 1.00 1.38 1.00 1.71
Retransmissions(KB) 47.80 24.50 27.90 10.50 22.90 4.00
RetransmitRatio 1.00 0.51 1.00 0.38 1.00 0.17
CoarseTimeouts 3.30 0.80 1.70 0.20 1.10 0.20

New York andWashingtonDC. The resultsare derived
from a setof runsover a sevenday periodfrom January
23-29,1994.Eachrunconsistsof a setof seventransfers
fromUA toNIHÑReno sends1MB, 512KB,and128KB,
aversionof Vegaswith and (denotedVegas-
1,3)sends1MB, 512KB,and128KB,andsecondversion
of Vegaswith and (denotedVegas-2,4)sends
1MB. Weinserteda45seconddelaybetweeneachtransfer
in a runto givethenetworka chanceto settledown,a run
startedapproximatelyonceevery hour, andwe shuffled
theorderof thetransferswithin eachrun.

Table1 showsthe resultsfor the 1MB transfers. De-
pendingon thecongestionavoidancethresholds,it shows
between37%and42%improvementoverRenoÕsthrough-
put with only 51%to 61%of theretransmissions.When
comparingVegasandRenowithin eachrun, Vegasout-
performsReno92% of the time andacrossall levelsof
congestion;i.e., duringboth the middleof the night and
during periodsof high load. Also, the throughputwas
a little higher with the bigger thresholds,since the Ve-
gasconnectionusedmorebuffersat thebottleneckrouter
whichcouldbeusedtofill bandwidthgapsoccurringwhen
thebackgroundtraffic sloweddown. However, thehigher
buffer utilizationat thebottleneckalsoresultedin higher
lossesand slightly higher delays. We prefer the more
conservativeapproachof usingfewer resources,so have
settledonavoidancethresholdsof and .

BecausewewereconcernedthatVegasÕthroughputim-

provementdependedonlargetransfersizes,wealsovaried
thesizeof thetransfer. Table2showstheeffectof transfer
sizeonboththroughputandretransmissionsfor Renoand
Vegas-1,3.First,observethatVegasdoesbetterrelativeto
Renoasthe transfersizedecreases.In termsof through-
put, we seean increasefrom 37% to 71%. The results
aresimilar for retransmissions,astherelativenumberof
Vegasretransmissionsgoesfrom 51%of RenoÕs to 17%
of RenoÕs.

Notice that the numberof kilobytes retransmittedby
Renostartsto flattenout as the transfersize decreases.
Whenwedecreasedthetransfersizebyhalf, from 1MB to
512KB,weseea42%decreasein thenumberof kilobytes
retransmitted.Whenwe furtherdecreasethetransfersize
to one-fourthits previousvalue,from 512KB to 128KB,
the numberof kilobytesretransmittedonly decreasesby
18%. This indicatesthatwe areapproachingtheaverage
numberof kilobytes retransmitteddue to RenoÕs slow-
start losses. From theseresults,we concludethat there
arearound20KBsretransmittedduringslow-start,for the
conditionsof ourexperiment.

On theotherhand,thenumberof kilobytesretransmit-
tedby Vegasdecreasesalmostlinearlywith respectto the
transfersize. This indicatesthatVegaseliminatesnearly
all lossesduringslow-startdueto its modifiedslow-start
with congestionavoidance.Note that if the transfersize
is smallerthanabouttwice thebandwidth-delayproduct,
thentherewill benolossesfor neitherVegasnorReno(as-
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Table3: One-on-one(300KBand1MB) transfers.
Reno/Reno Reno/Vegas Vegas/Reno Vegas/Vegas

Throughput(KB/s) 60/109 61/123 66/119 74/131
ThroughputRatios 1.00/1.00 1.02/1.13 1.10/1.09 1.23/1.20
Retransmissions(KB) 30/22 43/1.8 1.5/18 0.3/0.1
RetransmitRatios 1.00/1.00 1.43/0.08 0.05/0.82 0.01/0.01

sumingthebottleneckrouterhasenoughbuffersto absorb
temporarysendingratesabovethe connectionsavailable
bandwidth).

4.2 Simulation Results

Thissubsectionreportstheresultsof seriesof experiments
usingthe -kernelbasedsimulator. Thesimulatorallows
ustobettercontroltheexperiment,andin particular, gives
us the opportunityto seewhetheror not Vegasgets its
performanceat the expenseof Reno-basedconnections.
Note that all the experimentsusedin this subsectionare
on the networkconfigurationshownin Fig. 6. We have
also run other topologiesand differentbandwidth-delay
parameters,with similar results.

4.2.1 One-on-One Experiments

Webeginby studyinghowtwo TCPconnectionsinterfere
with eachother. To do this,we starta 1MB transfer, and
thenafter a variabledelay, start a 300KB transfer. The
transfersizesand delaysare chosento ensurethat the
smallertransferis containedcompletelywithin thelarger.

Table3 givesthe resultsfor the four possiblecombi-
nations,wherethe columnheadingReno/Vegasdenotes
a 300KBtransferusingRenocontainedwithin a 1MByte
transferusing Vegas. For eachcombination,the table
givesthe measuredthroughputandnumberof kilobytes
retransmittedfor both transfers;e.g., in the the caseof
Reno/Vegas,the300KBRenotransferachieveda61KB/s
throughputrateandthe1MByte Vegastransferachieved
a 123KB/sthroughputrate. Theratiosfor boththrough-
put rate and kilobytes retransmittedare relative to the
Reno/Renocolumn. Thevaluesin the tableareaverages
from 12 runs,using15 and20 buffersin therouters,and

Comparingthesmall transferto thelargetransferin anygivencol-
umnis notmeaningful.This is becausethelargetransferwasableto run
by itself duringmostof thetest.

with thedelaybeforestartingthesmallertransferranging
between0 and2.5seconds.

The main thing to take away from thesenumbersis
that Vegasdoesnot adverselyaffect RenoÕs throughput.
RenoÕs throughputstaysprettymuchunchangedwhenit
is competingwith VegasratherthanitselfÑthe ratiosfor
Renoare1.02and1.09for Reno/VegasandVegas/Reno,
respectively. Also,whenRenocompeteswith Vegasrather
thanitself, thecombinednumberof kilobytesretransmit-
ted for the pair of competingconnectionsdropssignifi-
cantly. The combinedReno/Renoretransmitsare52KB
comparedwith 45KB for Reno/Vegasand19KB for Ve-
gas/Reno.Finally, notethat the combinedVegas/Vegas
retransmitsarelessthan1KB on theaverageÑanindica-
tionthatthecongestionavoidancemechanismisworking.

Sincetheprobabilitythatthereareexactlytwo connec-
tions at one time is small in real life, we modified the
experimentby addingtcplib backgroundtraffic. The re-
sultsweresimilarexceptfor theReno/Vegasexperimentin
whichRenoonly hada 6% increasein its retransmission,
versusthe43%whentherewasnobackgroundtraffic.

This 43% increase in the losses of Reno for the
Reno/Vegascaseis explainedas follows. The Vegas
connectionstartsfirst, and is using the full bandwidth
(200KB/s)by thetime theRenoconnectionstarts.When
Vegasdetectsthatthenetworkis startingtogetcongested,
it decreasesits sendingrateto between80 and100KB/s.
The lossesincurredby Reno(about48KB), areapprox-
imately the lossesRenoexperienceswhen it is running
by itself on a networkwith 100 to 120KB/sof available
bandwidthandaround15 availablebuffers at the bottle-
neckrouter. The reasonthe losseswheresmallerfor the
300KBtransferin theReno/Renoexperimentis thatbythe
time the 300KB transferstarts,the 1MB connectionhas
stoppedtransmittingdueto thelossesin its slow-start,and
it wonÕt startsendingagainuntil it timesout at around2
seconds.A Renoconnectionsending300KB whenthere
is 200KB/sof availablebandwidthand20 buffers at the
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Table4: 1MByte transferwith tcplib-generatedbackgroundRenotraffic.
Reno Vegas-1,3 Vegas-2,4

Throughput(KB/s) 58.30 89.40 91.80
ThroughputRatio 1.00 1.53 1.58
Retransmissions(KB) 55.40 27.10 29.40
RetransmitRatio 1.00 0.49 0.53
CoarseTimeouts 5.60 0.90 0.90

bottleneckrouteronly lossesabout3KB.
This type of behavior is characteristicof Reno: by

slightly changingtheparametersin thenetwork,onecan
observemajorchangesin RenoÕsbehavior. Vegas,on the
otherhand,doesnot show as much discontinuityin its
behavior.

4.2.2 Background Traffic

Wenextmeasuredtheperformanceof adistinguishedTCP
connectionwhenthenetworkis loadedwith traffic gener-
atedfrom tcplib. Thatis, theprotocolTRAFFICisrunning
betweenHost1aandHost1bin Fig.6,anda1MBytetrans-
fer is runningbetweenHost2aandHost2b. In this setof
experiments,thetcplib traffic is runningoverReno.

Table 4 gives the resultsfor Renoand two versions
of VegasÑVegas-1,3andVegas-2,4.Wevariedthesetwo
thresholdstostudythesensitivityof ouralgorithmtothem.
Thenumbersshownareaveragesfrom 57 runs,obtained
byusingdifferentseedsfor tcplib, andbyusing10,15and
20buffersin therouters.

Thetableshowsthethroughputratefor eachof thedis-
tinguishedconnectionsusing the threeprotocols,along
with their ratio to RenoÕs throughput. It also gives the
numberof kilobytesretransmitted,theratioof retransmits
toRenoÕs,andtheaveragenumberof coarse-grainedtime-
outspertransfer. For example,Vegas-1,3had53%better
throughputthanReno,with only49%of thelosses.Again
notethat thereis little differencebetweenVegas-1,3and
Vegas-2,4.

Thesesimulationstell us the expectedimprovement
of Vegasover Reno: more than 50% improvementon
throughput,andonly half thelosses.Theresultsfrom the
one-on-oneexperimentsindicatethat the gainsof Vegas
arenotmadeat theexpenseof Reno;thisbelief is further
supportedbythefactthatthebackgroundtrafficÕsthrough-
put is mostlyunaffectedby the typeof connectiondoing

the1Mbytetransfer.
We alsoran thesetestswith thebackgroundtraffic us-

ing VegasratherthanReno. This simulatesthesituation
wherethe whole world usesVegas. The throughputand
thekilobytesretransmittedby the1MBytetransfersdidnÕt
changesignificantly(lessthan4%).

4.2.3 Other Experiments

Wetriedmanyvariationsof thepreviousexperiments.On
the whole, the resultsweresimilar, exceptfor whenwe
changedTCPÕs send-buffer size. Below we summarize
theseexperimentsandtheir results.

Two-way background trafÞc. Therehavebeenreports
of changein TCPÕs behaviorwhen the background
traffic is two-way ratherthanone-way[18]. Thus,
we modifiedtheexperimentsby addingtcplib traffic
from Host3bto Host3a.Thethroughputratiostayed
the same,but the lossratio wasmuchbetter: 0.29.
RenoresentmoredataandVegasremainedaboutthe
same. The fact that therewasnÕt much changeis
probablydue to the fact that tcplib alreadycreates
some2-waytrafficÑTELNET connectionssendone
byteandgetoneor morebytesback,andFTP con-
nectionssendandgetcontrolpacketsbeforedoinga
transfer.

Different TCP send-buffer sizes. For all theexperi-
mentsreportedsofar, weranTCPwith a50KBsend-
buffer. For this experiment,we tried send-buffer
sizesbetween50KBand5KB.VegasÕthroughputand
lossesstayedunchangedbetween50KB and20KB;
fromthatpointon,asthebuffer decreased,sodid the
throughput.This wasdueto theprotocolnot being
ableto keepthepipefull.

RenoÕs throughputinitially increased as the buffers
gotsmaller, andthenit decreased.It alwaysremained
underthe throughputmeasuredfor Vegas.We have
previouslyseenthis typeof behaviorwhile running
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Renoon the Internet. If we look backat Fig. 5, we
seethat as Reno increasesits congestionwindow,
it usesmoreandmorebuffers in the routeruntil it
losespacketsby overrunningthequeue.If we limit
the congestionwindow by reducingthe sizeof the
send-buffer, we maypreventit from overrunningthe
routerÕsqueue.

5 Discussion
Throughputandlossesarenottheonlymetricsby whicha
transportprotocolisevaluated.Thissectiondiscussessev-
eralotherissuesthatmustbeaddressed.It alsocomments
on therelationshipbetweenthiswork andotherefforts to
improveend-to-endperformanceon theInternet.

5.1 Fairness
If thereis morethanoneconnectionsharinga bottleneck
link, we would like for each connectionto receivean
equalshareof the bandwidth. Unfortunately, given the
limited amountof informationcurrentlyavailableat the
connectionendpoints,this is unlikely to happenwithout
somehelpfromtherouters.Giventhatnoprotocolis likely
to be perfectlyfair, we needa way to decidewhetherits
levelof fairnessisacceptableornot. Also,giventhatsofar
theInternetcommunityhasfoundRenoÕslevelof fairness
acceptable,we decidedto compareVegasÕfairnesslevels
to RenoÕsandjudgeit in thoseterms.

Before there can be any comparisons,we need a
metric. We decidedto use JainÕs fairness index [11],
which is definedas follows: given a setof throughputs

thefollowing functionassignsa fairness
indexto theset:

Given that the throughputsarenonnegative,the fairness
index alwaysresultsin numbersbetween0 and1. If all
throughputsarethesame,thefairnessindexis 1. If only
of the usersreceiveequalthroughputandtheremaining

usersreceivezerothroughput,thefairnessindexis
.

We ransimulationswith 2, 4 and16 connectionsshar-
ing abottlenecklink, whereall theconnectionseitherhad
thesamepropagationdelay, or whereonehalf of thecon-
nectionshadtwicethepropagationdelayof theotherhalf.

Many different propagationdelayswere used,with the
appropriateresultsaveraged.

In thecaseof 2and4connections,with eachconnection
transferring8 MB, Renowasslightly morefair thanVe-
gaswhenall connectionshadthesamepropagationdelay
(0.993vs. 0.989),but Vegaswasslightly morefair than
Renowhenthepropagationdelaywaslargerfor half of the
connections(0.962vs. 0.953). In the experimentswith
16 connections,with eachconnectiontransferring2MB,
Vegaswasmorefair thanRenoin all experimentsregard-
lessof whetherthe propagationdelayswerethe sameor
not(0.972vs. 0.921).

To study the effect that Renoconnectionshaveover
Vegasconnections(andviceversa)weran8 connections,
eachsending2 MB of data.Theexperimentconsistedof
runningall theconnectionsontopof Reno,all theconnec-
tionson topof Vegas,or onehalf on toponRenoandthe
otherhalf on topof Vegas.Therewaslittle differencebe-
tweenthefairnessindexof theeightconnectionsrunning
aparticularTCPimplementation(Vegasor Reno)andthe
fairnessindex of the four connectionsrunningthe same
TCPimplementationandsharingthe bottleneckwith the
four connectionsrunningtheotherTCP implementation.
Similarly, we sawlittle differencein the averagesizeof
thebottleneckqueue.

In anotherexperiment,we ran four connectionsover
backgroundtraffic. Forthisexperiment,Vegaswasalways
morefair thanReno. Overall,we concludethatVegasis
no lessfair thanReno.

5.2 Stability
A secondconcernisstabilityÑi t isundesirablefor aproto-
col to causetheInternetto collapseasthenumberof con-
nectionsincreases.In otherwords,astheloadincreases,
eachconnectionmustrecognizethatit shoulddecreaseits
sendingrate. Up to the point wherethe window canbe
greaterthanonemaximumsegmentsize,Vegasis much
betterthanRenoatrecognizingandavoidingcongestionÑ
wehavealreadyseenthatRenodoesnotavoidcongestion,
on thecontrary, it periodicallycreatescongestion.

Oncetheloadissohighthatonaverageeachconnection
can only sendlessthanonemaximumsegmentÕs worth
of data,Vegasbehaveslike Reno. This is becausethis
extremeconditionimplies thatcoarse-graintimeoutsare
involved, andVegasusesexactly the samecoarse-grain
mechanismas Reno. Experimentalresultsconfirm this
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intuition: running16 connections,with a 50msone-way
propagationdelay, througha routerwith either10 or 20
buffers and 100 or 200KB/sof bandwidthproducedno
stabilityproblems.

We havealso simulatedcomplexnetwork topologies
like theoneshownin Fig. 12,whichconsistsof 16 traffic
sourceseachof which containstwo or threehosts. Each
host,in turn,is runningtcplib-basedtraffic. Therectangu-
lar boxesrepresentsourcesof ÒbulkdataÓtransfers.The
resultingtraffic consistsof nearlya thousandnewconnec-
tionsbeingestablishedpersimulatedsecond,whereeach
connectionis either a TELNET, FTP, SMTP or NNTP
conversation.No stabilityproblemshaveoccurredin any
of oursimulationswhenall of theconnectionsarerunning
Vegas.

In summary, thereis no reasonto expectVegasto lead
to networkcollapse. Onereasonfor this is that mostof
VegasÕmechanismsareconservativein natureÑits con-
gestionwindow neverincreasesfasterthanRenoÕs (one
maximumsegmentperRTT), thepurposeof theconges-
tion avoidancemechanismis to decrease the congestion
windowbeforelossesoccur, andduringslow-start,Vegas
stopsthe exponentialgrowth of its congestionwindow
beforeRenowouldunderthesameconditions.

5.3 Queue Behavior

Given thatVegaspurposelytries to occupybetweenone
andthreeextrabuffersalongthepathfor eachconnection,

it seemspossiblethatpersistentqueuescouldform at the
bottleneckrouter if the whole world ran Vegas. These
persistentqueueswould, in turn,addto the latencyof all
connectionsthatcrossedthatrouter.

Since the analytical tools currently availableare not
goodenoughto realisticallymodelandanalyzethebehav-
ior of eitherRenoor Vegas,we mustrely on simulations
to answerthis issue. Our simulationsshowthat average
queuesizesunderRenoandVegasareapproximatelythe
same.However, theyalsoshowthatTELNETconnections
in tcplib experiencebetween18 and40%lesslatency, on
average,when all the connectionsare Vegasinsteadof
Reno. This seemsto suggestthat if the wholeworld ran
Vegas,Internetlatencywouldnotbeadverselyaffected.

5.4 BSD Variations

TCPhasbeena ratherfluid protocoloverthelastseveral
years,especiallyin its congestioncontrolmechanism.Al-
thoughthegeneralformtheoriginalmechanismdescribed
in [7] hasremainedunchangedin all BSD-basedimple-
mentations(e.g., Tahoe,Reno,BNR2, BSD 4.4), many
of theÒconstantsÓhavechanged.For example,someim-
plementationsACK everysegmentandsomeACK every
othersegment;someincreasethe window during linear
growth by onesegmentper RTT and someincreaseby
half asegmentperRTT plus1/8ththemaximumsegment
sizeperACK receivedduringthatRTT; andfinally, some
usethetimestampoptionandsomedonot.
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Wehaveexperimentedwith mostof thesevariationsand
havefoundthecombinationusedin ourversionof Reno,as
reportedin thispaper, to be theamongthemosteffective.
Forexample,wefoundthelatestversionof TCP, thatfound
in BSD4.4-lite, achieves14%worsethroughputthanour
RenoduringInternettypesimulations[2]. Also,others[1]
have comparedVegaswith the SunOSimplementation
of TCP, which is derivedfrom Reno,and havereached
conclusionssimilar to thosein thispaper.

5.5 Alternative Approaches
In additionto improvingTCPÕscongestioncontrolmech-
anism, there is a large body of researchaddressingthe
generalquestionof how to fairly andeffectively allocate
resourcesin theInternet.Weconcludethissectionby dis-
cussingtherelevanceof TCPVegasto theseotherefforts.

Oneexampleis gainingmuchattentionis thequestion
of how to guaranteebandwidthto real-timeconnections.
Thebasicapproachrequiresthata moreintelligentbuffer
managerbeplacedin theInternetrouters[14]. Onemight
questiontherelevanceof TCPVegasin light of suchmech-
anisms. We believeend-to-endcongestioncontrol will
remainvery importantfor two reasons.First,asignificant
fractionof thedatathatwill flow overtheInternetwill not
be of a real-timenature;it will be bulk-transferapplica-
tions(e.g., imagetransfer)thatwant asmuchbandwidth
as is currentlyavailable. Thesetransferswill be able to
useVegasto competeagainsteachotherfor theavailable
bandwidth. Second,evenfor a real-timeconnection,it
would not be unreasonablefor an applicationto request
(andpay for) a minimally acceptablebandwidthguaran-
tee,andthenusea Vegas-likeend-to-endmechanismto
acquireasmuchadditionalbandwidthasthecurrentload
allows.

As anotherexample,selectiveACKs [8, 9] havebeen
proposedasawaytodecreasethenumberof unnecessarily
retransmittedpacketsandtoprovideinformationfor abet-
ter retransmitmechanismthantheonein Reno.Although
theselectiveACK mechanismis notyet well defined,we
makethe following observationsabouthow it compares
to Vegas. First, it only relatesto VegasÕretransmission
mechanism;selectiveACKs by themselvesaffect neither
the congestionnor the the slow-startmechanisms.Sec-
ond, thereis little reasonto believethat selectiveACKs

Thisis theimplementationof TCPavailableatftp.cdrom.com,dated
4/10/94.

can significantly improve on Vegasin terms of unnec-
essaryretransmissions,as therewereonly 6KB per MB
unnecessarilyretransmittedby Vegasin our Internetex-
periments. Third, selectiveACKs havethe potentialto
retransmitlost datasooneron futurenetworkswith large
delay/bandwidthproducts.It would be interestingto see
how Vegasand the selectiveACK mechanismwork in
tandemon suchnetworks.Finally, we notethatselective
ACKs requirea changeto theTCPstandard,whereasthe
Vegasmodificationsareanimplementationchangethatis
isolatedto thesender.

6 Conclusions
Wehaveintroducedseveraltechniquesfor improvingTCP,
includinga newtimeoutmechanism,a novelapproachto
congestionavoidancethat tries to control the numberof
extrabufferstheconnectionoccupiesin thenetwork,anda
modifiedslow-startmechanism.Experimentsonboththe
Internetandusinga simulatorshowthatVegasachieves
37 to 71% betterthroughput,with one-fifth to one-half
as many bytesbeing retransmitted,as comparedto the
implementationof TCP in the Renodistributionof BSD
Unix. We havealsogivenevidencethatVegasis just as
fair asReno,thatit doesnotsuffer fromstabilityproblems,
andthatit doesnotadverselyaffect latency.

A Detailed Graph Description
To assistthereaderdevelopa betterunderstandingof the
graphsusedthroughoutthis paper, and to gain a better
insightof RenoÕs behavior, we describein detail oneof
thesegraphs.Figure13 is a traceof Renowhenthereis
othertraffic throughthe bottleneckrouter. The numbers
in parenthesisreferto thetypeof line in thegraph.

In general, output is allowed while the UNACK-
COUNT(4) (numberof bytessentbutnotacknowledged)
is lessthanthe congestionwindow (3) andlessthanthe
sendwindow(2). Thepurposeof thecongestionwindow
is to prevent,or morerealisticallyin RenoÕscase,to con-
trol congestion.Thesendwindowisusedforflowcontrol,
it preventsdatafrom beingsentwhenthereis no buffer
spaceavailableat thereceiver.

Thethresholdwindow(1) is setto themaximumvalue
(64KB)at thebeginningof theconnection.Soonafterthe
connectionis started,bothsidesexchangeinformationon
thesizeof their receivebuffers,andthesendwindow(2)
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Figure13: TCPwindowsgraph.

is setto theminimumof thesenderÕssendbuffer sizeand
thereceiverÕsadvertizedwindowsize.

The congestionwindow (3) increasesexponentially
while it is lessthanthe thresholdwindow (1). At 0.75
seconds,lossesstarttooccur(indicatedby thetall vertical
lines). More precisely, the vertical lines representseg-
mentsthat are later retransmitted(usuallybecausethey
werelost). At around1, seconda lossis detectedafterre-
ceiving3duplicateACKsandRenoÕsFastRetransmitand
FastRecoverymechanismsgo into action. The purpose
of thesemechanismsis todetectlossesbeforearetransmit
timeoutoccurs,andto keepthepipefull (we canthink of
aconnectionÕspathasawaterpipe,andourgoalis tokeep
it full of water)while recoveringfrom theselosses.

The congestionwindow (3) is set to the maximalal-
lowedsegmentsize(for thisconnection)andtheUNACK-
COUNTis setto zeromomentarily, allowingthelostseg-
mentto beretransmitted.Thethresholdwindow(1) is set
to half the valuethat the congestionwindow hadbefore
thelosses(it is assumedthatthisis asafelevel, thatlosses
wonÕt occurat thiswindowsize).

The congestionwindow (3) is also set to this value
afterretransmittingthelostsegment,but it increaseswith
eachduplicateACK (segmentswhoseacknowledgement
numberis the sameas previoussegmentsand carry no
data or new window information). Since the receiver
sendsa duplicateACK when it receivesa segmentthat
it cannotacknowledge(becauseit has not receivedall
previousdata),thereceptionof a duplicateACK implies
thatapackethasleft thepipe.

This impliesthatthecongestionwindow(3) will reach
theUNACK-COUNT (4) whenhalf thedatain transithas
beenreceivedat the otherend. From this point on, the
receptionof any duplicateACKs will allow a segment

to be sent. This way thepipecanbekept full at half the
previousvalue(sincelossesoccurredatthepreviousvalue,
it isassumedthattheavailablebandwidthisnowonlyhalf
its previousvalue). Earlierversionsof TCPwould begin
theslow-startmechanismwhenlossesweredetected.This
impliedthatthepipewouldalmostemptyandthenfill up
again.RenoÕsmechanismallowsit to stayfilled.

At around1.2 seconds,a non-duplicateACK is re-
ceived,andthecongestionwindow(3) is setto thevalue
of thethresholdwindow(1). Thecongestionwindowwas
temporarilyinflatedwhenduplicateACKs werereceived
asa mechanismfor keepingthe pipe full. Whena non-
duplicateACK is received,thecongestionwindowis reset
to half thevalueit hadwhenlossesoccurred.

Sincethecongestionwindow(3) isbelowtheUNACK-
COUNT (4), no moredatacanbe sent. At 2 seconds,a
retransmittimeoutoccurs(seeblack circle on top), and
data startsto flow again. The congestionwindow (3)
increasesexponentiallywhile it is below the threshold
window(1). A little before2.5seconds,asegmentis sent
that will later be retransmitted.Skippingto 3 seconds,
we noticethe congestionwindow (3) increasinglinearly
becauseit is abovethethresholdwindow(1).
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