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TCP Vegas:End to End Congestion
Avoidanceon a Global Internet
LawrenceS. Brakmo, StudentMember,IEEE, and Larry L. Peterson

AbstractÐ Vegas is an implementation of TCP that achieves
between37 and 71% better thr oughput on the Internet, with one-
�fth to one-half the losses,as compared to the implementation
of TCP in the Reno distribution of BSD Unix. This paper
motivates and describesthe thr ee key techniques employed by
Vegas,and presentsthe resultsof a comprehensiveexperimental
performance studyÐusing both simulations and measurements
on the InternetÐof the Vegasand Renoimplementationsof TCP.

I. INTRODUCTION

FEW would argue that one of TCP's strengthslies in its
adaptiveretransmissionand congestioncontrol mecha-

nism, with Jacobson'spaper[7] providing the cornerstoneof
that mechanism.This paperattemptsto go beyondthis earlier
work; to provide somenew insights into congestioncontrol,
and to proposemodi�cations to the implementationof TCP
that exploit theseinsights.

The tangible result of this effort is an implementationof
TCP, basedon modi�cations to the Renoimplementationof
TCP, that we refer to as TCP Vegas. This nameis a take-
off of earlier implementationsof TCP that weredistributedin
releasesof 4.3 BSD Unix known asTahoeandReno;we use
Tahoeand Renoto refer to the TCP implementationinstead
of the Unix release.Note that Vegasdoesnot involve any
changesto the TCP speci�cation; it is merely an alternative
implementationthat interoperateswith any othervalid imple-
mentationof TCP. In fact, all the changesarecon�ned to the
sendingside.

The main result reportedin this paperis that Vegasis able
to achievebetween37 and71%betterthroughputthanReno.1

Moreover,this improvementin throughputis not achievedby
an aggressiveretransmissionstrategythat effectively steals
bandwidthaway from TCP connectionsthat use the current
algorithms.Rather,it is achievedby a more ef�cient useof
the available bandwidth.Our experimentsshow that Vegas
retransmitsbetweenone-�fth and one-half as much data as
doesReno.

ManuscriptreceivedSeptember29, 1994;revisedJune7, 1995.This work
was supportedin part by the National ScienceFoundationunderGrant IRI-
9015407and by ARPA underContractDABT63-91-C-0030.

The authorsare with the Departmentof ComputerScience,University of
Arizona, Tucson,AZ 85721 USA.

IEEE Log Number9414021.
1We limit our discussionto Reno,which is bothnewerandbetterperform-

ing thanTahoe.SectionV-D discussesour resultsrelative to newerversions
of TCPÐBerkeley Network Release2 (BNR2) andBSD 4.4.

This paperis organizedas follows. SectionII outlinesthe
tools we usedto measureand analyzeTCP. SectionIII then
describesthe techniquesemployedby TCP Vegas,coupled
with the insightsthat led us to the techniques.SectionIV then
presentsa comprehensiveevaluationof Vegas' performance,
including both simulation resultsand measurementsof TCP
running over the Internet.Finally, SectionV discussessev-
eral relevant issuesand SectionVI makessomeconcluding
remarks.

II. TOOLS

This sectionbrie
y describesthe tools usedto implement
andanalyzethedifferentversionsof TCP.All of theprotocols
weredevelopedand testedunderthe University of Arizona's

-kernelframework[6]. Our implementationof Renowasde-
rivedby retro�tting theBSD implementationinto the -kernel.
Our implementationof Vegaswasderivedby modifying Reno.

A. Simulator

Many of the results reportedin this paperwere obtained
from a network simulator. Even though severalgood simu-
lators are availableÐe.g., REAL [12] and Netsim [5]Ðwe
decidedto build our own simulator basedon the -kernel.
In this environment,actual -kernel protocol implementa-
tions run on a simulated network. Speci�cally, the simu-
lator supportsmultiple hosts, each running a full protocol
stack(TEST/TCP/IP/ETH),andseveralabstractlink behaviors
(point-to-point connectionsand ethernets).Routers can be
modeled either as a network node running the actual IP
protocolcode,or asanabstractentity thatsupportsa particular
queueingdiscipline (e.g., FIFO).

The -kernel-basedsimulator provides a realistic setting
for evaluatingprotocolsÐeachprotocol is modeledby the
actual C code that implements it rather than some more
abstract speci�cation. It is also trivial to move protocols
betweenthe simulatorand the real world, therebyproviding
a comprehensiveprotocoldesign,implementation,andtesting
environment.

Oneof the most importantprotocolsavailablein the simu-
lator is called TRAFFICÐit implementsTCP Internettraf�c
basedon tcplib [3]. TRAFFIC startsconversationswith in-
terarrival times given by an exponentialdistribution. Each
conversationcanbeof typeTELNET, FTP,NNTP, or SMTP,
each of which expectsa set of parameters.For example,
FTP expectsthe following parameters:number of items to
transmit,controlsegmentsize,andthe item sizes.All of these
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Fig. 1. TCP Reno trace examples.

parametersare basedon probability distributions obtained
from traf®c traces.Finally, eachof theseconversationsruns
on top of its own TCP connection.

B. Trace Facility

Early in this effort it becameclear that we neededgood
facilities to analyzethe behaviorof TCP.We thereforeadded
code to the -kernel to trace the relevant changesin the
connectionstate.We paid particularattentionto keepingthe
overheadof this tracing facility as low as possible,so as
to minimize the effects on the behavior of the protocol.
Speci®cally,the facility writes tracedatato memory,dumps
it to a ®le only when the test is over, and keepsthe amount
of dataassociatedwith eachtraceentry small (8 bytes).

We then developedvarious tools to analyzeand display
the tracinginformation.The restof this sectiondescribesone
such tool that graphically representsrelevantfeaturesof the
stateof the TCP connectionas a function of time. This tool
outputs multiple graphs,each focusing on a speci®cset of
characteristicsof theconnectionstate.Fig. 1 givesanexample.
Sincewe usegraphslike this throughoutthe paper,we now
explain how to readthe graphin somedetail.

First,all TCPtracegraphshavecertainfeaturesin common,
as illustratedin Fig. 2. The circled numbersin this ®gureare
keyedto the following explanations:

1) Hashmarkson the -axis indicatewhen an ACK was
received.

2) Hash marks at the top of the graph indicate when a
segmentwas sent.

3) The numberson the top of the graphindicatewhenthe
th kilobyte (KB) was sent.

4) Diamondson topof thegraphindicatewhentheperiodic
coarse-grainedtimer ®res.This doesnot imply a TCP
timeout, just that TCP checkedto seeif any timeouts
should happen.

Fig. 2. Commonelementsin TCP tracegraphs.

5) Circleson top of thegraphindicatethata coarse-grained
timeoutoccurred,causinga segmentto beretransmitted.

6) Solidverticallinesrunningthewholeheightof thegraph
indicatewhena segmentthat is eventuallyretransmitted
wasoriginally sent,presumablybecauseit waslost.2 No-
tice that severalconsecutivesegmentsareretransmitted
in the example.

In additionto this commoninformation,eachgraphdepicts
more speci®cinformation. The bottom graph in Fig. 1 is
the simplestÐit shows the averagesendingrate, calculated
from the last 12 segments.The top graph in Fig. 1 is more
complicatedÐit gives the size of the different windows TCP
usesfor 
ow and congestioncontrol. Fig. 3 showsthesein
moredetail, againkeyedby the following explanations:

1) The dashedline gives the thresholdwindow. It is used
during slow-start, and marks the point at which the
congestionwindow growthchangesfrom exponentialto
linear.

2For simplicity, we sometimessaya segmentwaslost, eventhoughall we
know for sureis that the senderretransmittedit.
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Fig. 3. TCP windows graph.

2) The dark gray line gives the send window. It is the
minimum of the sender's buffer size and receiver's
advertisedwindow, and de®nesan upper limit to the
numberof bytessentbut not yet acknowledged.

3) The light gray line gives the congestionwindow. It is
usedfor congestioncontrol, and is also an upper limit
to the numberof bytessentbut not yet acknowledged.

4) The thin line givesthe actualnumberof bytesin transit
at any given time, whereby in transitwe meansentbut
not yet acknowledged.

Sincethe window graphpresentsa lot of information, it is
easyto get lost in thedetail.To assistthereaderin developing
a betterunderstandingof this graph,the Appendixpresentsa
detaileddescriptionof the behaviordepictedin Fig. 3.

The graphsjust describedare obtainedfrom tracing infor-
mationsavedby theprotocol,andare,thus,availablewhether
theprotocolis runningin thesimulatoror overa realnetwork.
The simulator itself also reportscertain information, suchas
the rate, in KB/s, at which datais enteringor leaving a host
or a router.For a router, the tracesalso savethe size of the
queuesasa functionof time,andthetime andsizeof segments
that are droppeddue to insuf®cientqueuespace.

III. TECHNIQUES

This sectionmotivatesand describesthreetechniquesthat
Vegasemploysto increasethroughputanddecreaselosses.The
®rsttechniqueresultsin a more timely decisionto retransmit
a dropped segment.The secondtechniquegives TCP the
ability to anticipatecongestion,and adjust its transmission
rate accordingly.The ®nal techniquemodi®esTCP's slow-
start mechanismso as to avoid packetlosseswhile trying to
®ndtheavailablebandwidthduringtheinitial useof slow-start.
The relationshipbetweenour techniquesand thoseproposed
elsewherearealsodiscussedin this sectionin the appropriate
subsections.

A. NewRetransmissionMechanism

Renousestwo mechanismsto detectandthenretransmitlost
segments.The original mechanism,which is part of the TCP
speci®cation,is theretransmittimeout.It is basedonroundtrip
time (RTT) andvarianceestimatescomputedby samplingthe

time betweenwhena segmentis sentandan ACK arrives.In
BSD-basedimplementations,theclock usedto time theround-
trip ªticksº every500ms.Checksfor timeoutsalsooccuronly
whenthis coarse-grainclock ticks. Thecoarsenessinherentin
this mechanismimplies that thetime intervalbetweensending
asegmentthatis lostuntil thereis a timeoutandthesegmentis
resentis generallymuch longer thannecessary.For example,
duringa seriesof testson theInternet,we foundthatfor losses
that resultedin a timeoutit took Renoan averageof 1100ms
from the time it sent a segmentthat was lost until it timed
out and resentthe segment,whereaslessthan300 ms would
have beenthe correct timeout interval had a more accurate
clock beenused.

This unnecessarilylarge delay did not go unnoticed,and
the Fast Retransmit and Fast Recovery mechanismswere
incorporatedinto theRenoimplementationof TCP(for a more
detaileddescriptionsee[15]). Renonot only retransmitswhen
a coarse-graintimeout occurs,but also when it receives
duplicateACKs ( is usually3). Renosendsa duplicateACK
wheneverit receivesanewsegmentthatit cannotacknowledge
becauseit hasnot yet receivedall the previoussegments.For
example,if Renoreceivessegment2 butsegment3 is dropped,
it will senda duplicateACK for segment2 when segment4
arrives,againwhen segment5 arrives,and so on. When the
senderseesthe third duplicateACK for segment2 (the one
sentbecausethe receiverhadgottensegment6) it retransmits
segment3.

The Fast Retransmitand Fast Recoverymechanismsare
very successfulÐtheypreventmore than half of the coarse-
grain timeouts that occur on TCP implementationswithout
thesemechanisms.However,someof our early analysisindi-
catedthateliminatingthedependencyoncoarse-graintimeouts
would result in at leasta 19% increasein throughput.

Vegas, therefore, extends Reno's retransmissionmecha-
nisms as follows. First, Vegasreadsand recordsthe system
clock each time a segmentis sent. When an ACK arrives,
Vegasreadsthe clock again and does the RTT calculation
using this time and the timestamprecordedfor the relevant
segment.Vegasthenusesthis moreaccurateRTT estimateto
decideto retransmitin the following two situations(a simple
exampleis given in Fig. 4):

· When a duplicate ACK is received, Vegas checks to
see if the differencebetweenthe current time and the
timestamprecordedfor the relevantsegmentis greater
than the timeout value. If it is, then Vegasretransmits
the segmentwithout having to wait for (3) duplicate
ACKs. In many cases,lossesare either so great or the
window so small that the senderwill neverreceivethree
duplicateACKs, andtherefore,Renowould haveto rely
on the coarse-graintimeout mentionedabove.

· Whena nonduplicateACK is received,if it is the ®rstor
secondoneafter a retransmission,Vegasagainchecksto
seeif thetime intervalsincethesegmentwassentis larger
thanthe timeoutvalue.If it is, thenVegasretransmitsthe
segment.This will catchanyothersegmentthatmayhave
beenlost previousto the retransmissionwithout having
to wait for a duplicateACK.
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Fig. 4. Exampleof retransmitmechanism.

In otherwords,Vegastreatsthereceiptof certainACKs asa
hint to checkif a timeoutshouldoccur.Sinceit only checksfor
timeoutsin rareoccasions,the overheadis small. Notice that
eventhoughonecould reducethe numberof duplicateACKs
usedto trigger the FastRetransmitfrom 3 duplicateACKs to
either2 or 1, it is not recommendedasit could resultin many
unnecessaryretransmissionsandbecauseit makesassumptions
aboutthelikelihood thatpacketswill bedeliveredoutof order.

The goal of the new retransmissionmechanismis not
just to reducethe time to detectlost packetsfrom the third
duplicateACK to the ®rstor secondduplicateACKÐa small
savingsÐbut to detectlost packetseventhoughtheremay be
no secondor third duplicateACK. The new mechanismis
very successfulat achievingthis goal,asit further reducesthe
numberof coarse-graintimeoutsin Renoby more thanhalf.3

Vegasstill containsReno'scoarse-graintimeoutcodein case
the new mechanismsfail to recognizea lost segment.

Relatedto making timeouts more timely, notice that the
congestionwindow shouldonly be reduceddueto lossesthat
happenedat the current sendingrate, and not due to losses
that happenedat an earlier,higherrate.In Reno,it is possible
to decreasethe congestionwindow morethanoncefor losses
thatoccurredduringoneRTT interval.4 In contrast,Vegasonly
decreasesthecongestionwindow if the retransmittedsegment
was previously sent after the last decrease.Any lossesthat
happenedbeforethe last window decreasedo not imply that
the network is congestedfor the current congestionwindow
size, and therefore,do not imply that it shouldbe decreased
again. This changeis neededbecauseVegasdetectslosses
much soonerthan Reno.

B. CongestionAvoidanceMechanism

TCP Reno's congestiondetectionand control mechanism
usesthelossof segmentsasa signalthat thereis congestionin

3This was tested on an implementationof Vegas which did not have
the congestionavoidanceand slow-startmodi®cationdescribedlater in this
section.

4This problemin the BSD versionsof Renohasalsobeenpointedout by
Sally Floyd [4].

thenetwork.It hasno mechanismto detecttheincipientstages
of congestionÐbeforelossesoccurÐso theycanbeprevented.
Reno is reactive, rather than proactive, in this respect.As
a result, Reno needsto create lossesto ®nd the available
bandwidthof theconnection.This canbeseenin Fig. 5, which
showsthe traceof a Renoconnectionsending1 MB of data
over the network con®gurationseenin Fig. 6, with no other
traf®c sources;i.e., only Host 1a sendingto Host 1b. In this
case,therouterqueuesizeis tenÐeachpacketis 1.4KBÐand
the queuingdiscipline is FIFO.

As seenin Fig. 5, Reno'smechanismto detecttheavailable
bandwidth is to continually increaseits window size, using
up buffers along the connection'spath, until it congeststhe
networkandsegmentsarelost. It thendetectstheselossesand
decreasesits window size.Consequently,Renois continually
congestingthe network and creating its own losses.These
lossesmay not be expensiveif the FastRetransmitand Fast
Recoverymechanismscatch them, as seenwith the losses
around7 and 9 s, but by unnecessarilyusing up buffers at
thebottleneckrouterit is creatinglossesfor otherconnections
sharingthis router.

As anaside,it is possibleto setup theexperimentin sucha
way that thereare little or no losses.This is doneby limiting
the maximum window size such that it never exceedsthe
delay-bandwidthproduct of the connectionplus the number
of buffers at the bottleneck.This was done, for example,
in [7]. However, this only works when one knows both the
availablebandwidthand the numberof availablebuffers at
the bottleneck.Given that onedoesnot havethis information
under real conditions,we considersuch experimentsto be
somewhatunrealistic.

Thereareseveralpreviouslyproposedapproachesfor proac-
tive congestiondetectionbasedonacommonunderstandingof
thenetworkchangesasit approachescongestion(anexcellent
developmentis given in [10]). Thesechangescan be seen
in Fig. 5 in the time interval from 4.5±7.5 s. One change
is the increasedqueuesize in the intermediatenodesof the
connection,resulting in an increaseof the RTT for each
successivesegment.WangandCrowcroft's DUAL algorithm
[17] is basedon reacting to this increaseof the round-trip
delay.Thecongestionwindow normally increasesasin Reno,
but everytwo round-tripdelaysthe algorithmchecksto seeif
the currentRTT is greaterthan the averageof the minimum
and maximumRTT's seenso far. If it is, then the algorithm
decreasesthe congestionwindow by one-eighth.

Jain'sCARD (CongestionAvoidanceusingRound-tripDe-
lay) approach[10] is basedon an analytic derivation of a
socially optimum window size for a deterministicnetwork.
The decision as to whether or not to changethe current
window size is basedon changesto both the RTT and the
window size.The window is adjustedonceevery two round-
trip delays based on the product (

) as follows: if
the resultis positive,decreasethewindow sizeby one-eighth;
if the result is negativeor zero, increasethe window size by
one maximum segmentsize. Note that the window changes
duringeveryadjustment,thatis, it oscillatesaroundits optimal
point.
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Fig. 5. TCP Reno with no other traf®c (throughput: 123 KB/s).

Fig. 6. Network con®gurationfor simulations.

Anotherchangeseenasthe networkapproachescongestion
is the
attening of thesendingrate.WangandCrowcroft'sTri-
S scheme[16] takesadvantageof this fact. Every RTT, they
increasethe window size by one segmentand comparethe
throughputachievedto the throughputwhenthe window was
onesegmentsmaller.If thedifferenceis lessthanone-halfthe
throughputachievedwhenonly onesegmentwasin transitÐas
wasthecaseat thebeginningof theconnectionÐtheydecrease
the window by one segment.Tri-S calculatesthe throughput
by dividing the numberof bytesoutstandingin the network
by the RTT.

Vegas'approachis mostsimilar to Tri-S in that it looks at
changesin the throughputrate,or more speci®cally,changes
in the sendingrate. However, it differs from Tri-S in that it
calculatesthroughputsdifferently, and insteadof looking for
a changein the throughputslope, it comparesthe measured
throughputrate with an expectedthroughputrate. The basis
for this ideacanbeseenin Fig. 5 in theregionbetween4 and
6 s. As the window size increaseswe expectthe throughput
(or sendingrate) to also increase.But the throughputcannot

increasebeyondthe availablebandwidth;beyondthis point,
any increasein the window sizeonly resultsin the segments
taking up buffer spaceat the bottleneckrouter.

Vegasusesthis idea to measureandcontrol the amountof
extradatathisconnectionhasin transit,whereby extradatawe
meandatathatwould not havebeensentif thebandwidthused
by the connectionexactly matchedthe availablebandwidth
of the network.The goal of Vegasis to maintainthe ªrightº
amountof extradatain thenetwork.Obviously,if aconnection
is sendingtoo muchextradata,it will causecongestion.Less
obviously, if a connectionis sendingtoo little extra data, it
cannot respondrapidly enoughto transientincreasesin the
available network bandwidth. Vegas' congestionavoidance
actionsarebasedon changesin theestimatedamountof extra
datain the network,andnot only on droppedsegments.

We now describethe algorithm in detail. Note that the
algorithm is not in effect during slow-start.Vegas' behavior
during slow-startis describedin SectionIII-C.

First,de®nea givenconnection'sBaseRTTto betheRTT of
a segmentwhen the connectionis not congested.In practice,
VegassetsBaseRTTto the minimum of all measuredround
trip times; it is commonlythe RTT of the ®rstsegmentsent
by the connection,before the router queuesincreasedue to
traf®cgeneratedby this connection.5 If we assumethatwe are
not over
owing the connection,thenthe expectedthroughput
is given by:

5Althoughwe donotknow theexactvaluefor theBaseRTT, ourexperience
suggestsour algorithmis not sensitiveto small errorsin the BaseRTT.
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whereWindowSizeis the size of the currentcongestionwin-
dow, which we assumefor the purposeof this discussion,to
be equal to the numberof bytesin transit.

Second,Vegascalculatesthe current Actual sendingrate.
This is doneby recordingthesendingtime for a distinguished
segment,recordinghow many bytesare transmittedbetween
the time that segmentis sent and its acknowledgmentis
received,computing the RTT for the distinguishedsegment
whenits acknowledgmentarrives,anddividing thenumberof
bytestransmittedby thesampleRTT. This calculationis done
once per round-trip time.6

Third, VegascomparesActual to Expected, andadjuststhe
window accordingly.Let . Note
that Diff is positive or zero by de®nition,since

implies that we need to changeBaseRTTto the
latest sampledRTT. Also de®netwo thresholds, ,
roughly correspondingto havingtoo little andtoo muchextra
data in the network, respectively.When , Vegas
increasesthecongestionwindow linearly duringthenextRTT,
andwhen , Vegasdecreasesthe congestionwindow
linearly during the next RTT. Vegas leavesthe congestion
window unchangedwhen .

Intuitively, the farther away the actual throughput gets
from the expectedthroughput,the more congestionthere is
in the network, which implies that the sendingrate should
be reduced.The thresholdtriggers this decrease.On the
other hand, when the actual throughputrate gets too close
to the expectedthroughput,the connectionis in dangerof not
utilizing theavailablebandwidth.The thresholdtriggersthis
increase.The overall goal is to keepbetween and extra
bytes in the network.

Becausethe algorithm, as just presented,comparesthe
differencebetweenthe actual and expectedthroughputrates
to the and thresholds,thesetwo thresholdsare de®ned
in terms of KB/s. However, it is perhapsmore accurateto
think in terms of how many extra buffers the connectionis
occupyingin the network.For example,on a connectionwith
a BaseRTTof 100 ms and a segmentsize of 1 KB, if
30 KB/s and 60 KB/s, thenwe canthink of assaying
that the connectionneedsto be occupyingat leastthreeextra
buffers in thenetwork,and sayingit shouldoccupyno more
than six extra buffers in the network.

In practice,we express and in termsof buffers rather
than extra bytes in transit. During linear increase/decrease
modeÐas opposed to the slow-start mode described be-
lowÐwe set to oneand to three.This canbe interpreted
asan attemptto useat leastone,but no morethanthreeextra
buffers in the connection.We settledon thesevaluesfor
and as they are the smallestfeasiblevalues.We want
to be greaterthan zero so the connectionis using at least
onebuffer at the bottleneckrouter.Then,whenthe aggregate
traf®c from the other connectionsdecreases(as is bound to
happeneveryso often),our connectioncantakeadvantageof

6We havemadeeveryattemptto keepthe overheadof Vegas'congestion
avoidancemechanismas small as possible.To help quantify this effect, we
ran both Renoand VegasbetweenSparcStationsconnectedby an Ethernet,
andmeasuredthe penaltyto be lessthan5%. This overheadcanbe expected
to drop asprocessorsbecomefaster.

the extra availablebandwidthimmediatelywithout having to
wait for the one RTT delay necessaryfor the linear increase
to occur.We want to be two buffersgreaterthan sosmall
sporadicchangesin the availablebandwidthwill not create
oscillationsin the window size.In otherwords,the useof the

region providesa dampingeffect.
Eventhoughthegoalof this mechanismis to avoidconges-

tion by limiting thenumberof buffersusedat thebottleneck,it
maynot beableto achievethis whentherearea largenumber
of ªbulk dataºconnectionsgoing througha bottleneckwith a
small buffer size.However,Vegaswill successfullylimit the
window growth of connectionswith smallerround-trip times.
The mechanismsin Vegasare not meantto be the ultimate
solution, but they representa considerableenhancementto
those in Reno.

Fig. 7 shows the behavior of TCP Vegaswhen there is
no other traf®c present;this is the samecondition that Reno
ran under in Fig. 5. There is one new type of graph in this
®gure,the third one,which depictsthe congestionavoidance
mechanism(CAM) used by Vegas.Once again, we use a
detailedgraph(Fig. 8) keyedto the following explanation:

1) ThesmallverticallineÐonce perRTTÐshows thetimes
when Vegasmakesa congestioncontrol decision;i.e.,
computesActual andadjuststhe window accordingly.

2) The gray line showsthe Expectedthroughput.This is
the throughputwe shouldget if all the bytes in transit
areableto get throughthe connectionin oneBaseRTT.

3) The solid line showsthe Actual sendingrate. We cal-
culate it from the numberof byteswe sent in the last
RTT.

4) The dashedlines are the thresholdsusedto control the
sizeof thecongestionwindow.Thetop line corresponds
to the thresholdand the bottom line correspondsto
the threshold.

Fig. 9 shows a trace of a Vegasconnectiontransferring
one Mbyte of data,while sharingthe bottleneckrouter with
tcplib traf®c.The third graphshowsthe output producedby
the TRAFFIC protocol simulating the TCP traf®cÐthe thin
line is the sendingrate in KB/s as seenin 100 ms intervals
and the thick line is a running average(size 3). The bottom
graph shows the output of the bottlenecklink which has a
maximumbandwidthof 200 KB/s. The ®gureclearly shows
Vegas'congestionavoidancemechanismsat work andhow its
throughputadaptsto the changingconditionson the network.
For example,as the backgroundtraf®c increasesat 3.7 s
(third graph), the Vegasconnectiondetectsit and decreases
its window size (top graph) which results in a reductionin
its sendingrate (secondgraph).When the backgroundtraf®c
slowsdown at 5, 6, and7.5 s, the Vegasconnectionincreases
its window size, and correspondinglyits sendingrate. The
bottom graph showsthat most of the time there is a 100%
utilization of the bottlenecklink.

In contrast, Fig. 10 shows the behavior of Reno under
similar conditions.It showsthat thereis very little correlation
betweenthe window sizeandthe level of backgroundtraf®c.
For example,as the backgroundtraf®c increasesat 3.7 s,
the Reno connectionkeepsincreasingits window size until
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Fig. 7. TCP Vegaswith no other traf®c (throughput:169 KB/s).

Fig. 8. Congestiondetectionand avoidancein Vegas.

there is congestion.This resultsin losses,both to itself and
to connectionswhich are part of the backgroundtraf®c.The
graphonly showsthe ®rst10 s of the one Mbyte transfer;it
took 14.2s to completethe transfer.The bottomgraphshows
that thereis under-utilizationof the bottlenecklink.

The important thing to take away from this information
is that Vegas' increasedthroughput is not a result of its
taking bandwidthaway from Renoconnections,but due to a
moreef®cientutilization of the bottlenecklink. In fact, Reno

connectionsdo slightly betterwhen the backgroundtraf®c is
running in top of Vegasas comparedto when the traf®c is
running on top of Reno(seeSectionIV).

C. Modi�ed Slow-StartMechanism

TCP is a ªself-clockingº protocol, that is, it usesACKs as
a ªclockº to strobenew packetsinto the network [7]. When
thereare no segmentsin transit, suchas at the beginningof
a connectionor after a retransmittimeout, there will be no
ACKs to serveas a strobe.Slow-start is a mechanismused
to graduallyincreasethe amountof datain-transit; it attempts
to keepthe segmentsuniformly spaced.The basic idea is to
sendonly onesegmentwhenstartingor restartingaftera loss,
then as the ACKs are received,to sendan extra segmentin
addition to the amount of data acknowledgedin the ACK.
For example,if the receivinghost sendsan acknowledgment
for each segmentit receives,the sendinghost will send 1
segmentduring the ®rst RTT, 2 during the secondRTT, 4
during the third, andso on. It is easyto seethat the increase
is exponential,doubling its sendingrateon eachRTT.

The behavior of the slow-start mechanismcan be seen
in Figs. 3 and 10. It occurs twice, once during the interval
between0±1 s, and again in the interval between2±2.5 s;
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Fig. 9. TCP Vegas with tcplib-generatedbackgroundtraf®c.

the latter after a coarse-graintimeout. The behavior of the
initial slow-start is different from the ones that occur later
in one important respect.During the initial slow-start,there
is no a priori knowledge of the available bandwidth that
can be usedto stop the exponentialgrowth of the window,
whereaswhenslow-startoccursin themiddleof a connection,
there is the knowledgeof the window size used when the
lossesoccurredÐReno considershalf of that value to be
safe.

Whenevera retransmittimeoutoccurs,Renosetsthethresh-
old window to onehalf of the congestionwindow. The slow-
startperiodendswhentheexponentiallyincreasingcongestion
window reachesthe thresholdwindow, andfrom thenon, the
increaseis linear, or approximatelyone segmentper RTT.
Sincethe congestionwindow stopsits exponentialgrowth at
half the previousvalue, it is unlikely that losseswill occur
during the slow-startperiod.

However, there is no such knowledgeof a safe window
sizewhentheconnectionstarts.If theinitial thresholdwindow
valueis too small,theexponentialincreasewill stoptoo early,
andit will takea long timeÐby usingthe linear increaseÐto
arrive at the optimal congestionwindow size. As a result,
throughputsuffers.On theotherhand,if thethresholdwindow

is set too large, the congestionwindow will grow until the
available bandwidth is exceeded,resulting in losseson the
order of the number of available buffers at the bottleneck
router; these losses can be expectedto grow as network
bandwidth increases.

What is neededis a way to ®nda connection'savailable
bandwidthwhichdoesnot incur thesekindsof losses.Towards
this end,we incorporatedour congestiondetectionmechanism
into slow-startwith only minor modi®cations.To be able to
detectand avoid congestionduring slow-start,Vegasallows
exponentialgrowth only every other RTT. In between,the
congestionwindow stays®xedso a valid comparisonof the
expectedand actual rates can be made. When the actual
rate falls below the expectedrate by the equivalentof one
router buffer, Vegaschangesfrom slow-startmode to linear
increase/decreasemode.

The behavior of the modi®edslow-start can be seen in
Figs. 7 and9. The reasonthat we needto measurethe actual
ratewith a ®xedcongestionwindow is thatwe want theactual
rate to representthe bandwidthallowed by the connection.
Thus, we can only send as much data as is acknowledged
in the ACK (during slow-start,Renosendsan extra segment
for eachACK received).This mechanismis highly successful
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Fig. 10. TCP Reno with tcplib-generatedbackgroundtraf®c.

at preventingthe lossesincurredduring the initial slow-start
period, as quanti®edin the next section.

Two problemsremain during any slow-startperiod. First,
segmentsare sent at a rate higher than the availableband-
widthÐup to twice the available bandwidth,dependingon
the ACKing frequency (e.g., every segmentor every two
segments).This results on the bottleneck router having to
buffer up to half of the data sent on each RTT, thereby
increasingthelikelihood of lossesduringtheslow-startperiod.
Moreover, as network speedsincrease,so does the amount
of buffering needed.Second,while Vegas'congestionavoid-
ancemechanismduring the initial slow-startperiod is quite
effective, it can still overshootthe availablebandwidth,and
dependsonenoughbufferingat thebottleneckrouterto prevent
lossesuntil realizingit needsto slow down.Speci®cally,if the
connectioncan handlea particularwindow size, then Vegas
will doublethat window sizeÐand asa consequence,double
thesendingrateÐon thenextRTT. At somepoint theavailable
bandwidthwill be exceeded.

We haveexperimentedwith a solutionto bothproblems.To
simplify the following discussion,we refer to the alternative
versionof Vegaswith an experimentalslow-startmechanism
as Vegas*. Vegas* is based on using the spacing of the

acknowledgmentsto gaugethe availablebandwidth.The idea
is similar to Keshav'sPacket-Pairprobing mechanism[13],
exceptthat it usesthe spacingof four segmentssentduring
the slow-startperiod rather than two. (Using four segments
resultsin a more robustalgorithm thanusing two segments.)
This availablebandwidthestimateis usedto set the threshold
window with an appropriatevalue,which makesVegas*less
likely to overshootthe availablebandwidth.

Speci®cally,as each ACK is received,Vegas* schedules
an eventat a certainpoint in the future,basedon its available
bandwidthestimate,to increasethecongestionwindow by one
maximumsegmentsize.This is in contrastto increasingthe
window immediatelyupon receivingthe ACK. For example,
assumethe RTT is 100 ms, the maximum segmentsize is
1 KByte, and the availablebandwidthestimateis currently
200 KB/s. During the slow-startperiod, time is divided into
intervals of length equal to one RTT. If during the current
RTT intervalwe areexpecting4 ACKs to arrive, thenVegas*
usesthe bandwidthestimate(200 KB/s) to guessthe spacing
betweenthe incoming ACKs (1 KB/200 KB/s 5 ms) and
aseachACK is received,it schedulesaneventto increasethe
congestionwindow (andto senda segment)at 20 ms ( )
in the future.



1474 IEEE JOURNAL ON SELECTEDAREAS IN COMMUNICATIONS, VOL. 13, NO. 8, OCTOBER 1995

Fig. 11. TCP Vegas on the left, experimentalon the right.

The graphsin Fig. 11 show the behaviorof Vegas(left)
and Vegas* (right) during the initial slow-start.For this set
of experiments,the availablebandwidthwas 300 KB/s and
therewere16 buffers at the router.Looking at the graphson
the left, we seethat a packetis lost at around1 s (indicated
by the thin vertical bar) as a result of sendingat 400 KB/s.
This is becauseVegasdetectedno problemsat 200KB/s, so it
doubledits sendingrate,but in this particularcase,therewere
not enoughbuffers to protect it from the losses.The bottom
graphdemonstratesthe needto buffer half of the datasenton
eachRTT as a result of sendingat a rate twice the available
bandwidth.

Thegraphson the right illustratethe behaviorof Vegas*.It
setsthethresholdwindow (dashedline) basedon theavailable
bandwidth estimate.This results in the congestionwindow
halting its exponentialgrowth at the right timeÐwhen the
sendingrate equalsthe availablebandwidthand preventing
thelosses.Themiddlegraphshowsthatthesendingratenever
exceedstheavailablebandwidth(300KB/s) by much.Finally,
the bottom graphshowsthat Vegas*doesnot needas many
buffers as Vegas.

Notice that while the availablebandwidthestimatecould
be usedto jump immediatelyto the availablebandwidthby
usingratecontrol during oneRTT interval, congestionwould
result if more thanone connectiondid this at the sametime.
Eventhoughit is possibleto congestthenetworkif morethan
one connectiondoesslow-startat the sametime, there is an
upperboundon thenumberof bytessentduringtheRTT when
congestionoccurs regardlessof the number of connections
simultaneouslydoing slow-startÐabouttwice the numberof
bytesthat canbe handledby the connection.Thereis no such

limit if more than one connectionjumps to usethe available
bandwidth at once. Hence,we strongly recommendagainst
doing this unlessit is known a priori that thereare no other
connectionssharingthepath,or if thereare,that theywill not
increasetheir sendingrate at the sametime.

Although thesetracesillustratehow Vegas*'sexperimental
slow-startmechanismdoesin fact addressthe two problems
with Vegas outlined above, simulation data indicates that
the new mechanismdoesnot have a measurableimpact on
throughput,andonly marginally improvesthe lossrate.While
additionalsimulationsmight exposesituationswhereVegas*
is more bene®cial,we have decided to not include these
modi®cationsin Vegas.Also, the resultspresentedin Section
IV are for Vegas,not Vegas*.

IV. PERFORMANCE EVALUATION

This sectionreportsandanalyzesthe resultsfrom both the
Internetand the simulatorexperiments.The resultsfrom the
InternetexperimentsareevidencethatVegas'enhancementsto
Renoproducesigni®cantimprovementsonboththethroughput
(37% higher)and the numberof losses(lessthanhalf) under
real conditions.The simulatorexperiments,allow us to also
studyrelatedissuessuchashow do Vegasconnectionsaffect
Renoconnections,andwhathappenswhenall connectionsare
runningover Vegas.Note that becauseit is simple to movea
protocol betweenthe simulatorand the ªreal world,º all the
numbersreportedin this sectionarefor exactlythesamecode.

A. Internet Results

We ®rst present measurementsof TCP over the Inter-
net. Speci®cally,we measuredTCP transfersbetweenthe
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TABLE I
1 MByte TRANSFEROVER THE INTERNET

TABLE II
EFFECTSOF TRANSFER SIZE OVER THE INTERNET

University of Arizona (UA) and the National Institutes of
Health(NIH). Theconnectionconsistsof 17 hops,andpasses
through Denver, St. Louis, Chicago,Cleveland,New York,
and WashingtonDC. The resultsare derived from a set of
runsovera sevendayperiodfrom January23±29,1994.Each
runconsistsof asetof seventransfersfrom UA to NIHÐReno
sends1 MB, 512 KB, and 128 KB, a versionof Vegaswith

and (denotedVegas-1,3)sends1 MB, 512 KB,
and 128 KB, and secondversion of Vegaswith and

(denotedVegas-2,4)sends1 MB. We inserteda 45 s
delay betweeneachtransfer in a run to give the network a
chanceto settledown,a run startedapproximatelyonceevery
hour, and we shuf̄ ed the order of the transferswithin each
run.

TableI showstheresultsfor the1 MB transfers.Depending
on the congestionavoidancethresholds,it shows between
37 and 42% improvementover Reno's throughputwith only
51±61%of the retransmissions.When comparingVegasand
Reno within eachrun, VegasoutperformsReno 92% of the
time andacrossall levels of congestion;i.e., during both the
middle of the night and during periodsof high load. Also,
the throughputwas a little higher with the bigger thresholds,
sincetheVegasconnectionusedmorebuffersat thebottleneck
router which could be usedto ®ll bandwidthgapsoccurring
when the backgroundtraf®c slowed down. However, the
higher buffer utilization at the bottleneck also resulted in
higher lossesand slightly higher delays.We prefer the more
conservativeapproachof usingfewerresources,sohavesettled
on avoidancethresholdsof and .

Becausewe were concernedthat Vegas' throughput im-
provementdependedon largetransfersizes,we alsovariedthe
size of the transfer.Table II showsthe effect of transfersize
on both throughputand retransmissionsfor Renoand Vegas-
1,3. First, observethat Vegasdoesbetterrelative to Renoas
the transfersizedecreases.In termsof throughput,we seean
increasefrom 37±71%.The resultsaresimilar for retransmis-
sions,as the relative numberof Vegasretransmissionsgoes
from 51% of Reno's to 17% of Reno's.

Notice that the numberof kilobytes retransmittedby Reno
startsto ¯atten out as the transfersize decreases.When we

decreasedthe transfersizeby half, from 1 MB to 512KB, we
seea 42% decreasein the numberof kilobytes retransmitted.
When we further decreasethe transfersize to one-fourthits
previous value, from 512 KB to 128 KB, the number of
kilobytesretransmittedonly decreasesby 18%.This indicates
that we are approachingthe averagenumber of kilobytes
retransmitteddue to Reno's slow-start losses.From these
results,weconcludethattherearearound20KBs retransmitted
during slow-start,for the conditionsof our experiment.

On the other hand, the numberof kilobytes retransmitted
by Vegasdecreasesalmostlinearly with respectto the transfer
size. This indicates that Vegaseliminatesnearly all losses
duringslow-startdueto its modi®edslow-startwith congestion
avoidance.Note that if the transfersize is smallerthanabout
twice thebandwidth-delayproduct,thentherewill beno losses
for neitherVegasnorReno(assumingthebottleneckrouterhas
enoughbuffers to absorbtemporarysendingratesabovethe
connectionsavailablebandwidth).

B. SimulationResults

This subsectionreportsthe resultsof seriesof experiments
using the -kernel based simulator. The simulator allows
us to better control the experiment,and in particular, gives
us the opportunity to see whether or not Vegas gets its
performanceat the expenseof Reno-basedconnections.Note
that all the experimentsused in this subsectionare on the
network con®gurationshown in Fig. 6. We have also run
other topologies and different bandwidth-delayparameters,
with similar results.

1) One-on-OneExperiments:We begin by studying how
two TCPconnectionsinterferewith eachother.To do this, we
start a 1 MB transfer,and then after a variabledelay,start a
300 KB transfer.The transfersizesand delaysare chosento
ensurethat thesmallertransferis containedcompletelywithin
the larger.

TableIII givestheresultsfor thefour possiblecombinations,
where the column headingReno/Vegasdenotesa 300 KB
transferusingRenocontainedwithin a 1 Mbyte transferusing
Vegas.For eachcombination,the table gives the measured
throughputand number of kilobytes retransmittedfor both
transfers;e.g., in the caseof Reno/Vegas,the 300 KB Reno
transferachieveda 61 KB/s throughputrateandthe 1 Mbyte
Vegas transfer achieveda 123 KB/s throughput rate.7 The
ratiosfor both throughputrateandkilobytesretransmittedare
relativeto the Reno/Renocolumn.The valuesin the tableare
averagesfrom 12 runs,using15 and20 buffers in the routers,
andwith the delaybeforestartingthesmallertransferranging
between0 and 2.5 s.

The main thing to take away from thesenumbersis that
Vegasdoes not adverselyaffect Reno's throughput.Reno's
throughputstayspretty much unchangedwhen it is compet-
ing with Vegas rather than itselfÐthe ratios for Reno are
1.02 and 1.09 for Reno/Vegasand Vegas/Reno,respectively.
Also, when Reno competeswith Vegas rather than itself,

7Comparingthe small transferto the large transferin any given columnis
not meaningful.This is becausethe large transferwas able to run by itself
during mostof the test.
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TABLE III
ONE-ON-ONE (300 KB AND 1 MB) TRANSFERS

the combinednumberof kilobytes retransmittedfor the pair
of competingconnectionsdropssigni®cantly.The combined
Reno/Renoretransmitsare 52 KB comparedwith 45 KB for
Reno/Vegasand 19 KB for Vegas/Reno.Finally, note that
the combinedVegas/Vegas retransmitsare less than 1 KB
on the averageÐanindication that the congestionavoidance
mechanismis working.

Sincethe probability that thereareexactlytwo connections
at one time is small in real life, we modi®edthe experiment
by addingtcplib backgroundtraf®c.The resultswere similar
except for the Reno/Vegasexperimentin which Reno only
hada 6% increasein its retransmission,versusthe 43% when
therewas no backgroundtraf®c.

This 43%increasein the lossesof Renofor theReno/Vegas
caseis explainedasfollows. TheVegasconnectionstarts®rst,
and is using the full bandwidth(200 KB/s) by the time the
Renoconnectionstarts.WhenVegasdetectsthat the network
is starting to get congested,it decreasesits sendingrate to
between80 and100KB/s. Thelossesincurredby Reno(about
48 KB), areapproximatelythe lossesRenoexperienceswhen
it is running by itself on a network with 100±120KB/s of
availablebandwidth and around15 availablebuffers at the
bottleneckrouter.The reasonthe losseswere smallerfor the
300 KB transferin the Reno/Renoexperimentis that by the
time the 300 KB transfer starts, the 1 MB connectionhas
stoppedtransmittingdue to the lossesin its slow-start,and it
will not start sendingagainuntil it times out at around2 s.
A Renoconnectionsending300 KB when thereis 200 KB/s
of availablebandwidthand20 buffers at the bottleneckrouter
only lossesabout 3 KB.

This type of behavioris characteristicof Reno:by slightly
changingtheparametersin thenetwork,onecanobservemajor
changesin Reno's behavior.Vegas,on the other hand,does
not show as much discontinuityin its behavior.

2) BackgroundTraf�c: We nextmeasuredtheperformance
of a distinguishedTCP connection when the network is
loadedwith traf®cgeneratedfrom tcplib. That is, theprotocol
TRAFFIC is runningbetweenHost 1a andHost 1b in Fig. 6,
anda 1 Mbyte transferis runningbetweenHost 2a andHost
2b. In this setof experiments,the tcplib traf®cis runningover
Reno.

Table IV gives the results for Reno and two versions
of VegasÐVegas-1,3and Vegas-2,4.We varied these two
thresholdsto study the sensitivity of our algorithm to them.
The numbersshownare averagesfrom 57 runs, obtainedby
using different seedsfor tcplib, and by using 10, 15, and 20
buffers in the routers.

The table showsthe throughputrate for eachof the dis-
tinguishedconnectionsusing the threeprotocols,along with
their ratio to Reno's throughput.It also gives the numberof

TABLE IV
1 MByte TRANSFERWITH tcplib-GENERATED BACKGROUND RENO TRAFFIC

kilobytesretransmitted,the ratio of retransmitsto Reno's,and
the averagenumberof coarse-grainedtimeoutsper transfer.
For example,Vegas-1,3had53%betterthroughputthanReno,
with only 49% of the losses.Again note that there is little
differencebetweenVegas-1,3and Vegas-2,4.

These simulations tell us the expectedimprovementof
VegasoverReno:morethan50%improvementon throughput,
and only half the losses.The results from the one-on-one
experimentsindicatethat the gainsof Vegasare not madeat
theexpenseof Reno;this belief is furthersupportedby thefact
that the backgroundtraf®c's throughputis mostly unaffected
by the type of connectiondoing the 1 Mbyte transfer.

We also ran thesetestswith the backgroundtraf®c using
Vegasrather than Reno. This simulatesthe situation where
the whole world usesVegas.The throughputand the kilo-
bytes retransmittedby the 1 Mbyte transfersdid not change
signi®cantly(less than 4%).

3) OtherExperiments:We tried many variations of the
previousexperiments.On the whole, the resultsweresimilar,
exceptfor when we changedTCP's send-buffer size. Below
we summarizetheseexperimentsand their results.

· Two-WayBackgroundTraf�c: Therehavebeenreportsof
changein TCP's behaviorwhenthebackgroundtraf®cis
two-way rather than one-way [18]. Thus, we modi®ed
the experimentsby adding tcplib traf®c from Host 3b
to Host 3a. The throughputratio stayedthe same,but
the loss ratio was much better:0.29. Reno resentmore
dataand Vegasremainedabout the same.The fact that
therewas not much changeis probably due to the fact
that tcplib alreadycreatessome2-way traf®cÐTELNET
connectionssend one byte and get one or more bytes
back,andFTP connectionssendandget control packets
before doing a transfer.

· DifferentTCPSend-BufferSizes:For all theexperiments
reportedso far, we ran TCP with a 50 KB send-buffer.
For this experiment,we tried send-buffer sizesbetween
50 KB and 5 KB. Vegas' throughputand lossesstayed
unchangedbetween50 KB and 20 KB; from that point
on, as the buffer decreased,so did the throughput.This
was due to the protocol not being able to keepthe pipe
full.

Reno'sthroughputinitially increasedasthebuffersgot
smaller,andthen it decreased.It alwaysremainedunder
the throughputmeasuredfor Vegas.We havepreviously
seenthis type of behavior while running Reno on the
Internet.If we look back at Fig. 5, we seethat as Reno
increasesits congestionwindow, it usesmore and more
buffers in the routeruntil it losespacketsby overrunning
thequeue.If we limit thecongestionwindow by reducing
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the size of the send-buffer, we may prevent it from
overrunningthe router's queue.

V. DISCUSSION

Throughputandlossesarenot the only metricsby which a
transportprotocol is evaluated.This sectiondiscussesseveral
other issuesthat mustbe addressed.It also commentson the
relationshipbetweenthis work and other efforts to improve
end-to-endperformanceon the Internet.

A. Fairness

If there is more than one connectionsharinga bottleneck
link, we would like for eachconnectionto receivean equal
share of the bandwidth. Unfortunately, given the limited
amountof information currently availableat the connection
endpoints,this is unlikely to happenwithout somehelp from
the routers.Given that no protocol is likely to be perfectly
fair, we needa way to decidewhether its level of fairness
is acceptableor not. Also, given that so far the Internet
communityhasfound Reno'slevel of fairnessacceptable,we
decidedto compareVegas'fairnesslevelsto Reno'sandjudge
it in thoseterms.

Before there can be any comparisons,we needa metric.
We decidedto useJain's fairnessindex[11], which is de®ned
as follows: given a set of throughputs the
following function assignsa fairnessindex to the set:

Given that the throughputsarenonnegative,the fairnessindex
alwaysresultsin numbersbetween0 and1. If all throughputs
are the same,the fairnessindex is 1. If only of the users
receiveequalthroughputandtheremaining usersreceive
zero throughput,the fairnessindex is .

We ran simulationswith 2, 4, and16 connectionssharinga
bottlenecklink, whereall the connectionseitherhadthe same
propagationdelay,or whereone half of the connectionshad
twice the propagationdelayof the otherhalf. Many different
propagationdelays were used, with the appropriateresults
averaged.

In the caseof 2 and 4 connections,with eachconnection
transferring8 MB, Reno was slightly more fair than Vegas
when all connectionshad the samepropagationdelay (0.993
versus0.989), but Vegaswas slightly more fair than Reno
when the propagationdelay was larger for half of the con-
nections (0.962 versus0.953). In the experimentswith 16
connections,with eachconnectiontransferring2 MB, Vegas
was more fair than Reno in all experimentsregardlessof
whetherthe propagationdelayswere the sameor not (0.972
versus0.921).

To studythe effect that Renoconnectionshaveover Vegas
connections(and vice versa) we ran 8 connections,each

sending2 MB of data.The experimentconsistedof running
all the connectionson top of Reno,all the connectionson top
of Vegas,or one half on top on Renoand the other half on
top of Vegas.Therewas little differencebetweenthe fairness
index of the eight connectionsrunning a particular TCP
implementation(Vegasor Reno)andthe fairnessindex of the
four connectionsrunning the sameTCP implementationand
sharingthe bottleneckwith the four connectionsrunning the
otherTCP implementation.Similarly, we sawlittle difference
in the averagesize of the bottleneckqueue.

In anotherexperiment,we ran four connectionsover back-
ground traf®c. For this experiment,Vegaswas always more
fair thanReno.Overall,we concludethatVegasis no lessfair
than Reno.

B. Stability

A secondconcernis stabilityÐit is undesirablefor a pro-
tocol to cause the Internet to collapse as the number of
connectionsincreases.In other words, as the load increases,
each connectionmust recognizethat it should decreaseits
sending rate. Up to the point where the window can be
greaterthanonemaximumsegmentsize,Vegasis muchbetter
than Renoat recognizingand avoiding congestionÐwehave
already seen that Reno does not avoid congestion,on the
contrary,it periodically createscongestion.

Oncethe load is so high that on averageeachconnection
can only send less than one maximum segment'sworth of
data,Vegasbehaveslike Reno.This is becausethis extreme
condition implies that coarse-graintimeouts are involved,
and Vegasusesexactly the samecoarse-grainmechanismas
Reno.Experimentalresultscon®rmthis intuition: running16
connections,with a 50 msone-waypropagationdelay,through
a routerwith either10 or 20 buffers and100 or 200 KB/s of
bandwidthproducedno stability problems.

We have also simulatedcomplex network topologieslike
the oneshownin Fig. 12, which consistsof 16 traf®csources
eachof which containstwo or threehosts.Eachhost,in turn,
is runningtcplib-basedtraf®c.Therectangularboxesrepresent
sourcesof ªbulk dataº transfers.The resultingtraf®cconsists
of nearly a thousandnew connectionsbeing establishedper
simulatedsecond,whereeachconnectionis eithera TELNET,
FTP, SMTP, or NNTP conversation.No stability problems
have occurred in any of our simulations when all of the
connectionsare running Vegas.

In summary,there is no reasonto expect Vegasto lead
to network collapse. One reason for this is that most of
Vegas'mechanismsareconservativein natureÐits congestion
window never increasesfaster than Reno's (one maximum
segmentper RTT), the purposeof the congestionavoidance
mechanismis to decreasethecongestionwindowbeforelosses
occur, and during slow-start, Vegas stops the exponential
growth of its congestionwindow before Reno would under
the sameconditions.

C. QueueBehavior

GiventhatVegaspurposelytriesto occupybetweenoneand
threeextrabuffersalongthepathfor eachconnection,it seems
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Fig. 12. Complex simulation network.

possiblethat persistentqueuescould form at the bottleneck
router if the whole world ran Vegas.Thesepersistentqueues
would, in turn, add to the latency of all connectionsthat
crossedthat router.

Sincethe analytical tools currently availableare not good
enough to realistically model and analyze the behavior of
eitherRenoor Vegas,we must rely on simulationsto answer
this issue. Our simulations show that averagequeue sizes
underRenoandVegasareapproximatelythe same.However,
theyalsoshowthatTELNET connectionsin tcplib experience
between18 and 40% less latency,on average,when all the
connectionsareVegasinsteadof Reno.This seemsto suggest
that if the whole world ran Vegas,Internetlatencywould not
be adverselyaffected.

D. BSD Variations

TCP hasbeena rather ¯uid protocol over the last several
years, especially in its congestioncontrol mechanism.Al-
thoughthe generalform the original mechanismdescribedin
[7] hasremainedunchangedin all BSD-basedimplementations
(e.g.,Tahoe,Reno,BNR2, BSD 4.4),manyof theªconstantsº
havechanged.Forexample,someimplementationsACK every
segmentand someACK everyother segment;someincrease
the window during linear growth by one segmentper RTT
andsomeincreaseby half a segmentper RTT plus 1/8th the
maximumsegmentsize per ACK receivedduring that RTT;
and®nally,someusethe timestampoption andsomedo not.

We have experimentedwith most of thesevariationsand
havefound the combinationusedin our versionof Reno,as
reportedin this paper, to be the amongthe most effective.
For example,we found the latestversionof TCP, that found
in BSD 4.4-lite,8 achieves14% worse throughputthan our
Reno during Internet type simulations[2]. Also, others [1]
havecomparedVegaswith theSunOSimplementationof TCP,
which is derived from Reno, and have reachedconclusions
similar to thosein this paper.

8This is the implementationof TCP available at ftp.cdrom.com,dated
4/10/94.

E. AlternativeApproaches

In addition to improving TCP's congestioncontrol mecha-
nism, thereis a large body of researchaddressingthe general
questionof how to fairly and effectively allocate resources
in the Internet. We concludethis sectionby discussingthe
relevanceof TCP Vegasto theseother efforts.

One example gaining much attention is the question of
how to guaranteebandwidth to real-time connections.The
basicapproachrequiresthata moreintelligentbuffer manager
be placed in the Internet routers [14]. One might question
the relevanceof TCP Vegas in light of such mechanisms.
We believe end-to-endcongestioncontrol will remain very
important for two reasons.First, a signi®cantfraction of the
data that will ¯ow over the Internet will not be of a real-
time nature;it will be bulk-transferapplications(e.g., image
transfer)thatwantasmuchbandwidthasis currentlyavailable.
Thesetransferswill be able to useVegasto competeagainst
eachother for the availablebandwidth.Second,even for a
real-time connection,it would not be unreasonablefor an
applicationto request(and pay for) a minimally acceptable
bandwidth guarantee,and then use a Vegas-likeend-to-end
mechanismto acquireas much additional bandwidthas the
current load allows.

As anotherexample,selectiveACKs [8], [9] have been
proposedas a way to decreasethe numberof unnecessarily
retransmittedpacketsand to provide information for a better
retransmitmechanismthan the one in Reno. Although the
selectiveACK mechanismis not yet well de®ned,we make
the following observationsabouthow it comparesto Vegas.
First, it only relates to Vegas' retransmissionmechanism;
selectiveACKs by themselvesaffect neither the congestion
nor the slow-startmechanisms.Second,there is little reason
to believe that selectiveACKs can signi®cantlyimprove on
Vegasin termsof unnecessaryretransmissions,as therewere
only 6 KB per MB unnecessarilyretransmittedby Vegasin
our Internet experiments.Third, selective ACKs have the
potential to retransmit lost data sooneron future networks
with large delay/bandwidthproducts.It would be interesting
to seehow Vegasand the selectiveACK mechanismwork
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Fig. 13. TCP windows graph.

in tandemon suchnetworks.Finally, we note that selective
ACKs requireachangeto theTCPstandard,whereastheVegas
modi®cationsarean implementationchangethat is isolatedto
the sender.

VI. CONCLUSIONS

We haveintroducedseveraltechniquesfor improving TCP,
including a new timeout mechanism,a novel approachto
congestionavoidancethat tries to control the numberof extra
bufferstheconnectionoccupiesin thenetwork,anda modi®ed
slow-startmechanism.Experimentson both the Internetand
using a simulator show that Vegasachieves37±71%better
throughput,with one-®fthto one-half as many bytes being
retransmitted,as comparedto the implementationof TCP
in the Reno distribution of BSD Unix. We have also given
evidencethat Vegasis just as fair as Reno, that it doesnot
suffer from stability problems,and that it doesnot adversely
affect latency.

APPENDIX

DETAILED GRAPH DESCRIPTION

To assistthe readerin developinga betterunderstandingof
the graphsusedthroughoutthis paper,and to gain a better
insight of Reno'sbehavior,we describein detail oneof these
graphs.Fig. 13 is a traceof Renowhen thereis other traf®c
throughthebottleneckrouter.Thenumbersin parenthesisrefer
to the type of line in the graph.

In general,output is allowed while the UNACK-COUNT
(4) (numberof bytessentbut not acknowledged)is lessthan
thecongestionwindow (3) andlessthanthesendwindow (2).
The purposeof the congestionwindow is to prevent,or more
realistically in Reno's case,to control congestion.The send
window is usedfor ¯ow control, it preventsdatafrom being
sentwhenthereis no buffer spaceavailableat the receiver.

The thresholdwindow (1) is set to the maximum value
(64 KB) at the beginningof the connection.Soon after the
connectionis started,both sidesexchangeinformationon the
sizeof their receivebuffers,andthesendwindow (2) is setto
theminimumof thesender'ssendbuffer sizeandthereceiver's
advertisedwindow size.

Thecongestionwindow (3) increasesexponentiallywhile it
is lessthanthe thresholdwindow (1). At 0.75s, lossesstartto

occur(indicatedby the tall vertical lines).More precisely,the
vertical lines representsegmentsthat are later retransmitted
(usually becausethey were lost). At around 1 s, a loss is
detectedafter receiving 3 duplicateACKs and Reno's Fast
Retransmitand Fast Recoverymechanismsgo into action.
The purposeof thesemechanismsis to detect lossesbefore
a retransmittimeout occurs,and to keep the pipe full (we
can think of a connection'spath as a water pipe, and our
goal is to keepit full of water) while recoveringfrom these
losses.

The congestionwindow (3) is set to the maximal allowed
segmentsize (for this connection)and the UNACK-COUNT
is set to zero momentarily,allowing the lost segmentto be
retransmitted.Thethresholdwindow (1) is setto half thevalue
thatthecongestionwindowhadbeforethelosses(it is assumed
that this is a safelevel, that losseswon't occurat this window
size).

The congestionwindow (3) is also set to this value after
retransmittingthe lost segment,but it increaseswith each
duplicateACK (segmentswhoseacknowledgmentnumberis
the sameas previous segmentsand carry no data or new
window information). Since the receiver sendsa duplicate
ACK when it receivesa segmentthat it cannotacknowledge
(becauseit hasnot receivedall previousdata),the reception
of a duplicateACK implies that a packethasleft the pipe.

This implies that the congestionwindow (3) will reachthe
UNACK-COUNT (4) when half the data in transit hasbeen
receivedat the otherend.From this point on, the receptionof
anyduplicateACKs will allow a segmentto besent.This way
thepipecanbekeptfull athalf thepreviousvalue(sincelosses
occurredat thepreviousvalue,it is assumedthat theavailable
bandwidthis nowonly half its previousvalue).Earlierversions
of TCP would begin the slow-startmechanismwhen losses
weredetected.This implied that thepipewould almostempty
and then ®ll up again. Reno's mechanismallows it to stay
®lled.

At around1.2 s, a nonduplicateACK is received,and the
congestionwindow (3) is set to the value of the threshold
window (1). The congestionwindow wastemporarilyin¯ated
when duplicate ACKs were received as a mechanismfor
keepingthe pipe full. Whena nonduplicateACK is received,
the congestionwindow is resetto half the value it hadwhen
lossesoccurred.

Since the congestionwindow (3) is below the UNACK-
COUNT (4), no more datacan be sent.At 2 s, a retransmit
timeout occurs (seeblack circle on top), and data starts to
¯ow again.Thecongestionwindow(3) increasesexponentially
while it is below the thresholdwindow (1). A little before2.5
s, a segmentis sentthat will later be retransmitted.Skipping
to 3 s,we noticethecongestionwindow (3) increasinglinearly
becauseit is abovethe thresholdwindow (1).
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