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TCP Vegas:End to End Congestion
Avoidanceon a Global Internet

LawrenceS. Brakmo, StudentMember,|IEEE, and Larry L. Peterson

Abstract® Vegasis 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 three key techniques employed by
Vegas,and presentsthe resultsof a comprehensiveexperimental
performance studybusing both simulations and measurements
on the Internetbof the Vegasand Renoimplementationsof TCP.

|I. INTRODUCTION

EW would argue that one of TCP's strengthslies in its

adaptiveretransmissiorand congestioncontrol mecha-
nism, with Jacobson'paper[7] providing the cornerstoneof
thatmechanismThis paperattemptsto go beyondthis earlier
work; to provide somenew insightsinto 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 earlierimplementation®f TCP thatweredistributedin
release®of 4.3 BSD Unix known as Tahoeand Reno;we use
Tahoeand Renoto refer to the TCP implementationinstead
of the Unix release.Note that Vegasdoesnot involve any
changego the TCP speci cation; it is merely an alternative
implementatiorthat interoperatesvith any othervalid imple-
mentationof TCP. In fact, all the changesare con ned to the
sendingside.

The main resultreportedin this paperis that VVegasis able
to achievebetweer37 and 71% betterthroughputthanReno?
Moreover,this improvementn throughputis not achievedby
an aggressiveretransmissionstrategy that effectively steals
bandwidthaway from TCP connectionsthat use the current
algorithms.Rather,it is achievedby a more ef cient use of
the available bandwidth. Our experimentsshow that Vegas
retransmitsbetweenone- fth and one-half as much data as
doesReno.
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1we limit our discussiorto Reno,which is both newerandbetterperform-
ing than Tahoe.SectionV-D discusse®ur resultsrelative to newerversions
of TCPBBerkeley Network Release2 (BNR2) andBSD 4.4.

This paperis organizedas follows. Sectionll outlinesthe
tools we usedto measureand analyzeTCP. Sectionlll then
describesthe techniqguesemployedby TCP Vegas,coupled
with theinsightsthatled usto the techniquesSectionlV then
presentsa comprehensivevaluationof Vegas' performance,
including both simulation resultsand measurementsf TCP
running over the Internet. Finally, SectionV discussesev-
eral relevantissuesand SectionVI makessome concluding
remarks.

Il. TooLs

This sectionbrie y describeshe tools usedto implement
andanalyzethe differentversionsof TCP.All of the protocols
were developedand testedunderthe University of Arizona's
z-kernelframework[6]. Our implementatiorof Renowasde-
rived by retro tting the BSD implementatiorinto the xz-kernel.
Ourimplementatiorof Vegaswasderivedby modifying Reno.

A. Simulator

Many of the resultsreportedin this paperwere obtained
from a network simulator. Even though severalgood simu-
lators are availablebe.g., REAL [12] and Netsim [5]Bwe
decidedto build our own simulator basedon the z-kernel.
In this environment,actual z-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)andseveralbstractink behaviors
(point-to-point connectionsand ethernets).Routers can be
modeled either as a network node running the actual IP
protocolcode,or asanabstracentity thatsupportsa particular
gueueingdiscipline (e.g., FIFO).

The z-kernel-basedsimulator provides a realistic setting
for evaluating protocolsbeach protocol is modeled by the
actual C code that implementsit rather than some more
abstract speci cation. It is also trivial to move protocols
betweenthe simulatorand the real world, therebyproviding
a comprehensiv@rotocol design,implementationandtesting
environment.

One of the mostimportantprotocolsavailablein the simu-
lator is called TRAFFICDit implementsTCP Internettrafc
basedon tcplib [3]. TRAFFIC starts conversationswith in-
terarrival times given by an exponentialdistribution. Each
conversatiorcanbe of type TELNET, FTP,NNTP, or SMTP,
each of which expectsa set of parametersFor example,
FTP expectsthe following parametersnumber of items to
transmit,control segmensize,andtheitem 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 theseconversationsuns AR @ 'I

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 z-kernel to trace the relevant changesin the
connectionstate.We paid particular attentionto keepingthe
overheadof this tracing facility as low as possible,so as
to minimize the effects on the behavior of the protocol.
Speci®callythe facility writes trace datato memory,dumps
it to a ®le only whenthe testis over, and keepsthe amount
of dataassociatedvith eachtraceentry small (8 bytes).

We then developedvarious tools to analyzeand display
the tracinginformation. The restof this sectiondescribesone
suchtool that graphically representselevantfeaturesof the
stateof the TCP connectionas a function of time. This tool
outputs multiple graphs,eachfocusing on a speci®cset of
characteristicsf theconnectiorstate Fig. 1 givesanexample.
Sincewe use graphslike this throughoutthe paper,we now
explainhow to readthe graphin somedetail.

First, all TCPtracegraphshavecertainfeaturesn common,
asillustratedin Fig. 2. The circled numbersin this ®gureare
keyedto the following explanations:

1) Hashmarkson the x-axis indicate when an ACK was
received.

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

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

Diamondsontop of the graphindicatewhenthe periodic
coarse-grainedimer ®res.This doesnot imply a TCP
timeout, just that TCP checkedto seeif any timeouts
should happen.

2)
3)

4)
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Fig. 2. Commonelementsin TCP tracegraphs.

5) Circlesontop of thegraphindicatethata coarse-grained

timeoutoccurred causinga segmento be retransmitted.

6) Solidverticallinesrunningthewholeheightof thegraph

indicatewhena segmenthatis eventuallyretransmitted
wasoriginally sent,presumablyoecausét waslost? No-
tice that severalconsecutivesegmentsare retransmitted
in the example.

In additionto this commoninformation,eachgraphdepicts
more speci®cinformation. The bottom graph in Fig. 1 is
the simplestbit showsthe averagesendingrate, calculated
from the last 12 segmentsThe top graphin Fig. 1 is more
complicatedbit gives the size of the differentwindows TCP
usesfor ow and congestioncontrol. Fig. 3 showsthesein
more detail, againkeyedby the following explanations:

1) The dashedine givesthe thresholdwindow. It is used
during slow-start, and marks the point at which the
congestiorwindow growth changegrom exponentiako
linear.

2For simplicity, we sometimesay a segmentvaslost, eventhoughall we
know for sureis thatthe senderetransmittedt.
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Fig. 3. TCP windows graph.

2) The dark gray line gives the sendwindow. 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) Thethin line givesthe actualnumberof bytesin transit
at any giventime, whereby in transitwe meansentbut
not yet acknowledged.

Sincethe window graphpresentsa lot of information, it is
easyto getlostin the detail. To assistthe readerin developing
a betterunderstandingf this graph,the Appendix presentsa
detaileddescriptionof the behaviordepictedin Fig. 3.

The graphsjust describedare obtainedfrom tracing infor-
mationsavedby the protocol,andare,thus,availablewhether
the protocolis runningin the simulatoror overareal network.
The simulatoritself also reportscertaininformation, 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
gueuesasafunctionof time, andthetime andsizeof segments
that are droppeddueto insuf®cientqueuespace.

This sectionmotivatesand describeghree techniqueshat
Vegasemploysto increasehroughputanddecreaséossesThe
®rsttechniqueresultsin a moretimely decisionto retransmit
a dropped segment.The secondtechniquegives TCP the
ability to anticipate congestion,and adjust its transmission
rate accordingly. The ®nal techniguemodi®esTCP's slow-
start mechanisnmso as to avoid packetlosseswhile trying to
®ndtheavailablebandwidthduringtheinitial useof slow-start.
The relationshipbetweenour techniquesand thoseproposed
elsewheraare alsodiscussedn this sectionin the appropriate
subsections.

TECHNIQUES

A. New RetransmissiofMechanism

Renouseswo mechanismgo detectandthenretransmitost
segmentsThe original mechanismwhich is part of the TCP
speci®catioris theretransmitimeout.lt is basedn roundtrip
time (RTT) andvarianceestimatessomputedby samplingthe
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time betweerwhena segmenis sentandan ACK arrives.In
BSD-basedmplementationsthe clock usedto time the round-
trip 2ticks® every500ms. Checksfor timeoutsalsooccuronly
whenthis coarse-grairtlock ticks. The coarsenesmherentin
this mechanisnimplies thatthe time interval betweensending
asegmenthatis lost until thereis atimeoutandthesegments
resentis generallymuchlongerthannecessaryf-or example,
duringa seriesof testson the Internet,we foundthatfor losses
thatresultedin a timeoutit took Renoan averageof 1100ms
from the time it senta segmentthat was lost until it timed
out andresentthe segmentwhereadessthan 300 ms would
have beenthe correcttimeout interval had a more accurate
clock beenused.

This unnecessariljarge delay did not go unnoticed,and
the Fast Retransmitand Fast Recovery mechanismswere
incorporatednto the Renoimplementatiorof TCP (for amore
detaileddescriptionsee[15]). Renonot only retransmitsvhen
a coarse-graintimeout occurs, but also when it receivesn
duplicateACKs (n is usually 3). Renosendsa duplicateACK
wheneveit receivesanewsegmenthatit cannotacknowledge
becauset hasnot yet receivedall the previoussegmentsFor
examplejf Renoreceivessegmen® butsegmen8 is dropped,
it will senda duplicateACK for segment2 whensegment4
arrives,againwhen segments arrives,and so on. When the
senderseesthe third duplicate ACK for segment? (the one
sentbecauséhe receiverhad gottensegmen®) it retransmits
segment3.

The Fast Retransmitand Fast Recovery mechanismsare
very successfulbtheypreventmore than half of the coarse-
grain timeoutsthat occur on TCP implementationswithout
thesemechanismsHowever,someof our early analysisindi-
catedthateliminatingthedependencyn coarse-graitimeouts
would resultin at leasta 19% increasein throughput.

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

- When a duplicate ACK is received, Vegas checks to
seeif the differencebetweenthe currenttime and the
timestamprecordedfor the relevantsegmentis greater
than the timeout value. If it is, then Vegasretransmits
the segmentwithout having to wait for n (3) duplicate
ACKs. In many cases/ossesare either so greator the
window so small that the sendemwill neverreceivethree
duplicateACKs, andtherefore,Renowould haveto rely
on the coarse-grairtimeout mentionedabove.

- Whena nonduplicateACK is received|f it is the ®rstor
secondone after a retransmissionyYegasagainchecksto
seeif thetime intervalsincethe segmentvassentis larger
thanthetimeoutvalue.If it is, thenVegasretransmitghe
segmentThiswill catchanyothersegmenthatmayhave
beenlost previousto the retransmissiorwithout having
to wait for a duplicate ACK.
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Fig. 4. Exampleof retransmitmechanism.

In otherwords,Vegadreatsthereceiptof certainACKs asa
hint to checkif atimeoutshouldoccur.Sinceit only checksfor
timeoutsin rare occasionsthe overheads small. Notice that
eventhoughone could reducethe numberof duplicateACKs
usedto trigger the FastRetransmittrom 3 duplicateACKs to
either2 or 1, it is notrecommendedsit could resultin many
unnecessargetransmissionandbecausdét makesassumptions
aboutthelikelihood that packetawill bedeliveredoutof order.

The goal of the new retransmissionmechanismis not
just to reducethe time to detectlost packetsfrom the third
duplicateACK to the ®rstor secondduplicateACKba small
savingsbbutto detectlost packetseventhoughtheremay be
no secondor third duplicate ACK. The new mechanismis
very successfuat achievingthis goal, asit furtherreduceghe
numberof coarse-grairtimeoutsin Renoby more than half 3
Vegasstill containsReno's coarse-grairtimeoutcodein case
the new mechanismdail 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
thathappenedt an earlier,higherrate.In Reno,it is possible
to decreasehe congestiorwindow morethanoncefor losses
thatoccurredduringoneRTT interval? In contrastVegasonly
decreasethe congestiorwindow if the retransmittedsegment
was previously sent after the last decreaseAny lossesthat
happenedeforethe last window decreasalo not imply that
the network is congestedor 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
usesthe lossof segmentsasa signalthatthereis congestiorin

3This was testedon an implementationof Vegaswhich did not have
the congestionavoidanceand slow-startmodi®cationdescribedater in this
section.

4This problemin the BSD versionsof Renohasalso beenpointedout by
Sally Floyd [4].
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the network.It hasno mechanisnto detectthe incipientstages
of congestionbbefordossesoccurbso theycanbe prevented.
Reno is reactive, rather than proactive,in this respect.As
a result, Reno needsto createlossesto ®nd the available
bandwidthof the connectionThis canbeseenin Fig. 5, which
showsthe trace of a Renoconnectionsendingl MB of data
over the network con®guratiorseenin Fig. 6, with no other
traf®c sourcesi.e., only Host 1a sendingto Host 1b. In this
casetherouterqueussizeis tenbeachpacketis 1.4 KBband
the queuingdiscipline is FIFO.

As seenin Fig. 5, Reno'smechanisnto detectthe available
bandwidthis to continually increaseits window size, using
up buffers along the connection'spath, until it congeststhe
networkandsegmentsrelost. It thendetectsheselossesand
decreasedts window size.ConsequentlyRenois continually
congestingthe network and creating its own losses.These
lossesmay not be expensiveif the FastRetransmitand Fast
Recovery mechanismscatch them, as seenwith the losses
around?7 and 9 s, but by unnecessarilyusing up buffers at
the bottleneckrouterit is creatinglossesfor otherconnections
sharingthis router.

As anaside,it is possibleto setup the experimenin sucha
way thattherearelittle 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
available bandwidthand the number of available buffers at
the bottleneck.Given that one doesnot havethis information
under real conditions, we considersuch experimentsto be
somewhatunrealistic.

Thereareseverabpreviouslyproposedipproachetor proac-
tive congestiordetectionbasedn a commonunderstandingf
the networkchangesasit approachesongestionan excellent
developmentis given in [10]). Thesechangescan be seen
in Fig. 5 in the time interval from 4.5+7.5s. One change
is the increasedqueuesize in the intermediatenodesof the
connection,resulting in an increaseof the RTT for each
successivesegmentWang and Crowcroft's DUAL algorithm
[17] is basedon reactingto this increaseof the round-trip
delay.The congestiorwindow normally increasessin Reno,
but everytwo round-tripdelaysthe algorithmchecksto seeif
the currentRTT is greaterthanthe averageof the minimum
andmaximumRTT's seenso far. If it is, then the algorithm
decreaseshe congestiorwindow by one-eighth.

Jain's CARD (CongestionAvoidanceusing Round-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 adjustedonceeverytwo round-
trip delays basedon the product (WindowSizecyrrent —
WindowSizeoq) X (RTTeurrent — BT To1q) as follows: if
theresultis positive,decreas¢he window size by one-eighth;
if the resultis negativeor zero, increasethe window size by
one maximum segmentsize. Note that the window changes
duringeveryadjustmentthatis, 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®guratiorfor simulations.

Anotherchangeseenasthe networkapproachesongestion
is the attening of thesendingrate.WangandCrowcroft's Tri-
S schem€[16] takesadvantageof this fact. Every RTT, they
increasethe window size by one segmentand comparethe
throughputachievedto the throughputwhenthe window was
onesegmensmaller.If the differenceis lessthanone-halfthe
throughputachievedvhenonly onesegmentvasin transitbas
wasthe caseat thebeginningof the connectionbtheydecrease
the window by one segmentTri-S calculatesthe throughput
by dividing the numberof bytes outstandingin the network
by the RTT.

Vegas'approachis mostsimilar to Tri-S in thatit looks at
changedn the throughputrate, or more speci®callychanges
in the sendingrate. However, it differs from Tri-S in that it
calculatesthroughputsdifferently, and insteadof looking for
a changein the throughputslope,it compareshe measured
throughputrate with an expectedthroughputrate. The basis
for this ideacanbe seenin Fig. 5 in theregionbetweer4 and
6 s. As the window size increasesve expectthe throughput
(or sendingrate) to alsoincrease But the throughputcannot
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increasebeyondthe available bandwidth; beyondthis point,
any increasein the window size only resultsin the segments
taking up buffer spaceat the bottleneckrouter.

Vegasusesthis ideato measureand control the amountof
extradatathis connectiorhasin transit,whereby extradatawe
meandatathatwould not havebeensentif thebandwidthused
by the connectionexactly matchedthe available bandwidth
of the network. The goal of Vegasis to maintainthe 2right°®
amountof extradatain the network.Obviously,if aconnection
is sendingtoo muchextradata,it will causecongestionLess
obviously, if a connectionis sendingtoo little extra data, it
cannotrespondrapidly enoughto transientincreasesn the
available network bandwidth. Vegas' congestionavoidance
actionsarebasedon changesn the estimatecamountof extra
datain the network,and not only on droppedsegments.

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

First,de®nea givenconnection'sBaseRTTo betheRTT of
a segmentwhenthe connectionis not congestedIin practice,
VegassetsBaseRTTio the minimum of all measuredound
trip times; it is commonlythe RTT of the ®rstsegmentsent
by the connection,before the router queuesincreasedue to
traf®@cgeneratedy this connectior?. If we assumehatwe are
not over owing the connectionthenthe expectedhroughput
is given by:

Ezpected = WindowSize/BaseRTT

5 Althoughwe do not know the exactvaluefor the BaseR T, our experience
suggestour algorithmis not sensitiveto small errorsin the BaseR T.
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where WindowSizeis the size of the currentcongestionwin-
dow, which we assumefor the purposeof this discussionto
be equalto the numberof bytesin transit.

Second,Vegascalculatesthe current Actual sendingrate.
This is doneby recordingthe sendingtime for a distinguished
segmentrecordinghow many bytesare transmittedbetween
the time that segmentis sent and its acknowledgmentis
received,computingthe RTT for the distinguishedsegment
whenits acknowledgmenérrives,anddividing the numberof
bytestransmittedby the sampleRTT. This calculationis done
once per round-trip time ®

Third, VegascomparesActual to Expectedand adjuststhe
window accordingly.Let Diff = Expected — Actual. Note
that Diff is positive or zero by de®nition,since Actual >
Frpected implies that we needto changeBaseRTTto the
latest sampledRTT. Also de®netwo thresholds,a < /3,
roughly correspondindgo havingtoo little andtoo muchextra
datain the network, respectively.When I}ff < «, Vegas
increaseshe congestiorwindow linearly duringthe nextRTT,
andwhen Diff > 3, Vegasdecreasethe congestionwindow
linearly during the next RTT. Vegasleavesthe congestion
window unchangedvhena < Diff < j3.

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 /7 thresholdtriggers this decreaseOn the
other hand, when the actual throughputrate gets too close
to the expectedhroughputthe connectionis in dangerof not
utilizing the availablebandwidth.The o thresholdtriggersthis
increase.The overall goal is to keepbetweenx and /7 extra
bytesin the network.

Becausethe algorithm, as just presented,comparesthe
differencebetweenthe actual and expectedthroughputrates
to the a and 7 thresholdsthesetwo 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 connectiorwith
a BaseRTTof 100 ms and a segmentsize of 1 KB, if «
30KB/s and;3 = 60 KB/s, thenwe canthink of o assaying
thatthe connectionneedsto be occupyingat leastthreeextra
buffersin the network,and# sayingit shouldoccupyno more
than six extra buffers in the network.

In practice,we expressa and? in termsof buffers rather
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the extra availablebandwidthimmediatelywithout having to

wait for the one RTT delay necessaryor the linear increase
to occur.We want # to be two buffers greaterthana sosmall

sporadicchangesin the available bandwidthwill not create
oscillationsin the window size.In otherwords,the useof the

a — /7 region providesa dampingeffect.

Eventhoughthe goal of this mechanisnis to avoid conges-
tion by limiting the numberof buffersusedat the bottleneckijt
may not be ableto achievethis whentherearea large number
of @bulk data® connectiongjoing througha bottleneckwith a
small buffer size. However,Vegaswill successfullylimit the
window growth of connectionswith smallerround-triptimes.
The mechanismsn Vegasare not meantto be the ultimate
solution, but they representa considerableenhancemento
thosein Reno.

Fig. 7 shows the behavior of TCP Vegaswhen there is
no othertraf®c present;this is the samecondition that Reno
ran underin Fig. 5. Thereis one new type of graphin 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) Thesmallverticallinebonce perRTTBshows thetimes
when Vegasmakesa congestioncontrol decision;i.e.,
computesActual and adjuststhe window accordingly.
The gray line showsthe Expectedthroughput.This is
the throughputwe shouldgetif all the bytesin transit
areableto getthroughthe connectionin one BaseRTT
The solid line showsthe Actual sendingrate. We cal-
culateit from the numberof byteswe sentin the last
RTT.

The dashedines are the thresholdsusedto control the
sizeof the congestiorwindow. Thetop line corresponds
to the o thresholdand the bottom line correspondgo
the 3 threshold.

Fig. 9 shows a trace of a Vegasconnectiontransferring
one Mbyte of data,while sharingthe bottleneckrouter with
teplib traf®c. The third graph showsthe output producedby
the TRAFFIC protocol simulating the TCP traf®cbthe 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 showsthe output of the bottlenecklink which has a
maximum bandwidthof 200 KB/s. The ®gureclearly shows

2)

3)

4)

than extra bytes in transit. During linear increase/decreaseVegas'congestioravoidancenechanismsit work andhow its

modebas opposedto the slow-start mode described be-
lowbwe setw to oneand 3 to three.This canbe interpreted
asan attemptto useat leastone,but no morethanthreeextra
buffers in the connection.We settledon thesevaluesfor «
and 3 as they are the smallestfeasible values. We want «
to be greaterthan zero so the connectionis using at least
one buffer at the bottleneckrouter. Then,whenthe aggregate
traf®c from the other connectionsdecreasegas is boundto
happenevery so often), our connectioncantake advantageof

6We havemadeevery attemptto keepthe overheadof Vegas' congestion
avoidancemechanismas small as possible.To help quantify this effect, we
ran both Reno and VegasbetweenSparcStationgonnectedoy an Ethernet,
andmeasuredhe penaltyto be lessthan5%. This overheadcanbe expected
to drop asprocessorbecomefaster.

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 resultsin a reductionin
its sendingrate (secondgraph). When the backgroundraf®c
slowsdownat5, 6, and7.5 s, the Vegasconnectionincreases
its window size, and correspondinglyits sendingrate. The
bottom graph showsthat most of the time thereis a 100%
utilization of the bottlenecklink.

In contrast, Fig. 10 shows the behavior of Reno under
similar conditions.It showsthatthereis very little correlation
betweenthe window size andthe level of backgroundraf®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.

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

The important thing to take away from this information
is that Vegas' increasedthroughputis not a result of its
taking bandwidthaway from Renoconnectionsput dueto a
more ef®cientutilization of the bottlenecklink. In fact, Reno
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connectiongdo slightly betterwhenthe backgroundiraf®cis
running in top of Vegasas comparedto when the traf®c is
running on top of Reno(seeSectionlV).

C. Modi ed Slow-StartMechanism

TCPis a @self-clocking® protocol, that s, it usesACKs as
a 2clock® to strobenew packetsinto the network [7]. When
thereare no segmentsn transit, suchas at the beginningof
a connectionor after a retransmittimeout, there will be no
ACKs to serveas a strobe.Slow-startis a mechanismused
to graduallyincreasehe amountof datain-transit;it attempts
to keepthe segmentauniformly spaced.The basicideais to
sendonly onesegmenwhenstartingor restartingaftera loss,
then asthe ACKs arereceived,to sendan extra segmentin
addition to the amountof data acknowledgedn the ACK.
For example,if the receivinghostsendsan acknowledgment
for eachsegmentit receives,the sendinghost will send 1
segmentduring the ®rstRTT, 2 during the secondRTT, 4
during the third, andso on. It is easyto seethat the increase
is exponentialdoublingits sendingrate on eachRTT.

The behavior of the slow-start mechanismcan be seen
in Figs.3 and 10. It occurstwice, once during the interval
between0+1 s, and againin the interval between2+2.5s;
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Fig. 9. TCP Vegaswith tcplib-generatedbackgroundtraf®c.

the latter after a coarse-graintimeout. The behavior of the
initial slow-startis different from the onesthat occur later
in one importantrespect.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,
whereasvhenslow-startoccursin the middle of a connection,
there is the knowledge of the window size used when the
losses occurredbReno considershalf of that value to be
safe.

Wheneveiaretransmitimeoutoccurs,Renosetsthe thresh-
old window to one half of the congestiorwindow. The slow-
startperiodendswhenthe exponentiallyincreasingcongestion
window reachedhe thresholdwindow, and from thenon, the
increaseis linear, or approximatelyone segmentper RTT.
Sincethe congestiorwindow 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
sizewhenthe connectiorstarts.If theinitial thresholdwvindow
valueis too small,the exponentiaincreasewill stoptoo early,
andit will takea longtimebby usingthe linearincreasebto
arrive at the optimal congestionwindow size. As a result,
throughputsuffers. On the otherhand,if thethresholdwindow
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is settoo large, the congestionwindow will grow until the
available bandwidthis exceededyesultingin losseson the
order of the number of available buffers at the bottleneck
router; these lossescan be expectedto grow as network
bandwidthincreases.

What is neededis a way to ®nda connection'savailable
bandwidthwhich doesnotincur thesekinds of lossesTowards
this end,we incorporatecbur congestiordetectionmechanism
into slow-startwith only minor modi®cationsTo 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-startmodeto linear
increase/decreasmode.

The behavior of the modi®edslow-start can be seenin
Figs.7 and9. The reasonthat we needto measurehe actual
ratewith a ®xedcongestiorwindow is thatwe wantthe actual
rate to representthe bandwidth allowed by the connection.
Thus, we can only sendas 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 lossesincurred during the initial slow-start
period, as quanti®edn the next section.

Two problemsremain during any slow-startperiod. First,
segmentsare sentat a rate higher than the available band-
widthbup 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
increasinghelikelihood of losseduringthe slow-startperiod.
Moreover, as network speedsincrease,so doesthe amount
of buffering needed.Secondwhile Vegas'congestionavoid-
ance mechanismduring the initial slow-startperiod is quite
effective, it can still overshootthe availablebandwidth,and
depend®n enoughbuffering atthebottleneckouterto prevent
lossesauntil realizingit needgo slow down. Speci®callyif the
connectioncan handlea particular window size, then Vegas
will doublethat window sizeband asa consequencejouble
thesendingratebon thenextRTT. At somepointtheavailable
bandwidthwill be exceeded.

We haveexperimentedvith a solutionto both problems.To
simplify the following discussionwe refer to the alternative
versionof Vegaswith an experimentalklow-startmechanism
as Vegas*. Vegas* is basedon using the spacing of the
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acknowledgmentto gaugethe availablebandwidth.The idea
is similar to Keshav's Packet-Paimprobing mechanism[13],
exceptthat it usesthe spacingof four segmentssentduring
the slow-startperiod rather than two. (Using four segments
resultsin a more robustalgorithmthan usingtwo segments.)
This availablebandwidthestimateis usedto setthe threshold
window with an appropriatevalue, which makesVegas*less
likely to overshootthe availablebandwidth.

Speci®cally,as each ACK is received,Vegas* schedules
an eventat a certainpointin the future, basedon its available
bandwidthestimateto increasehe congestiorwindow by one
maximum segmentsize. This is in contrastto increasingthe
window immediatelyupon receivingthe ACK. For example,
assumethe RTT is 100 ms, the maximum segmentsize is
1 KByte, and the available bandwidth estimateis currently
200 KB/s. During the slow-startperiod, time is divided into
intervals of length equalto one RTT. If during the current
RTT intervalwe areexpectingd 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,t schedulesneventto increasehe
congestiorwindow (andto senda segmentjat 20 ms (5 x 4)
in the future.
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Fig. 11. TCP Vegason the left, experimentalon the right.

The graphsin Fig. 11 show the behavior of Vegas(left)
and Vegas* (right) during the initial slow-start.For this set
of experimentsthe available bandwidthwas 300 KB/s and
therewere 16 buffers at the router. Looking at the graphson
the left, we seethat a packetis lost at around1l s (indicated
by the thin vertical bar) as a result of sendingat 400 KB/s.
This is becaus&/egasdetectecho problemsat 200KB/s, soit
doubledits sendingrate,butin this particularcase therewere
not enoughbuffers to protectit from the losses.The bottom
graphdemonstratethe needto buffer half of the datasenton
eachRTT asa resultof sendingat a rate twice the available
bandwidth.

The graphson theright illustratethe behaviorof Vegas*.It
setsthe thresholdwindow (dashedine) basedon the available
bandwidth estimate.This resultsin the congestionwindow
halting its exponentialgrowth at the right timePbwhen the
sendingrate equalsthe available bandwidth and preventing
thelossesThe middle graphshowsthatthe sendingratenever
exceedghe availablebandwidth(300 KB/s) by much.Finally,
the bottom graph showsthat Vegas* doesnot needas many
buffers as Vegas.

Notice that while the available bandwidth estimatecould
be usedto jump immediatelyto the available bandwidthby
usingrate control during one RTT interval, congestionwould
resultif more than one connectiondid this at the sametime.
Eventhoughit is possibleto congesthe networkif morethan
one connectiondoesslow-startat the sametime, thereis an
upperboundon the numberof bytessentduringthe RTT when
congestionoccurs regardlessof the numberof connections
simultaneouslydoing slow-startbabouttwice the numberof
bytesthat canbe handledby the connection.Thereis no such
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limit if morethanone connectionjumpsto usethe available
bandwidth at once. Hence,we strongly recommendagainst
doing this unlessit is known a priori that thereare no other
connectionsharingthe path,or if thereare,thattheywill not
increasetheir sendingrate at the sametime.

Although thesetracesillustrate how Vegas*'sexperimental
slow-startmechanisndoesin fact addresghe two problems
with Vegas outlined above, simulation data indicates that
the new mechanismdoesnot have a measurabldmpact on
throughputandonly mamginally improvesthe lossrate. While
additional simulationsmight exposesituationswhere Vegas*
is more bene®cial,we have decidedto not include these
modi®cationgn Vegas.Also, the resultspresentedn Section
IV arefor Vegas,not Vegas*.

IV. PERFORMANCE EVALUATION

This sectionreportsand analyzeshe resultsfrom both the
Internetand the simulator experimentsThe resultsfrom the
InternetexperimentareevidencethatVegas'enhancement®s
Renoproducesigni®cantmprovement®n boththethroughput
(37% higher) and the numberof losses(lessthan half) under
real conditions. The simulator experimentsallow us to also
study relatedissuessuchas how do Vegasconnectionsaffect
Renoconnectionsandwhathappensvhenall connectionsare
running over Vegas.Note that becauset is simpleto movea
protocol betweenthe simulatorand the 2real world,° all the
numbergeportedin this sectionarefor exactlythe samecode.

A. Internet Results

We ®rst presentmeasurement®f TCP over the Inter-
net. Speci®cally,we measuredTCP transfersbetweenthe
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TABLE |
1 MByte TRANSFEROVER THE INTERNET

TABLE I
EFFECTSOF TRANSFER SIZE OVER THE INTERNET

University of Arizona (UA) and the National Institutes of
Health (NIH). The connectionconsistsof 17 hops,andpasses
through Denver, St. Louis, Chicago, Cleveland,New York,
and WashingtonDC. The resultsare derived from a set of
runsovera sevenday periodfrom January?23+29,1994.Each
run consistf a setof seventransfersrom UA to NIHDReno
sendsl MB, 512 KB, and 128 KB, a versionof Vegaswith
a =1 and/3 = 3 (denotedVegas-1,3ksendsl MB, 512 KB,
and 128 KB, and secondversion of Vegaswith & = 2 and
[# = 4 (denotedVegas-2,4)sendsl MB. We inserteda 45 s
delay betweeneachtransferin a run to give the network a
chanceto settledown, a run startedapproximatelyonceevery
hour, and we shufed the order of the transferswithin each
run.

Tablel showstheresultsfor the1l MB transfersDepending
on the congestionavoidancethresholds,it shows between
37 and 42% improvementover Reno's throughputwith only
51+61%of the retransmissionsWhen comparingVegasand
Renowithin eachrun, VegasoutperformsReno 92% of the
time and acrossall levels of congestionj.e., during both the
middle of the night and during periodsof high load. Also,
the throughputwas a little higherwith the biggerthresholds,
sincethe Vegasconnectiorusedmorebuffersat the bottleneck
router which could be usedto ®II 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
conservativepproactof usingfewerresourcessohavesettled
on avoidancethresholdsof « = 1 and 3 = 3.

Becausewe were concernedthat Vegas' throughputim-
provementdependedn large transfersizes,we alsovariedthe
size of the transfer.Table Il showsthe effect of transfersize
on both throughputand retransmissiongor Renoand Vegas-
1,3. First, observethat Vegasdoesbetterrelative to Renoas
the transfersize decreasedn termsof throughputwe seean
increasefrom 37+71%.The resultsare similar for retransmis-
sions, as the relative numberof Vegasretransmissiongoes
from 51% of Reno'sto 17% of Reno's.

Notice that the numberof kilobytes retransmittecoy Reno
startsto “atten out as the transfersize decreaseswhen we
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decreasedthe transfersize by half, from 1 MB to 512KB, we
seea 42% decreasén the numberof kilobytesretransmitted.
When we further decreasehe transfersize to one-fourthits
previous value, from 512 KB to 128 KB, the number of
kilobytesretransmittecbnly decreaseby 18%. This indicates
that we are approachingthe averagenumber of kilobytes
retransmitteddue to Reno's slow-start losses. From these
resultswe concludethattherearearound20 KBs retransmitted
during slow-start,for the conditionsof our experiment.

On the other hand, the numberof kilobytes retransmitted
by Vegasdecreasealmostlinearly with respecto the transfer
size. This indicatesthat Vegaseliminates nearly all losses
duringslow-startdueto its modi®edslow-startwith congestion
avoidanceNote that if the transfersizeis smallerthanabout
twice the bandwidth-delayroduct thentherewill benolosses
for neitherVegasnor Reno(assuminghebottleneckrouterhas
enoughbuffers to absorbtemporarysendingratesabovethe
connectionsavailable bandwidth).

B. SimulationResults

This subsectiorreportsthe resultsof seriesof experiments
using the z-kernel basedsimulator. 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-basedonnectionsNote
that all the experimentsusedin 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-Oneéexperiments: We begin by studying how
two TCP connectionsgnterferewith eachother.To do this, we
starta 1 MB transfer,andthen after a variabledelay, starta
300 KB transfer.The transfersizesand delaysare chosento
ensurethatthe smallertransferis containedcompletelywithin
the larger.

Tablelll givestheresultsfor thefour possiblecombinations,
where the column heading Reno/\égas denotesa 300 KB
transferusingRenocontainedwithin a 1 Mbyte transferusing
Vegas.For each combination,the table gives the measured
throughputand number of kilobytes retransmittedfor both
transfers;e.g., in the caseof Reno/\égas,the 300 KB Reno
transferachieveda 61 KB/s throughputrate andthe 1 Mbyte
Vegastransfer achieveda 123 KB/s throughputrate/ The
ratiosfor both throughputrate andkilobytesretransmittechare
relativeto the Reno/Renacolumn. The valuesin the tableare
averagedrom 12 runs,using 15 and 20 buffersin the routers,
andwith the delaybeforestartingthe smallertransferranging
between0 and 2.5 s.

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

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

the combinednumberof kilobytes retransmittedfor the pair

of competingconnectionsdrops signi®cantly.The combined
Reno/Renaetransmitsare 52 KB comparedwith 45 KB for

Reno/\égasand 19 KB for Vegas/RenoFinally, note that
the combined Vegas/\égasretransmitsare less than 1 KB

on the averagebanindication that the congestionavoidance
mechanismis working.

Sincethe probability that thereare exactlytwo connections
at onetime is smallin real life, we modi®edthe experiment
by addingtcplib backgroundiraf®c. The resultswere similar
exceptfor the Reno/\égasexperimentin which Reno only
hada 6% increasdn its retransmissionyersusthe 43% when
there was no backgroundtraf®c.

This 43%increasedn thelossesof Renofor the Reno/\égas
caseis explainedasfollows. The Vegasconnectionstarts®rst,
and is using the full bandwidth (200 KB/s) by the time the
Renoconnectionstarts.When Vegasdetectsthat the network
is startingto get congestedjt decreasedts sendingrate to
betweerB0 and100KB/s. Thelossedncurredby Reno(about
48 KB), areapproximatelythe lossesRenoexperiencesvhen
it is running by itself on a network with 100+120KB/s of
available bandwidth and around 15 available buffers at the
bottleneckrouter. The reasonthe losseswere smallerfor the
300 KB transferin the Reno/Rencexperimentis 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 around?2 s.
A Renoconnectionsending300 KB whenthereis 200 KB/s
of availablebandwidthand 20 buffers at the bottleneckrouter
only lossesabout3 KB.

This type of behavioris characteristiof Reno:by slightly
changingheparameter@ the network,onecanobservemajor
changesin Reno's behavior.Vegas,on the other hand,does
not show as much discontinuityin its behavior.

2) BackgoundTraf c: We nextmeasuredhe performance
of a distinguished TCP connection when the network is
loadedwith traf®cgeneratedrom tcplib. Thatis, the protocol
TRAFFIC is running betweenHost 1aandHost 1b in Fig. 6,
anda 1 Mbyte transferis running betweenHost 2a and Host
2b. In this setof experimentsthe tcplib traf®cis runningover
Reno.

Table IV gives the results for Reno and two versions
of VegasbVegas-1,3and Vegas-2,4.We varied these two
thresholdsto study the sensitivity of our algorithm to them.
The numbersshown are averagedrom 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 three protocols,along with
their ratio to Reno'sthroughput.lt also gives the numberof
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TABLE IV
1 MByte TRANSFERWITH tcplib-GENERATED BACKGROUND RENO TRAFFIC

kilobytesretransmittedthe ratio of retransmit¢o Reno's,and
the averagenumberof coarse-grainedimeouts per transfer.
Forexample Vegas-1,3ad53% betterthroughputhanReno,
with only 49% of the losses.Again note that thereis little

differencebetweenVegas-1,3and Vegas-2,4.

These simulations tell us the expectedimprovement of
Vegasover Reno:morethan50%improvementbn throughput,
and only half the losses.The results from the one-on-one
experimentdndicatethat the gainsof Vegasare not madeat
theexpensef Reno;this beliefis furthersupportedy thefact
that the backgroundraf®c's throughputis mostly unafected
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-
bytesretransmittedoy the 1 Mbyte transfersdid not change
signi®cantly(less than 4%).

3) Other Experiments:We tried many variations of the
previousexperimentsOn the whole, the resultswere similar,
exceptfor whenwe changedTCP's send-bufler size. Below
we summarizetheseexperimentsand their results.

- Two-Way BackgoundTraf c:  Therehavebeenreportsof
changein TCP's behaviorwhenthe backgroundraf®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 Vegasremainedaboutthe same.The fact that
there was not much changeis probably due to the fact
thattcplib alreadycreatessome2-way trafRCBDTELNET
connectionssend one byte and get one or more bytes
back,and FTP connectionssendand get control packets
before doing a transfer.

- Different TCP Send-BuffeSizes: For all the experiments
reportedso far, we ran TCP with a 50 KB send-bufer.
For this experiment,we tried send-bufier sizesbetween
50 KB and 5 KB. Vegas'throughputand lossesstayed
unchangedetween50 KB and 20 KB; from that point
on, asthe buffer decreasedso did the throughput.This
was due to the protocol not being able to keepthe pipe
full.

Reno'sthroughputinitially increasedasthe buffersgot
smaller,andthenit decreasedlt alwaysremainedunder
the throughputmeasuredor Vegas.We have previously
seenthis type of behaviorwhile running Reno on the
Internet.If we look backat Fig. 5, we seethat as Reno
increasests congestionrwindow, it usesmore and more
buffersin therouteruntil it losespacketsby overrunning
thequeuelf we limit the congestiorwindow by reducing
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the size of the send-bufer, we may preventit from
overrunningthe router's queue.

V. DISCUSSION

Throughputandlossesare not the only metricsby which a
transportprotocolis evaluated.This sectiondiscusseseveral
otherissuesthat mustbe addressedit alsocommentson the
relationshipbetweenthis work and other efforts to improve
end-to-endperformanceon the Internet.

A. Fairness

If thereis more than one connectionsharinga bottleneck
link, we would like for eachconnectionto receivean equal
share of the bandwidth. Unfortunately, given the limited
amountof information currently available at the connection
endpointsthis is unlikely to happenwithout somehelp from
the routers.Given that no protocol is likely to be perfectly
fair, we needa way to decide whetherits level of fairness
is acceptableor not. Also, given that so far the Internet
communityhasfound Reno'slevel of fairnessacceptablewe
decidedto compareVegas'fairnessevelsto Reno'sandjudge
it in thoseterms.

Before there can be any comparisonswe needa metric.
We decidedto useJain'sfairnessindex[11], which is de®ned
as follows: given a setof throughputs(zy, xz2, -+, z,) the
following function assignsa fairnessindex to the set:

= — )
2
”E x;
i=1

flzr, 22, -+, &y

Giventhatthe throughputsare nonnegativethe fairnessindex
alwaysresultsin numbershetween0 and1. If all throughputs
arethe same the fairnessindexis 1. If only % of the n users
receiveequalthroughputandtheremainingn — & usersreceive
zero throughput,the fairnessindex is & /.

We ran simulationswith 2, 4, and 16 connectionsharinga
bottlenecklink, whereall the connectionsitherhadthe same
propagationdelay, or where one half of the connectionshad
twice the propagationdelay of the other half. Many different
propagationdelays were used, with the appropriateresults
averaged.

In the caseof 2 and 4 connectionswith eachconnection
transferring8 MB, Renowas 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 versus 0.953). In the experimentswith 16
connectionswith 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
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sending2 MB of data. The experimentconsistedof running
all the connectionon top of Reno,all the connectionson top
of Vegas,or one half on top on Renoand the other half on
top of Vegas.Therewaslittle differencebetweenthe fairness
index of the eight connectionsrunning a particular TCP
implementation(Vegasor Reno)andthe fairnessindex of the
four connectionsunning the sameTCP implementationand
sharingthe bottleneckwith the four connectionsunning the
other TCP implementationSimilarly, we sawlittle difference
in the averagesize of the bottleneckqueue.

In anotherexperimentwe ran four connectionsver back-
groundtraf®c. For this experiment,Vegaswas always more
fair thanReno.Overall, we concludethat Vegasis no lessfair
than Reno.

B. Stability

A secondconcernis stabilitybit is undesirablefor a pro-
tocol to causethe Internet to collapse as the number of
connectiongncreaseslin otherwords, as the load increases,
each connectionmust recognizethat it should decreasets
sending rate. Up to the point where the window can be
greatethanonemaximumsegmensize,Vegasis muchbetter
than Renoat recognizingand avoiding congestionbwehave
already seenthat 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, Vegasbehavedike Reno.This is becausehis extreme
condition implies that coarse-graintimeouts are involved,
and Vegasusesexactly the samecoarse-grairmechanismas
Reno.Experimentalresultscon®rmthis intuition: running 16
connectionswith a 50 msone-waypropagatiordelay,through
a routerwith either 10 or 20 buffers and 100 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-basedraf®c.Therectangulaboxesrepresent
sourcesof @bulk data®transfers.The resultingtraf®c consists
of nearly a thousandnew connectionsbeing establishecber
simulatedsecondwhereeachconnections eithera TELNET,
FTP, SMTP, or NNTP conversation.No stability problems
have occurredin any of our simulationswhen all of the
connectionsare running Vegas.

In summary,there is no reasonto expectVegasto lead
to network collapse. One reasonfor this is that most of
Vegas'mechanismareconservativen naturebits congestion
window never increasesfaster than Reno's (one maximum
segmentper RTT), the purposeof the congestionavoidance
mechanisnis to decreasethe congestiorwindow beforelosses
occur, and during slow-start, Vegas stops the exponential
growth of its congestionwindow before Renowould under
the sameconditions.

C. QueueBehavior

GiventhatVegaspurposelytriesto occupybetweeroneand
threeextrabuffersalongthe pathfor eachconnectionjt seems
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Fig. 12. Complex simulation network.

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

Sincethe analyticaltools currently availableare not good
enoughto realistically model and analyze the behavior of
either Renoor Vegas,we mustrely on simulationsto answer
this issue. Our simulations show that averagequeue sizes
underRenoand Vegasare approximatelythe same .However,
theyalsoshowthat TELNET connectionsn tcplib experience
betweenl18 and 40% less latency, on average when all the
connectionsare Vegasinsteadof Reno.This seemdo suggest
thatif the whole world ran Vegas,Internetlatencywould not
be adverselyaffected.

D. BSD Variations

TCP hasbeena rather uid protocol over the last several
years, especiallyin its congestioncontrol mechanism.Al-
thoughthe generalform the original mechanisndescribedn
[7] hasremainedunchangedh all BSD-basedmplementations
(e.g.,Tahoe,Reno,BNR2, BSD 4.4), many of the 2constants®
havechangedForexample someimplementation®ACK every
segmentand someACK every other segmentsomeincrease
the window during linear growth by one segmentper RTT
and someincreaseby half a segmentper RTT plus 1/8th the
maximum segmentsize per ACK receivedduring that RTT;
and®nally, someusethe timestampoption and somedo 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? achieves14% worse throughputthan our
Reno during Internet type simulations[2]. Also, others[1]
havecompared/egaswith the SunOSimplementatiorof 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.
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E. Alternative Approaches

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

One example gaining much attentionis the question of
how to guaranteebandwidthto real-time connections.The
basicapproachrequiresthata moreintelligentbuffer manager
be placedin the Internet routers[14]. One might question
the relevanceof TCP Vegasin light of such mechanisms.
We believe end-to-endcongestioncontrol will remain very
importantfor two reasonsFirst, a signi®cantfraction of the
datathat will "ow over the Internetwill not be of a real-
time nature;it will be bulk-transferapplications(e.g.,image
transferthatwantasmuchbandwidthasis currentlyavailable.
Thesetransferswill be ableto useVegasto competeagainst
eachother for the available bandwidth. Second,even for a
real-time connection,it would not be unreasonabldor an
applicationto request(and pay for) a minimally acceptable
bandwidth guarantee and then use a Vegas-likeend-to-end
mechanismto acquire as much additional bandwidthas the
currentload allows.

As anotherexample, selective ACKs [8], [9] have been
proposedas a way to decrease¢he numberof unnecessarily
retransmittecpacketsand to provide information for a better
retransmitmechanismthan the one in Reno. Although the
selectiveACK mechanismis not yet well de®nedwe make
the following observationsaabouthow it compareso Vegas.
First, it only relatesto Vegas' retransmissionmechanism;
selective ACKs by themselvesaffect neitherthe congestion
nor the slow-startmechanismsSecond thereis little reason
to believe that selective ACKs can signi®cantlyimprove on
Vegasin termsof unnecessaryetransmissionsastherewere
only 6 KB per MB unnecessarilyetransmittedby Vegasin
our Internet experiments.Third, selective ACKs have the
potential to retransmitlost data sooneron future networks
with large delay/bandwidthproducts.It would be interesting
to seehow Vegasand the selective ACK mechanismwork
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Fig. 13. TCP windows graph.

in tandemon such networks.Finally, we note that selective
ACKs requireachangeo the TCPstandardywhereagheVegas
modi®cationsire animplementatiorchangethatis isolatedto
the sender.

V1.

We haveintroducedseveraltechniquedor improving TCP,
including a new timeout mechanism,a novel approachto
congestiomavoidancehattriesto control the numberof extra
buffersthe connectioroccupiedn the network,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,andthat it doesnot adversely
affect latency.

CONCLUSIONS

APPENDIX
DETAILED GRAPH DESCRIPTION

To assistthe readerin developinga betterunderstandingf
the graphsusedthroughoutthis paper,and to gain a better
insight of Reno'sbehavior,we describein detail one of these
graphs.Fig. 13 is a traceof Renowhenthereis othertraf®c
throughthe bottleneckrouter. Thenumbersn parenthesisefer
to the type of line in the graph.

In general,output is allowed while the UNACK-COUNT
(4) (numberof bytessentbut not acknowledged)s lessthan
the congestiorwindow (3) andlessthanthe sendwindow (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 sidesexchanganformationon the
sizeof their receivebuffers, andthe sendwindow (2) is setto
theminimumof thesender'ssendbuffer sizeandthereceiver's
advertisedwindow size.

The congestiorwindow (3) increasexponentiallywhile it
is lessthanthe thresholdwindow (1). At 0.75s, lossesstartto
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occur(indicatedby thetall vertical lines). More precisely,the

vertical lines representsegmentghat are later retransmitted
(usually becausethey were lost). At aroundl s, a loss is

detectedafter receiving 3 duplicate ACKs and Reno's Fast
Retransmitand Fast Recovery mechanismsgo into action.
The purposeof thesemechanismsgs to detectlossesbefore
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 setto the maximal allowed
segmentsize (for this connection)and the UNACK-COUNT
is setto zero momentarily,allowing the lost segmentto be
retransmittedThethresholdwindow (1) is setto half thevalue
thatthe congestiorwindow hadbeforethelosseqit is assumed
thatthis is a safelevel, thatlosseswon't occurat this window
size).

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

This implies that the congestiorwindow (3) will reachthe
UNACK-COUNT (4) when half the datain transithasbeen
receivedat the otherend. From this point on, the receptionof
anyduplicateACKs will allow a segmento be sent.This way
thepipecanbekeptfull athalf thepreviousvalue(sincelosses
occurredat the previousvalue, it is assumedhatthe available
bandwidthis now only half its previousvalue).Earlierversions
of TCP would begin the slow-startmechanismwhen losses
weredetectedThis implied thatthe pipe would almostempty
and then ®Il up again. Reno's mechanismallows it to stay
®lled.

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

Since the congestionwindow (3) is below the UNACK-
COUNT (4), no more datacan be sent.At 2 s, a retransmit
timeout occurs (see black circle on top), and data startsto
“ow again.Thecongestiorwindow (3) increasegxponentially
while it is below the thresholdwindow (1). A little before2.5
s, a segments sentthat will later be retransmitted Skipping
to 3 s, we noticethe congestiorwindow (3) increasindinearly
becauset is abovethe thresholdwindow (1).
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