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Abstract

Vegadgs animplementatiorof TCPthatachieves
between37 and 71% betterthroughputon the

Internet, with onefifth to one-halfthe losses,
as comparedto the implementationof TCP in

the Renodistributionof BSD Unix. This pa-

per motivatesanddescribeghe threekey tech-
niguesemployedby Vegasandpresentshere-

sultsof a comprehensivexperimentaperfor

mancestudyNusingbothsimulationsandmea-
surementson the InternetNof the Vegasand

Renoimplementationsf TCP
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1 Introduction

Few would argue that one of TCP®strengthdies in its
adaptiveretransmissiorand congestioncontrol mecha-
nism,with Jacobsorspaper7] providingthecornerstone
of thatmechanismThis paperattemptgo go beyondthis
earlierwork;to providesomenewinsightsintocongestion
control,andto proposemaodificationsto theimplementa-
tion of TCPthatexploittheseinsights.
Thetangibleresultof thiseffort is animplementatiorof
TCR basedon modificationsto the Renoimplementation
of TCR thatwerefertoasTCP Vegas. Thisnameis atake-
off of earlieimplementationsf TCPthatweredistributed
in release®f 4.3BSD Unix knownasTahoeandReno;we
use TahoeandRenoto referto the TCP implementation
insteadof the Unix release. Note that Vegasdoesnot
involveanychangedo the TCP spectication;it is merely

*This work supportedn partby NationalScience~oundatiorGrant
IRI-9015407andARPA ContractDABT63-91-C-0030.
t Theauthorsarewith the Departmenbf ComputetScienceUniver-

analternativemplementatiorthatinteroperatesvith any
othervalid implementatiorof TCR Infact,all thechanges
areconfinedto thesendingside.

The main resultreportedin this paperis that Vegasis
able to achievebetween37 and 71% betterthroughput
thanReno! Moreover thisimprovementn throughputs
notachievediy anaggressiveetransmissiostrategythat
effectively stealsbandwidthawayfrom TCP connections
that use the currentalgorithms. Rather it is achieved
by a more efficient useof the availablebandwidth. Our
experimentsshow that Vegasretransmitsbetweenone-
fifth andone-halfasmuchdataasdoesReno.

This paperis organizedasfollows. Section2 outlines
the tools we usedto measureand analyzeTCP Section
3 thendescribeghetechniquegmployedby TCP Vegas,
coupledwith the insightsthat led us to the techniques.
Section4 then presentsa comprehensivesvaluationof
VegasPerformanceincludingbothsimulationresultsand
measurementsf TCP runningoverthe Internet. Finally,
Section5 discusseseveralrelevantissuesand Section6
makessomeconcludingremarks.

2 Tools

This sectionbriefly describeshetoolsusedto implement
andanalyzethe differentversionsof TCR. All of the pro-
tocolsweredevelopedndtestedunderthe Universityof
Arizona® z-kernelframework[6]. Our implementation
of Renowasderivedby retrdfitting the BSD implementa-
tion into the z-kernel. Our implementatiorof Vegaswas
derivedby modifyingReno.

LWe limit our discussiorto Reno,which is both newerandbetter
performingthan Tahoe. Section5.4 discusse®ur resultsrelative to

sity of Arizona, Tucson,AZ 85721. (email: brakmo@cs.arizona.edunewenersionof TCPNBerkeleyNetworkRelease (BNR2) andBSD

llp@cs.arizona.edu
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Figurel: TCPRenotraceexamples.

2.1 Simulator

Many of the resultsreportedin this paperwere obtained
from anetworksimulator Eventhoughseveralgoodsim-
ulatorsareavailableNe.g.,REAL [12] andNetsim[5]N
we decidedto build our own simulatorbasedon the z-
kernel. In this environmentactualz-kernelprotocolim-
plementationsun on a simulatednetwork. Spectically,
the simulatorsupportamultiple hosts,eachrunninga full
protocolstack(TEST/TCP/IP/ETH)andseveralabstract
link behaviorgpoint-to-pintconnectionandethernets).
Routerscanbe modeledeitherasa networknoderunning
the actual IP protocolcode,or as an abstractentity that
supportsa particularqueuingdiscipline(e.g.,FIFO).

The z-kernel-basedimulatorprovidesa realistic set-
ting for evaluatingprotocolsNeachprotocolis modeled
by the actualC codethatimplementst ratherthansome
moreabstracspecfication. It is alsotrivial to movepro-
tocolsbetweenthe simulatorandthe realworld, thereby
providinga comprehensiv@rotocoldesign,implementa-
tion, andtestingenvironment.

One of the mostimportantprotocolsavailablein the
simulatoris called TRAFFICNit implementsTCP Inter-
nettraffic basedon replib [3]. TRAFFIC startsconver
sationswith interarrival times given by an exponential
distribution Eachconversatiortanbe of type TELNET,

FTP, NNTPR, or SMTR, eachof which expectsa set of
parametersFor example FTP expectsthe following pa-
rameters:numberof itemsto transmit,control segment
size,andtheitem sizes.All of theseparameterarebased
on probability distributions obtainedfrom traffic traces.
Finally, eachof theseconversationsunsontop of its own
TCPconnection.

2.2 Trace Facility

Early in this effort it becameclearthat we neededyood
facilities to analyzethe behaviorof TCR We therefore
addedcodeto the z-kernelto tracethe relevantchanges
in the connectionstate. We paid particularattentionto
keepingthe overheadof this tracing facility aslow as
possible soasto minimize the effects on the behaviorof
the protocol. Spectically, thefacility writestracedatato
memory dumpsit to a file only whenthetestis over, and
keepstheamountof dataassociateavith eachtraceentry
small(8 bytes).

We thendeveloped/arioustoolsto analyzeanddisplay
thetracinginformation. Therestof this sectiondescribes
onesuchtool thatgraphicallyrepresentselevantfeatures
of the stateof the TCP connectioras a function of time.
Thistool outputamultiple graphs gachfocusingonaspe-
cific setof characteristicef the connectiorstate. Fig. 1



givesanexample.Sincewe usegraphdike thisthrough-
out the paper we now explainhow to readthe graphin
somedetail.
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Figure2: Commonelementsn TCPtracegraphs.

First,all TCPtracegraphshavecertainfeaturesn com-
mon, asillustratedin Fig. 2. The circlednumberdn this
figurearekeyedto the following explanations:

1. Hashmarksonthez-axisindicatewhenanACK was
received.

2. Hashmarksat the top of the graphindicatewhena
segmentvassent.

3. The numberson the top of the graphindicatewhen
then'” kilobyte (KB) wassent.

4. Diamondsontopof thegraphindicatewhentheperi-
odic coarse-grainetimer fires. This doesnotimply
a TCPtimeout,just that TCP checkedto seeif any
timeoutsshouldhappen.

5. Circleson top of the graphindicatethat a coarse-
grainedtimeoutoccurred,causinga segmento be
retransmitted.

6. Solid vertical lines runningthe whole heightof the
graphindicatewhena segmenthatis eventuallyre-
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Figure3: TCPwindowsgraph.

ferentwindowsTCP usedor flow andcongestiorcontrol.

Fig. 3 showsthesein more detail, again keyed by the

following explanations:

1. Thedashedine givesthethreshofl window Itisused
during slow-start,and marksthe point at which the
congestionwindowgrowthchange$romexponential
tolinear

2. Thedarkgrayline givesthe sendwindow. It isthe
minimum of the sende® buffer size andreceivefd
advertizedvindow, anddefinesanupperlimit to the
numberof bytessentbut notyetacknowledged.

3. Thelightgrayline givesthecongestiorwindow: Itis
usedfor congestiorrontrol,andis alsoanupperimit
tothenumberof bytessentbutnotyetacknowledged.

4. The thin line givesthe actual numberof bytesin
transitatanygiventime, whereby in transitwe mean
sentbutnotyetacknowledged.

Since the window graph presentsa lot of information,
it is easyto getlost in the detail. To assistthe reader
in developinga betterunderstandingf this graph, the
Appendixpresentsa detaileddescriptionof the behavior

transmittedvasoriginally sent,presumablypecause depictedn Fig. 3.

it waslost? Noticethatseveratonsecutiveegments

areretransmittedn theexample.

In addition to this commoninformation, each graph
depictsmore specfic information. The bottomgraphin
Fig. 1 is the simplestNit showsthe averagesendingrate,
calculatedfrom the last 12 segments. The top graphin
Fig. 1 is more complicatedNit givesthe size of the dif-

2For simplicity, we sometimesaya segmentvaslost, eventhough
all we knowfor sureis thatthe senderetransmittedt.

The graphsjust describedare obtainedfrom tracing
informationsavedby theprotocol,andare,thus,available
whetherthe protocolis runningin the simulatoror over
a real network. The simulatoritself alsoreportscertain
information, suchasthe 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 andsize of segmentshataredropped
dueto insufficientqueuespace.



3 Techniques

This sectionmotivatesanddescribeshreetechniqueshat
Vegasemploysoincreasehroughpuanddecreaséosses.
Thefirsttechniqueesultsin a moretimely decisionto re-
transmita droppedsegment.The secondechniquegives
TCP the ability to anticipatecongestion,and adjustits
transmissiorrate accordingly The final techniquemod-
ifies TCP® slow-startmechanismso as to avoid packet
losseswhile trying to find the availablebandwidthdur-
ing theinitial useof slow-start. The relationshipbetween
ourtechniquesndthoseproposeclsewherarealsodis-
cussedn this sectionin theappropriatesubsections.

3.1 New Retransmission Mechanism

Renousestwo mechanismso detectandthenretransmit
lost segments.The original mechanismwhich is part of
theTCPspecfication,is theretransmitimeout. It is based
onroundtrip time (RTT) andvarianceestimategsomputed
by samplingthetime betweernwhena segments sentand
anACK arrives.In BSD-basedmplementationgheclock
usedto time the round-tripOticks@very500ms. Checks
for timeoutsalsooccuronly whenthis coarse-grairclock
ticks. The coarsenesmherentin this mechanisnimplies
thatthe time interval betweensendinga segmenthat is
lost until thereis a timeout and the segmentis resent
is generallymuch longerthan necessary For example,
duringa seriesof testson the Internet,we foundthatfor
lossegthatresultedin a timeoutit took Renoan average
of 1100msfrom the time it senta segmenthatwaslost
until it timedoutandresenthesegmentwhereadessthan
300mswould havebeenthecorrecttimeoutintervalhada
moreaccurateclock beenused.

This unnecessarilyfarge delay did not go unnoticed,

thereceiverhadgottensegmen®) it retransmitsegment
3.

The FastRetransmitand Fast Recoverymechanisms
are very successfulNtheypreventmore than half of the
coarse-graintimeoutsthat occur on TCP implementa-
tions without thesemechanisms.However someof our
early analysisindicatedthat eliminatingthe dependency
on coarse-graitimeoutswould resultin at leasta 19%
increasen throughput.

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)

c----- 0N RTT -----

Time

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 extendsRenoéretransmissiomech-
anismsas follows. First, Vegasreadsand recordsthe
systemclock eachtime a segments sent. Whenan ACK
arrives, Vegasreadsthe clock againand doesthe RTT
calculationusingthistime andthetimestampecordedor
therelevantsegment.Vegasthenusesthis moreaccurate

andthe FastRetransmitand FastRecoverymechanisms RTT estimateto decideto retransmiin thefollowing two

whereincorporatednto the Renoimplementatiorof TCP
(for amoredetaileddescriptionsee[15]). Renonotonly
retransmitsvhena coarse-grainimeoutoccurs,but also
whenit receives: duplicateACKs (n is usually3). Reno
sendsiduplicateACK wheneveit receivesanew segnent
thatit cannotacknowledgdecausét hasnotyetreceived
all the previoussegmentsFor example if Renoreceives
segmen® butsegmen8isdropped,t will sendadugicate
ACK for segmen® whensegment arrives,againwhen
segment arrives,andsoon. Whenthe senderseesthe
third duplicateACK for segmeng® (the onesentbecause

situationga simpleexamplés givenin Fig. 4):

¢ WhenaduplicateACK is received Vegaschecksto
seeif the differencebetweenthe currenttime and
the timestamprecordedfor the relevantsegmenis
greaterthanthe timeoutvalue. If it is, thenVegas
retransmitghe segmentvithouthavingto wait for n
(3) duplicateACKs. In manycases|ossesareeither
sogreator the window so smallthatthe sendemwiill
neverreceivethreeduplicateACKs, andtherefore,
Renowould haveto rely onthe coarse-graitimeout
mentionedabove.
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Figure5: TCP Renowith no othertraffic (throughput:123KB/s).

¢ Whena non-duplicateACK is received,if it is the
firstor secondneafteraretransmissioriyegasagain
checksto seeif the time interval sincethe segment
wassentis largerthanthetimeoutvalue. If it is, then
Vegasretransmitghe segment. This will catchany
othersegmenthatmayhavebeenlostpreviougo the
retransmissiomithouthavingto wait for aduplicate
ACK.

In otherwords, Vegastreatsthe receiptof certainACKs
as a hint to checkif a timeoutshouldoccur Sinceit
only checksfor timeoutsin rare occasionsthe overhead
is small. Notice thateventhoughone could reducethe
numberof duplicateACKs usedto trigger the FastRe-
transmitfrom 3 duplicateACKs to either2 or 1, it isnot
recommende@sit could resultin manyunnecessarye-
transmissionandbecausé makesassumptionaboutthe
likelihoodthatpacketswill bedeliveredoutof order

The goal of the new retransmissiomechanisnis not
justto reducethetimeto detectiostpacketsrom thethird
duplicate ACK to the first or secondduplicate ACKN
a small savingsNbutto detectlost packetseventhough

theremay beno secondor third duplicateACK. Thenew
mechanisms very successfult achievingthis goal, as
it furtherreduceshe numberof coarse-grainetimeouts
in Renoby morethanhalf? Vegasstill containsReno®
coarse-graitimeoutcodein casethenewmechanismgail
torecognizealostsegment.

Relatedto making timeoutsmore timely, notice that
the congestionwindow shouldonly be reduceddue to
lossesthat happenedht the currentsendingrate, and not
dueto lossesthathappenedt an earliet higherrate. In
Reno, it is possibleto decreasehe congestionwindow
morethanoncefor lossesthat occurredduringone RTT
interval In contrastVegasonly decreasethecongestion
windowif theretransmittedegmentvaspreviouslysent
after the lastdecrease.Any lossesthat happenedefore
the last window decreasealo notimply that the network

3 This wastestedon animplementatiorof Vegaswhich did nothave
the congestioravoidanceandslow-startmodificationdescribedaterin
this section.

4 Thisproblemin theBSD versionsof Renchasalsobeerpointedout
by Sally Floyd[4].
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is congestedor the current congestiorwindow size,and
therefore do notimply thatit shouldbe decreaseadgain.
This changds neededecausé/egasdetectdosseanuch
soonetthanReno.

3.2 Congestion Avoidance Mechanism

TCP Renoéxongestiordetectionandcontrolmechanism
useghelossof segmentasasignalthatthereiscongestio

in thenetwork. It hasnomechanisnto detectheincipient

stage®f congestionNbeforéossescculNso theycanbe

prevented.Renois reactive ratherthanproactive,in this

respect. As aresult,Renoneeds to createlossesto find

the availablebandwidthof the connection. This canbe

seenn Fig. 5, whichshowsthetraceof aRenoconnection
sendinglMB of dataoverthenetworkcorfigurationseen
in Fig. 6, with no othertraffic sourcesj.e., only Hostla
sendingto Host1b. In this case,therouterqueuesizeis

tenNeach packetis 1.4KBN andthe queuingdiscipline

is FIFO.

Asseenin Fig. 5, Reno@mechanisnto detectheavail-
ablebandwidthis to continuallyincreasedts windowsize,
usingup buffers alongthe connectior€path,until it con-
geststhe networkandsegmentsarelost. It thendetects
thesdossesaanddecreasetis windowsize. Consequently
Renois continuallycongestinghe networkand creating
its own losses. Theselossesmay not be expensiveif
the FastRetransmiindFastRecoverymechanismgatch

51t is possibleto setthe experimenin suchaway thattherearelittle
or nolosses.This is doneby limiting the maximumwindow sizesuch
thatit neverexceedshedelay-bandwidtiproductof theconnectiomplus
thenumberof buffersatthebottleneck.However this only workswhen
one knows both the availablebandwidthandthe numberof available
buffersat the bottleneck.Giventhat onedoesnfhavethis information
underreal conditions,we considersuchexperimentgo be somewhat
unrealistic.

them,asseenwith thelossesaround7 and9 secondsbut
byunnecessarilysingupbuffersatthebottleneckouterit
is creatinglossedor otherconnectionsharingthisrouter

As an aside,it is possibleto setup the experimentin
suchaway thattherearelittle or nolosses.This is done
by limiting the maximumwindow size suchthatit never
exceedsthe delay-bandwidtiproductof the connection
plus the numberof buffers at the bottleneck. This was
done for examplejn [7]. However thisonly workswhen
oneknowsboththeavailablebandwidthandthenumberof
availablebuffersatthebottleneck.Giventhatonedoesn
havethis informationunderreal conditions,we consider
suchexperimentso be somewhatinrealistic.

Thereare severalpreviouslyproposedapproachegor
proactivecongestiordetectiorbasenacommonunder
standingof the networkchangesasit approachesonges-
tion (an excellentdevelopments givenin [10]). These
changescan be seenin Fig. 5 in the time interval from
4.5to 7.5 seconds. One changeis the increasedqueue
sizein theintermediatanodesof theconnectionresulting
in anincreaseof the RTT for eachsuccessivesegment.
WangandCrowcroft®DUAL algorithm[17] is basedon
reactingto thisincreaseof theround-tripdelay Thecon-
gestionwindownormallyincreasessin Reno,butevery
two round-tripdelaysthe algorithmchecksto seeif the
currentRTT is greaterthanthe averageof the minimum
andmaximumRTTsseersofar. If itis, thenthealgorithm
decreasethe congestiorwindow by one-eighth.

Jain®CARD (CongestiorAvoidanceusingRound-trip
Delay) approach10] is basedon an analyticderivation
of a socially optimum window size for a deterministic
network. The decisionasto whetheror not to change
the current window size is basedon changesto both
the RTT andthe window size. The window is adjusted



once every two round-trip delaysbasedon the product
(WindowSizecyrrent - WindowSizeorq) X (RTTeyrrent -
RTT, ) asfollows: if theresultis positive,decreasehe
windowsizeby one-eighthif theresultis negativeor zero,
increasehewindow sizeby onemaximumsegmensize.
Note that the window changesuring every adjustment,
thatis, it oscillatesaroundits optimalpoint.
Anotherchangeseenas the network approachegon-
gestionis the flatteningof the sendingrate. Wangand
Crowcroft@Tri-S schemd16] takesadvantagef thisfact.

EveryRTT, theyincreasehewindowsizeby onesegment

and comparethe throughputachievedto the throughput
whenthewindowwasonesegmensmaller If the differ-

enceis lessthanone-halfthe throughpuiachievedwhen
only onesegmentwvasin transitNas wasthe caseat the
beginningof the connectionNtheydecreasehe window

by onesegment.Tri-S calculateghethroughpuby divid-

ing thenumberof bytesoutstandingn the networkby the

RTT.

Vegas@pproachis mostsimilarto Tri-S in thatit looks
at changesin the throughputrate, or more specfically,
changesn thesendingate. However it differsfrom Tri-S
in thatit calculateghroughputglifferently andinsteadof
lookingfor a changen thethroughpuslope,it compares
themeasuredhroughputatewith anexpectedhroughput
rate. The basisfor thisideacanbe seenin Fig. 5 in the
regionbetweend and 10 seconds. As the window size
increasesve expectthe throughput(or sendingrate) to
alsoincrease But thethroughputannotincreasebeyond
the availablebandwidth;beyondthis point, any increase
in thewindow sizeonly resultsin the segmentsakingup
buffer spaceatthebottleneckouter

Vegasuseshisideato measurendcontroltheamount
of extra datathis connectiorhasin transit,whereby extra
datawe meandatathat would not havebeensentif the
bandwidthusedby the connectionexactly matchedthe
availablebandwidthof the network. The goal of Vegas
is to maintainthe Oright@mountof extradatain the net-
work. Obviously if a connectionis sendingtoo much
extradata, it will causecongestion. Lessobviously if
a connectionis sendingtoo little extradata,it cannotre-
spondapidlyenoughotransientncreases theavailable
networkbandwidth.Vegas©ongestioravoidanceactions
arebasemdn changesn theestimatecimounbf extradata
in the network,andnotonly on droppedsegments.

We now describethe algorithmin detail. Note that

the algorithmis not in effect during slow-start. VegasO
behaviorduringslow-startis describedn Section3.3.
First, define a given connectioréBaseRTT to be the
RTT of asegmentvhentheconnectbnisnat congestedin
practice VegassetsBaseRTT to the minimumof all mea-
suredroundtrip times;it is commonlytheRTT of thefirst
segmensentby the connectionpeforethe routerqueues
increasaluetotraffic generatedby thisconnectiorf. If we
assumehatwe are not overflowing the connectionthen
theexpectedhroughputs givenby:

Expected = WindowSize / BaseRTT

where WindowSize is the size of the currentcongestion
window, which we assuméor the purposeof thisdiscus-
sion,to be equalto the numberof bytesin transit.

Second,Vegascalculatesthe current Actual sending
rate. This is done by recordingthe sendingtime for
a distinguishedsegmentrecordinghow many bytesare
transmittecbetweenthe time that segmenis sentandits
acknowledgemeris received computingheRTT for the
distinguishedegmentvhenits acknowledgemerarrives,
anddividingthenumberof bytestransmitedby the sample
RTT. This calculationis doneonceperround-triptime.”

Third, Vegascomparesictual to Expected, andadjusts
the window accordingly Let Diff = Expected - Actual.
NotethatDiffis positiveor zeroby definition, sinceActual
> Expected impliesthatwe needto changeBaseRTT tothe
latestsampledRTT. Also define two thresholdspy < 3,
roughly correspondindo havingtoo little andtoo much
extradatain the network, respectively When Diff < «,
Vegasincreaseghe congestionwindow linearly during
the next RTT, andwhen Diff > /3, Vegasdecreaseshe
congestiorwindow linearly duringthe next RTT. Vegas
leavesthe congestiorwindow unchangedvhen« < Diff
<g.

Intuitively, the fartherawaythe actualthroughpugets
fromtheexpectedhroughputthemorecongestionhereis
in the network,whichimpliesthatthesendingateshould
bereduced.Thes thresholdriggersthisdecreaseOnthe
otherhand,whentheactualthroughputategetstoo close

6 Althoughwe don@knowtheexactvaluefor theBaseR' T, ourexpe-
riencesuggestsur algorithmis notsensitiveto errorsin theBaseR T.

”We havemadeeveryattemptto keepthe overheaf Vegas@on-
gestionavoidancenechanisnassmallaspossible.To helpguantifythis
effect,weranbothRenoandVegashetweerSparcStationsonnectedy
anEthernetandmeasurethepenaltyto belessthan5%. Thisoverhead
canbeexpectedo dropasprocessorbecomdaster
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Figure7: TCP Vegaswith noothertraffic (throughput169KB/s).

to the expectedthroughputthe connectionis in danger
of notutilizing the availablebandwidth.The « threshold
triggersthisincrease . Theoverallgoalis to keepbetween
a andg extrabytesin the network.
Becauseghealgorithm,asjust presentedgcompareghe
differencebetweenthe actual and expectedthroughput
ratesto the & and 5 thresholdsthesetwo thresholdsare
definedin termsof KB/s. However it is perhapsmore
accurateto think in termsof how many extrabuffers the
connectioris occupyingin the network. For example on
a connectionwith a BaseRTT of 100msand a segment
sizeof 1KB, if o = 30KB/s and/ = 60KB/s, thenwe
canthink of o assayingthatthe connectionneedsto be
occupyingat leastthreeextrabuffersin the network,and

[ sayingit shouldoccupyno morethansix extrabuffers
in the network.

In practice,we expressa and 3 in termsof buffers
rather than extra bytes in transit. During linear in-
crease/decreaseodeNasopposedo theslow-starmode
describecbelowNwe seta to oneand 3 to three. This
can be interpretedas an attemptto useat leastone, but
no more thanthreeextrabuffersin the connection. We
settledon thesevaluesfor o« and3 astheyarethesmall-
estfeasiblevalues. We want « to be greaterthan zero
so the connectionis usingat leastone buffer at the bot-
tleneckrouter Then,whenthe aggregateraftic from the
otherconnectionglecreasegasis boundto happerevery
sooften),our connectioncantakeadvantagef the extra



availablebandwidthimmediatelywithout havingto wait
for the one RTT delay necessaryor the linear increase
to occut We want g to be two buffers greaterthan« so
smallsporadichangesn theavailablebandwidthwill not
createoscillationgn thewindowsize. In otherwords,the
useof thea — 3 regionprovidesa dampingeffect.

Even thoughthe goal of this mechanismis to avoid
congestiorby limiting the numberof buffers usedat the
bottleneckit maynotbeableto achievehis whenthereare
alarge numberof ObulkdataGonnectiongjoingthrough
abottleneckvith asmallbuffer size. However Vegaswill
successfullylimit the the window growth of connections
with smallerround-triptimes. The mechanismsn Vegas
arenotmeanto betheultimatesolution buttheyrepresent
a considerablenhancemertb thosein Reno.
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Figure8: Congestioretectionrandavoidancen Vegas.

Fig. 7 showsthe behaviorof TCP Vegaswhenthere
is no othertraffic presentthis is the sameconditionthat
Renoranunderin Fig. 5. Thereis onenewtypeof graph
in this figure,thethird one,which depictsthe congestion
avoidancenechanisnfCAM) usedby Vegas.Onceagain,
we usea detailedgraph(Fig. 8) keyedto the following
explanation:
1. The small vertical lineNonce per RTTNshows the
timeswhenVegasmakesa congestiorcontrol deci-
sion; i.e., computesActual and adjuststhe window
accordingly

. The gray line showsthe Expected throughput. This
is the throughputwe shouldget if all the bytesin
transitare ableto getthroughthe connectionn one
BaseRTT.

3. The solid line showsthe Acrual sendingrate. We

calculateit from the numberof byteswe sentin the
lastRTT.

The dashedines are the thresholdsusedto control
the size of the congestionwindow. The top line
correspondgo the « thresholdandthe bottomline
correspondso the /5 threshold.

Fig. 9 showsa trace of a Vegasconnectiontransfer
ring one MByte of data, while sharingthe bottleneck
routerwith zcplib traffic. Thethird graphshowsthe out-
put producedby the TRAFFIC protocol simulatingthe
TCP trafficNthe thin line is the sendingratein KB/s as
seenin 100msintervalsand the thick line is a running
average(size 3). The bottomgraphshowsthe outputof
the bottlenecklink which hasa maximumbandwidthof
200KB/s. The figure clearly showsVegas@ongestion
avoidancemechanismsat work and how its throughput
adaptdo thechangingconditionson the network. For ex-
ample,asthe backgroundraffic increasest 3.7 seconds
(thirdgraph)theVegasconnectiordetectst anddecreases
its window size (top graph)which resultsin a reduction
in its sendingrate (secondgraph). Whenthe background
traffic slowsdownat5, 6 and7.5secondsthe Vegascon-
nectionincreaseds windowsize,andcorrespondinglyts
sendingrate. The bottomgraphshowsthat mostof the
time thereis a 100%uitilization of the bottlenecKink.

In contrast,Fig. 10 showsthe behaviorof Renounder
similarconditions.It showghatthereisverylittle correla-
tion betweerthewindowsizeandthelevel of background
traffic. For example,asthe backgroundraffic increases
at 3.7 secondsthe Renoconnectiorkeepsincreasingts
window size until thereis congestion. This resultsin
losseshothto itself andto connectionsvhich are partof
the backgroundraffic. The graphonly showsthe first10
second®f theoneMByte transfer;it took 14.2secondgo
completethetransfer The bottomgraphshowsthatthere
is undetrutilizationof the bottlenecKink.

Theimportantthingto takeawayfrom thisinformation
is that Vegas@ncreasedhroughputis not a resultof its
taking bandwidthaway from Renoconnectionsput due
to amoreefficientutilizationof thebotiieneckink. In fact,
Renoconnectionglo slightly betterwhenthebackground
traffic is runningin top of Vegasascomparedo whenthe
traffic isrunningontop of Reno(seeSectiord).
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Figure9: TCP Vegaswith rcplib-generatetbackgroundraffic.

3.3 Modified Slow-Start Mechanism

TCP s a Oself-clocking@yotocol, that s, it usesACKs

asa Oclock@® strobenew packetsinto the network|[7].

When there are no segmentsn transit, such as at the
beginningof a connectionor after a retransmittimeout,
therewill be no ACKs to serveasa strobe. Slow-start
is amechanisrusedto graduallyincreasehe amountof
datain-transit;it attemptdo keepthesegmentsiniformly

spaced.Thebasicideais to sendonly onesegmentvhen
startingor restartingafter a loss, then asthe ACKs are
received,to sendand extra segmentin additionto the
amountof dataacknowledgedn the ACK. Forexample,
if the receivinghostsendsan acknowledgmentor each

segmentt receivesthe sendinghostwill sendl segment
duringthe first RTT, 2 during the secondRTT, 4 during
thethird, andsoon. It is easyto seethattheincreases
exponentialdoublingits sendingateon eachRTT.

Thebehaviorof theslow-starmechanisntcanbeseerin
Fig.3andFig. 10. It occurswice,onceduringtheinterval
betweerD andl secondsandagainin theintervalbetween
2 and2.5secondsthelatter after a coarse-graitimeout.
The behaviorof theinitial slow-startis differentfrom the
onesthatoccurlaterin oneimportantrespect.Duringthe
initial slow-start,thereis no a priori knowledgeof the
availablebandwidththat can be usedto stopthe expo-
nentialgrowth of the window, whereaswvhen slow-starts

10
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Figure10: TCP Renowith tcplib-generatedackgroundraffic.

occursin the middle of a connectionthereis the knowl-
edgeof the window size usedwhenthe lossesoccurred
NReno considersalf of thatvalueto be safe.

Whenevera retransmittimeoutoccurs, Renosetsthe
thresholdwindow to one half of the congestiorwindow.
Theslow-stariperiodendsvhentheexponentlly increas-
ing congestiowindowreacheghethresholdvindow, and
from thenon, theincreassds linear, or approximatelyone
segmenper RTT. Sincethe congestiorwindow stopsits
exponentiagrowthathalfthepreviousralue,it isunlikely
thatlosseswill occurduringthe slow-startperiod.

However thereis no suchknowledgeof a safewindow
size when the connectionstarts. If the initial threshold

window valueis too small, the exponentiaincreasewill
stoptoo early, andit will takea longtimeNby usingthe
linearincreaseNtoarrive at the optimal congestiorwin-
dow size. As a result,throughputsuffers. On the other
hand,if the thresholdwindow is settoo large, the con-
gestionwindowwill growuntil theavailablebandwidthis
exceededresultingin losseson the orderof the number
of availablebuffers at the bottleneckrouter; theselosses
canbeexpectedo grow asnetworkbandwidthincreases.

Whatis neededs awayto finda connectior€available
bandwidthwhich doesnotincurthesekind of losses.To-
wardsthis end,we incorporatedur congestiordetection
mechanisninto slow-startwith only minor modifications.
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Figurell: TCPVegasontheleft, experimentabntheright.

To be able to detectand avoid congestionduring slow-
start, Vegasallows exponentialgrowth only every other
RTT. In betweenthe congestiorwindow staysfixed so
a valid comparisorof the expectedand actualratescan
be made. Whenthe actualratefalls belowthe expected
rateby theequivalenof onerouterbuffer, Vegaschanges
from slow-startmodeto linearincrease/decreaseode.

The behaviorof the modified slow-startcanbe seenin
Fig. 7 andFig. 9. The reasonthatwe needto measure
theactualratewith a fixed congestiorwindow s thatwe
want the actualrate to representhe bandwidthallowed
by the connection.Thus,we canonly sendasmuchdata
asis acknowledgedn the ACK (duringslow-start,Reno
sendsan extra segmentfor eachACK received). This
mechanismmis highly successfult preventingthe losses
incurredduringtheinitial slow-startperiod,asquantfied
in thenextsection.

Two problemsremain during any slow-start period.
First, segmentsare sentat a rate higherthan the avail-
ablebandwidthNupto twice theavailablebandwidthde-
pendingon the ACKing frequency(e.g., every segment

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 network speedsn-
crease so doesthe amountof buffering needed.Second,
while Vegas©@ongestioravoidancemechanismduringthe
initial slow-startperiodis quiteeffective, it canstill over
shootthe availablebandwidth,and dependson enough
buffering at the bottleneckrouterto preventlossesuntil
realizingit needsto slow down. Specifically, if the con-
nectioncan handlea particularwindow size, thenVegas
will doublethatwindowsizeNandasaconsequencelou-
ble the sendingrateNon the nextRTT. At somepointthe
availablebandwidthwill beexceeded.

We have experimentedwvith a solutionto both prob-
lems. To simplify the following discussionwe refer to
thealternativeversionof Vegaswvith anexperimentaslow-
startmechanisnasVegas*. Vegas*is basedon usingthe
spacingof the acknowledgments$o gaugethe available
bandwidth. The ideais similar to Keshav®Packet-Pair
probingmechanisn{13], exceptthatit usesthe spacing

12



of four segmentsentduringthe slow-startperiodrather
thantwo. (Usingfour segmentsesultsin a morerobust
algorithmthanusingtwo segments.)rhis availableband-
width estimateis usedto setthe thresholdwindow with

an appropriatevalue, which makesVegas*lesslikely to
overshootheavailablebandwidth.

Specfically, as eachACK is received,Vegas*sched-
ules an eventat a certainpoint in the future, basedon
its availablebandwidthestimate to increasethe conges-
tion window by one maximumsegmensize. Thisis in
contrastto increasingthe window immediatelyuponre-
ceivingtheACK. ForexampleassumeheRTT is100ms,
themaximumsegmensizeis 1 KByte, andthe available
bandwidthestimateis currently 200 KB/s. During the
slow-startperiod, time is dividedinto intervalsof length
equaltooneRTT. If duringthecurrentRTT intervalweare
expectingd ACKs to arrive, thenVegas*usesthe band-
width estimate(200KB/s)to guessthe spacingbetween
theincomingACKs (1KB / 200KB/s= 5ms)andaseach
ACK isreceivedijt schedulesneventtoincreaseahecon-
gestionwindow (andto senda segmentiat 20ms(5 x 4)
in thefuture.

Thegraphsn Fig. 11 showthebehaviorof Vegag(left)
and Vegas*(right) duringthe initial slow-start. For this
setof experimentsthe availablebandwidthwas300KB/s
andtherewere 16 buffers at the router Looking at the
graphson the left, we seethata packetis lost at around
1 secondindicatedby thethin verticalbar) asa resultof
sendingat 400KB/s. This is because/egasdetectedno
problemsat 200KB/s,so it doubledits sendingrate, but
in this particularcase,therewere not enoughbuffers to
protectit from thelosses.Thebottomgraphdemonstrates
the needto buffer half of the datasenton eachRTT as a
resultof sendingat a ratetwice the availablebandwidth.

The graphson the right illustrate the behaviorof Ve-
gas*. It setsthe thresholdwindow (dashedine) based
on the availablebandwidthestimate. This resultsin the
congestiorwindow haltingits exponentialgrowth at the
right timeNwhen the sendingrate equalsthe available
bandwidthand preventingthe losses. The middle graph
showsthat the sendingrate neverexceedghe available
bandwidth(300KB/s)by much. Finally, thebottomgraph
showghatVegas*doesnotneedasmanybuffersasVegas.

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

gestionwould resultif morethanoneconnectiondid this
atthesametime. Eventhoughit is possibleto congesthe
networkif morethanoneconnectiordoesslow-staratthe
sametime, thereis anupperboundonthenumberof bytes
sentduringthe RTT when congestioroccursregardless
of the numberof connectionsimultaneouslyoingslow-
startNabouttwicethenumbef bytesthatcanbehandled
by theconnection.Thereis nosuchlimit if morethanone
connectiorjumpsto usethe availablebandwidthat once.
Hence,we stronglyrecommendagainstdoingthis unless
it is known a priori that thereare no other connections
sharingthe path, or if thereare, thatthey won®increase
theirsendingrateat the sametime.

Although thesetracesillustrate how Vegas*©experi-
mentalslow-startmechanisndoesin factaddresghetwo
problemswith Vegasoutlinedabove simulationdataindi-
categhatthenewmechanisndoesnothavea measurable
impacton throughputand only maiginally improvesthe
lossrate. While additionalsimulationamightexposesitu-
ationswhereVegas*is morebendicial, we havedecided
to not include thesemodificationsin Vegas. Also, the
resultspresentedn Sectiond arefor VegashotVegas*.

4 Performance Evaluation

This sectionreportsand analyzesthe resultsfrom both
the Internetand the simulatorexperiments. The results
from the Internetexperimentsare evidencethat VegasO
enhancement® Renoproducesignificantimprovements
on both the throughput(37% higher) andthe numberof
losses(lessthan half) underreal conditions. The sim-
ulator experimentsallow us to alsostudyrelatedissues
suchas how do Vegasconnectionsaffect Renoconnec-
tions,andwhathappensvhenall connectiongrerunning
overVegas.Notethatbecausét is simpleto movea pro-
tocol betweerthe simulatorandthe OreaworldO the all
numbergeportedn this sectionarefor exactlythe same
code

4.1 Internet Results

We first presentmeasurementef TCP overthe Internet.
Spectically, we measured CPtransferdetweertheUni-
versity of Arizona (UA) and the National Institutesof

Health (NIH). The connectionconsistsof 17 hops,and
passeghroughDenver St. Louis, Chicago,Cleveland,
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Tablel: 1MByte transferovertheInternet.

Reno| Vegas-1,3| Vegas-2,4
Throughpu(KB/s) 53.00 72.50 75.30
ThroughpuRatio 1.00 1.37 1.42
Retransmission&KB) | 47.80 24.50 29.30
RetransmiRatio 1.00 0.51 0.61
CoarseTimeouts 3.30 0.80 0.90

Table2: Effectsof transfersizeoverthelnternet.

1024KB 512KB 128KB
Reno | Vegas| Reno| Vegas| Reno| Vegas
Throughpu{KB/s) 53.00| 72.50| 52.00| 72.00| 31.10| 53.10
ThroughpuRatio 1.00( 1.37| 1.00| 1.38| 1.00| 1.71
Retransmission&KB) | 47.80 | 24.50| 27.90| 10.50| 22.90| 4.00
RetransmiRatio 1.00| 051| 100| 0.38| 1.00| 0.17
CoarseTimeouts 3.30( 0.80| 1.70| 0.20| 1.10( 0.20

New York and WashingtonDC. The resultsare derived
from a setof runsover a sevenday periodfrom January
23-29,1994. Eachrun consistof a setof seventransfers
from UA to NIHNReno sendslMB, 512KB,and128KB,
aversionof Vegaswith « = 1 andg = 3 (denotedVegas-
1,3)sendslMB, 512KB,and128KB,andsecondversion
of Vegaswith & = 2 andg = 4 (denoted/egas-2,45ends
1MB. Weinserteda45 secondlelaybetweereachtransfer
in arunto givethenetworka chanceo settledown,arun
startedapproximatelyonce every hour, and we shufied
the orderof thetransferawithin eachrun.

Table 1 showsthe resultsfor the 1MB transfers. De-
pendingon the congestioravoidancehresholdsit shows
betweer87%and42%improvemenbverReno&through-
putwith only 51%to 61% of the retransmissionsWhen
comparingVegasand Renowithin eachrun, Vegasout-
performsReno092% of the time andacrossall levels of
congestionj.e., duringboth the middle of the nightand
during periodsof high load. Also, the throughputwas
a little higher with the biggerthresholds since the Ve-
gasconnectiorusedmorebuffersat the bottleneckrouter
whichcouldbeusedofill bandwidthgapsoccurringvhen
thebackgroundraffic sloweddown. However thehigher
buffer utilizationat the bottleneckalsoresultedin higher
lossesand slightly higher delays. We prefer the more
conservativeapproachof usingfewer resourcesso have
settledon avoidancehresholdof « = 1 andg = 3.

Becauseve wereconcernedhatVegas@hroughputm-

provementlependednlargetransfersizes wealsovaried
thesizeof thetransfer Table2 showsheeffectof transfer
sizeonboththroughputaindretransmissionfor Renoand

Vegas-1,3First,observahatVegasdoesbetterrelativeto

Renoasthetransfersizedecreasesln termsof through-
put, we seean increasefrom 37%to 71%. The results
aresimilar for retransmissionsasthe relative numberof

Vegasretransmissiongoesfrom 51% of Reno&to 17%
of Reno§)

Notice that the numberof kilobytes retransmittecby
Renostartsto flattenout as the transfersize decreases.
Whenwe decreasethetransfersizeby half, from 1MB to
512KB,we seea42%decreasén thenumberof kilobytes
retransmittedWhenwe furtherdecreasehetransfersize
to one-fourthits previousvalue,from 512KB to 128KB,
the numberof kilobytesretransmittecbnly decreaseby
18%. Thisindicatesthatwe areapproachinghe average
numberof kilobytes retransmitteddue to Reno®slow-
startlosses. From theseresults,we concludethat there
arearound20KBsretransmittedluringslow-start for the
conditionsof our experiment.

Onthe otherhand,the numberof kilobytesretransmit-
tedby Vegasdecreasealmostlinearly with respecto the
transfersize. This indicatesthat Vegaseliminatesnearly
all lossedduring slow-startdueto its modified slow-start
with congestioravoidance.Notethatif the transfersize
is smallerthanabouttwice the bandwidth-delayroduct,
thentherewill benolossedor neitheVegasnorReno(as-
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Table3: One-on-on¢300KB and1MB) transfers.

Reno/Renol Reno/\égas| Vegas/Reng Vegas/\égas
Throughpu(KB/s) 60/109 61/123 66/119 74/131
ThroughpuRatios 1.00/1.00 | 1.02/1.13 | 1.10/1.09 1.23/1.20
Retransmission&B) 30/22 43/1.8 1.5/18 0.3/0.1
RetransmiRatios 1.00/1.00 | 1.43/0.08 | 0.05/0.82 0.01/0.01

sumingthebottleneckouterhasenougtbuffersto absorb
temporarysendingratesabovethe connectionsavailable
bandwidth).

4.2 Simulation Results

Thissubsectiomeportgheresultsof serieof experiments
usingthe z-kernelbasedsimulator The simulatorallows
usto bettercontroltheexperimentandin particular gives
us the opportunityto seewhetheror not Vegasgetsits
performanceat the expenseof Reno-baseaonnections.
Note thatall the experimentausedin this subsectiorare
on the networkconfigurationshownin Fig. 6. We have
also run othertopologiesand differentbandwidth-delay
parametersyith similar results.

4.2.1 One-on-One Experiments

We beginby studyinghowtwo TCPconnectionsnterfere
with eachother To do this, we starta 1MB transferand
thenafter a variabledelay starta 300KB transfer The
transfersizesand delaysare chosento ensurethat the
smallertransferis containeccompletelywithin thelarger.
Table 3 givesthe resultsfor the four possiblecombi-
nations,wherethe column headingReno/\égasdenotes
a 300KB transferusingRenocontainedvithin a 1IMByte
transferusing Vegas. For eachcombination,the table
givesthe measuredhroughputand numberof kilobytes
retransmittedor both transfers;e.g., in the the caseof
Reno/\¢gasthe 300KB Renotransferachieveda 61KB/s
throughputate andthe 1MByte Vegastransferachieved
a123KB/sthroughputate® Theratiosfor boththrough-
put rate and kilobytes retransmittedare relative to the
Reno/Renaolumn. Thevaluesin thetableareaverages
from 12 runs,using15 and20 buffersin therouters,and

8 Comparinghe smalltransferto thelarge transferin anygivencol-
umnis notmeaningful. Thisis becaus¢helargetransfeiwasableto run
by itself duringmostof thetest.

with thedelaybeforestartingthe smallertransfemranging
betweerD and2.5seconds.

The main thing to take away from thesenumbersis
that Vegasdoesnot adverselyaffect Reno®throughput.
Reno&throughpustayspretty muchunchangeavhenit
is competingwith VegasratherthanitselfNthe ratiosfor
Renoare 1.02and1.09for Reno/\égasandVegas/Reno,
respectively Also, whenRenocompetesvith Vegagather
thanitself, the combinednumberof kilobytesretransmit-
ted for the pair of competingconnectiongdropssignifi-
cantly The combinedReno/Renaetransmitsare 52KB
comparedwith 45KB for Reno/\égasand 19KB for Ve-
gas/Reno. Finally, notethat the combinedVegas/\¥gas
retransmitsarelessthan1KB on the averageNanindica-
tionthatthecongestioravoidancenechanisnis working.

Sincetheprobabilitythatthereareexactlytwo connec-
tions at one time is small in real life, we modified the
experimentby addingzcplib backgroundraffic. There-
sultsweresimilarexceptor theReno/\égasexperimentn
which Renoonly hada 6% increasen its retransmission,
versughe43%whentherewasno backgroundraffic.

This 43% increasein the lossesof Reno for the
Reno/\égascaseis explainedas follows. The Vegas
connectionstartsfirst, and is using the full bandwidth
(200KB/s)by thetime the Renoconnectiorstarts.When
Vegagdetectghatthenetworkis startingto getcongested,
it decreasetts sendingrateto between80 and100KB/s.
The lossesincurredby Reno(about48KB), are approx-
imately the lossesRenoexperiencesvhenit is running
by itself on a networkwith 100to 120KB/sof available
bandwidthand around15 availablebuffers at the bottle-
neckrouter Thereasonthe lossesvheresmallerfor the
300KBtransfelin theReno/Renexperimentsthatbythe
time the 300KB transferstarts,the 1MB connectiorhas
stoppedransmittingdueto thelossesn its slow-startand
it won®startsendingagainuntil it imesoutat around2
seconds.A Renoconnectiorsending300KB whenthere
is 200KB/sof availablebandwidthand 20 buffers at the
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Table4: 1MByte transferwith rcplib-generatedhackgroundRenotraffic.

Reno| Vegas-1,3| Vegas-2,4
Throughpu(KB/s) 58.30 89.40 91.80
ThroughpuRatio 1.00 1.53 1.58
Retransmission@<B) | 55.40 27.10 29.40
RetransmiRatio 1.00 0.49 0.53
CoarseTimeouts 5.60 0.90 0.90
bottleneckrouteronly lossesabout3KB. the 1Mbytetransfer

This type of behavioris characteristicof Reno: by
slightly changingthe parameterén the network,onecan
observemajor changesn Reno&behavior Vegas,on the
other hand, doesnot show as much discontinuityin its
behavior

4.2.2 Background Traffic

We nextmeasuredheperformancef adistinguished CP
connectiorwhenthe networkis loadedwith traffic gener
atedfrom rcplib. Thatis, theprotocolTRAFFICisrunning
betweerHostlaandHost1hbin Fig. 6,anda 1MBytetrans-
fer is runningbetweenHost2aandHost2b. In this setof
experimentsthecplib traffic is runningoverReno.

Table 4 gives the resultsfor Renoand two versions
of VegasN\Vegas-1,3andVegas-2,4 We variedthesetwo
thresholdso studythesensitivityof ouralgorithmtothem.
The numbersshownareaveragesrom 57 runs,obtained
by usingdifferentseeddor tcplib, andby using10,15and
20buffersin therouters.

Thetableshowsthethroughputatefor eachof thedis-
tinguishedconnectionsusing the three protocols,along
with their ratio to Reno®throughput. It also givesthe
numberof kilobytesretransmittediheratio of retransmits
to Reno§andtheaveragenumberof coarse-grainetime-
outspertransfer For example Vegas-1,5had53%better
throughputhanRenowith only 49%of thelosses.Again
notethatthereis little differencebetweenVegas-1,3and
Vegas-2,4.

Thesesimulationstell us the expectedimprovement
of Vegasover Reno: more than 50% improvementon
throughputandonly half thelosses.Theresultsfrom the
one-on-oneexperimentsndicatethatthe gainsof Vegas
arenot madeatthe expensef Reno;this beliefis further
supportedby thefactthatthebackgroundraffic®@through-
putis mostly unafectedby the type of connectiondoing

We alsoranthesetestswith the backgroundraffic us-
ing VegasratherthanReno. This simulatesthe situation
wherethe whole world usesVegas. The throughputand
thekilobytesretransmittedby the 1MBytetransfersdidn®
changesignificantly(lessthan4%).

4.2.3 Other Experiments

We tried manyvariationsof the previousexperimentsOn
the whole, the resultswere similar, exceptfor whenwe
changedTCP® send-bufer size. Below we summarize
theseexperiment@andtheirresults.

o Two-way background trafbc. Therehavebeerreports
of changein TCP®behaviorwhen the background
traffic is two-way ratherthanone-way[18]. Thus,
we modifiedthe experimentdy addingreplib traffic
from Host3bto Host3a. Thethroughputatio stayed
the same,but the lossratio was muchbetter: 0.29.
RenoresenimoredataandVegasemainedaboutthe
same. The fact that there wasn©much changeis
probablydueto the fact that tcplib alreadycreates
some2-waytraficNTELNET connectionsendone
byte andgetone or more bytesback,and FTP con-
nectionssendandgetcontrolpacketseforedoinga
transfer

o Different TCP send-buffer sizes. For all the experi-
mentsreportedsofar, we ranTCPwith a50KB send-
buffer. For this experiment,we tried send-bufer
sizesbetweerbOKB and5KB. Vegas@hroughpuand
lossesstayedunchangedetween50KB and 20KB;
fromthatpointon,asthebuffer decreasedsodid the
throughput. This wasdueto the protocolnot being
ableto keepthe pipefull.

Reno&throughputnitially increased asthe buffers
gotsmalleyandthenit decreasedlt alwaysremained
underthe throughpumeasuredor Vegas. We have
previouslyseenthis type of behaviorwhile running
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Renoon the Internet. If we look backat Fig. 5, we
seethat as Renoincreasedts congestionwindow,
it usesmore and more buffersin the routeruntil it
losespacketsby overrunninghe queue. If we limit
the congestiorwindow by reducingthe size of the
send-bufier, we may preventit from overrunninghe
routei@ queue.

5 Discussion

Throughputindlossesarenottheonly metricsby whicha
transporprotocolis evaluated Thissectiordiscussesev-
eralotherissueghatmustbeaddressedit alsocomments
ontherelationshipbetweerthis work andothereffortsto
improveend-to-engerformancenthelnternet.

5.1 Fairness

If thereis morethanoneconnectiorsharinga bottleneck
link, we would like for eachconnectionto receivean
equalshareof the bandwidth. Unfortunately given the
limited amountof information currentlyavailableat the
connectionendpointsthis is unlikely to happerwithout
somehelpfromtherouters. Giventhatnoprotocolis likely
to be perfectlyfair, we needa way to decidewhetherits
levelof fairnesds acceptablernot. Also, giventhatsofar
theInternetcommunityhasfoundRenoflevel of fairness
acceptablewe decidedto compareVegas@airnesdevels
to Reno&andjudgeit in thoseterms.

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

(z1,22,...,x,) thefollowing functionassigns fairness
indexto theset:
iy mi)?
2, ,xp) = =
flon o) = e

Giventhatthe throughputsare nonnegativethe fairness
index alwaysresultsin numbersbetween0 and1. If all
throughputarethesamethefairnessndexis 1. If only &
of the n usersreceiveequalthroughputindtheremaining
n — k usersreceivezerothroughputthefairnessindexis
We ransimulationswith 2, 4 and16 connectionshar
ing abottlenecHink, whereall the connectiongitherhad
thesamepropagatiordelay or whereonehalf of thecon-
nectionshadtwice thepropagatiordelayof theotherhalf.

Many different propagationdelayswere used, with the
appropriateesultsaveraged.

In thecaseof 2 and4 connectionsyith eachconnection
transferring8 MB, Renowas slightly morefair thanVe-
gaswhenall connectiondiadthe samepropagatiordelay
(0.993vs. 0.989),but Vegaswasslightly morefair than
Renowhenthepropagatiomelaywaslargerfor half of the
connectiong0.962vs. 0.953). In the experimentawith
16 connectionswith eachconnectiontransferring2MB,
Vegaswasmorefair thanRenoin all experimentsegard-
lessof whetherthe propagatiordelayswerethe sameor
not(0.972vs. 0.921).

To study the effect that Reno connectionshave over
Vegasconnectiongandvice versa)we ran8 connections,
eachsending2 MB of data. The experimentonsistedf
runningall theconnection®ntopof Reno,all theconnec-
tionson top of Vegas,or onehalf ontop on Renoandthe
otherhalf ontop of Vegas.Therewaslittle differencebe-
tweenthefairnessindexof the eightconnectiongsunning
aparticularTCP implementatior{Vegasor Reno)andthe
fairnessindex of the four connectiongunningthe same
TCPimplementatiorand sharingthe bottleneckwith the
four connectionsunningthe other TCP implementation.
Similarly, we sawlittle differencein the averagesize of
thebottleneckqueue.

In anotherexperiment,we ran four connectionover
backgroundraffic. Forthisexperimentyegasvasalways
morefair thanReno. Overall,we concludethat Vegasis
no lessfair thanReno.

5.2 Stability

A secondaoncerris stabilityNi tisundesirabléor aproto-
col to causetheInternetto collapseasthe numberof con-
nectionsincreasesIn otherwords,astheloadincreases,
eachconnectiomustrecognizehatit shoulddecreasdts
sendingrate. Up to the point wherethe window can be
greaterthanone maximumsegmensize, Vegasis much
betterthanRenoatrecognizingandavoidingcongestiorN
wehavealreadyseernthatRenodoesnotavoidcongestion,
onthecontrary it periodicallycreatesongestion.
Oncetheloadis sohighthatonaverageeachconnection
can only sendlessthan one maximumsegmentworth
of data, Vegasbehavedike Reno. This is becausehis
extremeconditionimplies that coarse-graiimeoutsare
involved, and Vegasusesexactly the samecoarse-grain
mechanismas Reno. Experimentalresultsconfirm this
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intuition: running16 connectionsyith a 50msone-way
propagatiordelay througha routerwith either10 or 20
buffers and 100 or 200KB/s of bandwidthproducedno
stability problems.

We have also simulatedcomplex network topologies
like theoneshownin Fig. 12, which consistf 16 traffic
sourceseachof which containstwo or threehosts. Each
host,in turn,is runningzeplib-basedraffic. Therectangu-
lar boxesrepresensourcesof ObulkdataQransfers.The
resultingtraffic consistof nearlyathousandhewconnec-
tionsbeingestablishegher simulatedsecondwhereeach
connectionis eithera TELNET, FTR SMTP or NNTP
conversationNo stability problemshaveoccurredin any
of oursimulationsvhenall of theconnectiongrerunning
Vegas.

In summarythereis noreasorto expectVegasto lead
to networkcollapse. Onereasonfor this is that most of
Vegas@echanismsre conservativen natureNits con-
gestionwindow neverincreasedasterthan Reno&(one
maximumsegmenper RTT), the purposeof the conges-
tion avoidancemechanismis to decrease the congestion
window beforelossesoccur andduringslow-startVegas
stopsthe exponentialgrowth of its congestionwindow
beforeRenowould underthe sameconditions.

5.3 Queue Behavior

Giventhat Vegaspurposelytriesto occupybetweenone
andthreeextrabuffersalongthepathfor eachconnection,

it seemgpossiblethatpersistentjueuescouldform atthe
bottleneckrouterif the whole world ran Vegas. These
persistentjueuesvould, in turn, addto the latencyof all
connectionghatcrossedhatrouter

Since the analytical tools currently available are not
goodenoughorrealisticallymodelandanalyzethebehav-
ior of eitherRenoor Vegas,we mustrely on simulations
to answerthis issue. Our simulationsshowthat average
gueuesizesunderRenoandVegasareapproximatelyhe
same.HowevertheyalsoshowthatTELNET connections
in teplib experiencébetweeril8 and40%lesslatency on
average whenall the connectionsare Vegasinsteadof
Reno. This seemdo suggesthatif the whole world ran
Vegas Internetlatencywould notbe adverselyaffected.

5.4 BSD Variations

TCP hasbeena ratherfluid protocoloverthelastseveral
yearsespeciallyin its congestiorcontrolmechanismAl-
thoughthegeneraformtheoriginalmechanisndescribed
in [7] hasremainedunchangedn all BSD-basedmple-
mentationge.g., Tahoe,Reno,BNR2, BSD 4.4), many
of the Oconstantd@vechanged.For example someim-
plementation®\CK everysegmentindsomeACK every
other segment;someincreasethe window during linear
growth by one segmentper RTT and someincreaseby
half asegmenperRTT plus 1/8ththe maximumsegment
sizeper ACK receivedduringthatRTT; andfinally, some
usethetimestampoptionandsomedo not.
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Wehaveexperimentedvith mostof thesevariationsand
havefoundthecombinatiorusedn ourversionof Renoas
reportedn this paperto be theamongthe mosteffective.
Forexamplewefoundthelatestversionof TCR thatfound
in BSD 4.4-lite Pachieves 4%worsethroughputhanour
Renoduringinternettypesimulationg2]. Also, others[]
have comparedVegaswith the SunOSimplementation
of TCR, which is derivedfrom Reno,and havereached
conclusionsimilarto thosein this paper

5.5 Alternative Approaches

In additionto improving TCP@&congestiorcontrolmech-
anism, thereis a large body of researchaddressinghe
generalquestionof how to fairly andeffectively allocate
resource# thelnternet.We concludethis sectionby dis-
cussingherelevanceof TCP Vegasto theseotherefforts.

Oneexampleis gainingmuchattentionis the question
of how to guarantedbandwidthto real-timeconnections.
The basicapproachrequireshata moreintelligentbuffer
managebe placedin thelnternetrouterd14]. Onemight
questiortherelevancef TCPVegasdn light of suchmech-
anisms. We believe end-to-endcongestioncontrol will
remainveryimportantfor two reasonsFirst, a significant
fractionof thedatathatwill flow overthelnternetwill not
be of areal-timenature;it will be bulk-transferapplica-
tions (e.g.,imagetransfer)thatwantas muchbandwidth
asis currentlyavailable. Thesetransferswill be ableto
useVegasto competeagainsteachotherfor theavailable
bandwidth. Second,evenfor a real-timeconnection,it
would not be unreasonabléor an applicationto request
(andpay for) a minimally acceptabléandwidthguaran-
tee, andthenusea Vegas-likeend-to-endnechanisnto
acquireasmuchadditionalbandwidthasthe currentload
allows.

As anotherexample,selectiveACKs [8, 9] havebeen

proposedsawayto decreas¢henumbermnf unnecessarily

can significantly improve on Vegasin terms of unnec-
essaryretransmissionsas therewere only 6KB per MB

unnecessarilyetransmittedy Vegasin our Internetex-

periments. Third, selectiveACKs havethe potentialto

retransmitiost datasooneron future networkswith large

delay/bandwidtiproducts. It would be interestingo see
how Vegasand the selectiveACK mechanismwork in

tandemon suchnetworks. Finally, we notethatselective
ACKSs requirea changeto the TCP standardwhereaghe
Vegasmodificationsareanimplementatiorchangethatis

isolatedto the sender

6 Conclusions

Wehaveintroducedseveratechniquegor improvingTCR,
includinga newtimeoutmechanisma novelapproacho
congestioravoidancethat tries to control the numberof
extrabufferstheconnectioroccupiesn thenetwork,anda
modified slow-startmechanism Experimenton boththe
Internetand usinga simulatorshowthat Vegasachieves
37 to 71% betterthroughput,with onefifth to one-half
as many bytes being retransmitted as comparedto the
implementatiorof TCP in the Renodistributionof BSD
Unix. We havealsogiven evidencethat Vegasis justas
fair asReno thatit doesnotsuffer from stabilityproblems,
andthatit doesnotadverselyaffect latency

A Detailed Graph Description

To assistthereaderdevelopa betterunderstandingf the
graphsusedthroughoutthis paper and to gain a better
insight of Reno®behavior we describein detail one of
thesegraphs. Figure13is a traceof Renowhenthereis
othertraffic throughthe bottleneckrouter The numbers
in parenthesiseferto thetypeof line in thegraph.

In general, output is allowed while the UNACK-

retransmittegpacketsandto provideinformationfor abet- COUNT (4) (numberof bytessentbutnotacknowledged)
ter retransmimechanisnthanthe onein Reno.Although i lessthanthe congestiorwindow (3) andlessthanthe
the selectiveACK mechanisnis notyetwell defined,we Sendwindow (2). The purposeof the congestiowindow
makethe following observationabouthow it compares is to preventor morerealisticallyin Reno&case o con-
. ~ .. trolcongestionThesendwindowis usedfor flow control,
to Vegas. First, it only relatesto Vegas@etransmission . - .
mechanismselectiveACKs by themselvesffect neither It preventsdatafrom being sentwhenthereis no buffer

. ) spaceavailableatthereceiver
the congestiomor the the slow-startmechanisms.Sec- The thresholdwindow (1) is setto the maximumvalue

ond, thereis little reasonto believethatselectiveACKs (4K B) atthe beginningof the connection Soonafterthe
® Thisis theimplementatiorf TCPavailableatftp.cdrom.comdated  CONNnectioris started pothsidesexchangenformationon
4/10/94. the sizeof their receivebuffers,andthe sendwindow (2)
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Figure13: TCPwindowsgraph.

is setto theminimumof the sende® sendbuffer sizeand
thereceive@ advertizedvindowsize.

The congestionwindow (3) increasesexponentially
while it is lessthanthe thresholdwindow (1). At 0.75
secondslossesstartto occur(indicatedby thetall vertical
lines). More precisely the vertical lines represenseg-
mentsthat are later retransmittedusually becausethey
werelost). At aroundl, secondh lossis detectedhfterre-
ceiving3 duplicateACKs andRenoéFastRetransmiand
FastRecoverymechanismgo into action. The purpose
of thesemechanismss to detecossedeforearetransmit
timeoutoccurs,andto keepthe pipefull (we canthink of
aconnectior€pathasawaterpipe,andourgoalis to keep
it full of water)while recoveringrom theselosses.

The congestionwindow (3) is setto the maximal al-
lowedsegmensize(for thisconnectionpandthe UNACK-
COUNT is setto zeromomentarily allowingthelostseg-
mentto be retransmitted The thresholdvindow (1) is set
to half the value that the congestiorwindow had before
thelosseqit is assumedhatthisis asafelevel, thatlosses
won®occurat thiswindowsize).

The congestionwindow (3) is also set to this value
afterretransmittinghelost segmentbutit increasesvith
eachduplicateACK (segmentsvhoseacknowledgement
numberis the sameas previoussegmentsand carry no
data or new window information). Sincethe receiver
sendsa duplicateACK whenit receivesa segmenthat
it cannotacknowledge(becauset has not receivedall
previousdata),the receptionof a duplicateACK implies
thata packethasleft the pipe.

Thisimpliesthatthe congestiorwindow (3) will reach
the UNACK-COUNT (4) whenhalf thedatain transithas
beenreceivedat the otherend. From this point on, the
receptionof any duplicate ACKs will allow a segment

to be sent. This way the pipe canbe keptfull at half the
previousvalue(sincelosseccurredatthepreviousvalue,
it isassumedhattheavailablebandwidthis nowonly half
its previousvalue). Earlierversionsof TCPwould begin
theslow-starinechanisnwhenlossesveredetected This
impliedthatthe pipewould almostemptyandthenfill up
again.Reno®mechanisnallowsit to stayfilled.

At around1.2 seconds,a non-duplicateACK is re-
ceived,andthe congestiorwindow (3) is setto thevalue
of thethresholdvindow (1). Thecongestiorwindowwas
temporarilyinflatedwhenduplicateACKs werereceived
asa mechanisnfor keepingthe pipe full. Whena non-
duplicateACK isreceivedthecongestiomindowis reset
to half thevalueit hadwhenlossesoccurred.

Sincethecongestiorwindow(3) is belowthe UNACK-
COUNT (4), no moredatacanbe sent. At 2 secondsa
retransmittimeoutoccurs(seeblack circle on top), and
data startsto flow again. The congestionwindow (3)
increasesexponentiallywhile it is below the threshold
window (1). A little before2.5secondsasegments sent
that will later be retransmitted. Skippingto 3 seconds,
we noticethe congestiorwindow (3) increasindinearly
becausét is abovethethresholdvindow (1).
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