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ABSTRACT
Today's Internettraf�c is dominatedby short Web data transfers.
Such a workload is well known to interactpoorly with the TCP
protocol. TCP usesthe slow startprocedureto probethe network
for bandwidthboth at connectionstartup anduponrestartafter an
idle period.Thisusuallyrequiresseveralroundtripsandis inef�cient
whenthedurationof a transferis short.

In this paper, we propose a new technique, which we call
TCP/SPAND, to speedup short data transfers. In TCP/SPAND,
network performanceinformationis sharedamongmany co-located
hoststo estimateeachconnection's fair shareof the network re-
sources.Basedon suchestimationand the transfersize, the TCP
senderdeterminesthe optimal initial congestionwindow size. In-
steadof doingslow start,it usesa pacingschemeto smoothlysend
out the packets in its initial congestionwindow. We useextensive
simulationsto evaluatetheperformanceof theresultingsystem.Our
resultsshow thatTCP/SPAND signi�cantly reduceslatency for short
transfersevenin presenceof multipleheavily congestedbottlenecks.
Meanwhile,theperformancebene�t doesnotcomeat theexpenseof
degradingthe performanceof connectionsusingthe standardTCP.
Thatis, TCP/SPAND is TCPfriendly.

1. INTRODUCTION
Numerousmeasurementsshow thatInternettraf�c is now dominated
by shortandburstyWebdatatransfers[13, 19,21]. Suchaworkload
interactspoorlywith TCP, thedominanttransportprotocolin today's
Internet.TCPusestheslow startprocedure[14] to probetheavail-
ablenetwork capacityboth at connectionstartup anduponrestart
after an idle period. This usually requiresseveral roundtrips. For
shortWebdatatransfers,whichtypically spanonly afew roundtrips,
spendingseveralroundtripsin probingthenetwork statecanbevery
inef�cient. Several techniqueslike P-HTTPhave beenproposedin
thepastto speedup shortWebtransfers.Thesetechniqueshelp,but
arenotcompletesolutions.

In this paper, we propose a new technique, which we call
TCP/SPAND, to effectively eliminatetheslow startpenaltyfor short
datatransfers.In TCP/SPAND, network performanceinformationis
sharedamongmany co-locatedhoststo estimateeachconnection's
fair shareof the network resources.Basedon suchestimationand
the �le transfersize,the TCP senderdeterminesthe optimal initial
congestionwindow sizeat connectionstartup anduponrestartafter
an idle period. Insteadof doingslow start,it usesa pacingscheme
to smoothlysendout the packets in its initial window. Onceall
the packets in the initial window have beenpacedout, the sender
switchesbackto thebehavior of thestandardTCP.

We implementTCP/SPAND in the ns simulator[24] and useex-
tensive simulationsto evaluateits performance.Our resultsshow
that TCP/SPAND signi�cantly reduceslatency for short transfers

even in presenceof multiple heavily congestedbottlenecks.Mean-
while, TCP/SPAND is TCP-friendly. The signi�cant performance
improvementis not at theexpenseof degradingtheperformanceof
theconnectionsusingthestandardTCP[14]. Therefore,deploying
TCP/SPAND at Webserverscanprovide greatperformancebene�t.
Furthermore,our systemis designedto beincrementallydeployable
in today's Internet.It only involvesmodi�cationsat theserver side.
All theclientsideapplicationscanbeleft untouched.

Therestof thepaperis organizedasfollows.
�

2 givessomeback-
groundaboutTCP.

�

3 overviews thepreviouswork. In
�

4, weana-
lytically derivetheoptimalinitial congestionwindow asafunctionof
certainnetwork pathcharacteristicsandthetransfersize.

�

5presents
thedesignandimplementationof TCP/SPAND, anincrementallyde-
ployablearchitecturethatallowsusto applyour analyticalresultsto
today's Internet.

�

6 presentssimulationresultsto evaluatethe ef-
fectivenessof our approach.We endwith concludingremarksand
futurework in

�

7.

2. BACKGROUND
TCPis currentlythedominanttransportprotocolin theInternetand
formsthefoundationof applicationssuchasWebbrowsing,E-mail,
�le transfer, andnews distribution. It is a closed-loop�o w control
scheme,in which a sourcedynamicallyadjustsits �o w controlwin-
dow in responseto implicit signalsof network overload.Speci�cally,
asourceusestheslow startalgorithmto probetheavailablenetwork
capacityby graduallygrowing its congestionwindow until conges-
tion is detectedor its window sizereachesthe receiver's advertised
window. Theslow startis alsoterminatedif thecongestionwindow
grows beyonda threshold.In thiscase,it usesthecongestionavoid-
anceto furtheropenup thewindow until a lossoccurs.It responds
to thelossby adjustingits congestionwindow andotherparameters.

Thesuccessof TCPreliesonthefeedbackmechanism,whereit uses
a packet lossastheindicationto adaptitself throughadjustinga va-
riety of parameters,suchasthecongestionwindow size( ������� ), the
slow startthreshold( �	��

��������� ), thesmoothedroundtriptime ( ���	
�
 )
and its variance( ��
�

����� ). However, for a feedbackmechanismto
work, a connectionshould last long enough. When transfersare
smallcomparedwith thebandwidth-delayproductof the link, such
as �le transfersof several hundredkilobytesover satellitelinks or
typical-sizedwebpagesover terrestriallinks, it is very likely thatwe
have little or no feedback– lossindications. In this case,the con-
nection's performanceis primarily governedby thechoiceof initial
parameters.

In the original TCP [14], the initial valuesof suchparametersare
chosento accommodatea wide rangeof network conditions.They
maynot beoptimalfor aspeci�c network scenario.

3. PREVIOUS WORK



Therehave beena numberof proposalson improving the startup
and/orrestartperformanceof TCPconnections.

Two typical examplesof applicationlevel approachesare launch-
ing multiple concurrentTCP connectionsand P-HTTP (persistent
HTTP) [29]. Using multiple concurrentconnectionsmakes TCP
overly aggressive for many environmentsandcanleadto congestive
collapsein sharednetworks [10, 9]. P-HTTPreusesa singleTCP
connectionfor multiple Web transfers,therebyamortizingthe con-
nectionsetupoverhead,but still paysthe slow startpenalty. Since
theaverageWebdocument(includingtheinline Webobjects)is only
around30KB [21], suchpenaltyis signi�cant enoughto limit the
performancebene�t of P-HTTP.

T/TCP[5] bypassesthethree-wayhandshakingby having thesender
start transmitting data in the �rst segment sent (along with the
SYN) [1]. In addition,T/TCP proposestemporalsharingof TCP
controlblock(TCB) state,includingmaximumsegmentsize(MSS),
smoothedRTT, andRTT variance[5]. [6] alsomentionsthepossi-
bility of cachingthecongestionavoidancethresholdwithoutoffering
details.

Hoeproposes[16] to usethe bandwidth-delayproductto estimate
the initial �	��
��������	� . However, they use a packet-pair [18] like
schemeto estimatethenetwork availablebandwidth, whichdoesnot
work well for FIFOnetworks.

Allman et. al. propose [2] to increasethe initial window (andop-
tionally the restartwindow) to roughly 4K bytes. Therehave been
variousstudiesin supportof [2] suchas[3] and [32]. However, since
they usea �x ed initial window for all connections,thevaluehasto
beconservative,andtheimprovementis still inadequatein situations
wherethebandwidthdelayproductis muchlarger.

TCP control block interdependence[34] speci�estemporalreusing
of TCP state,including carryingover congestionwindow informa-
tion from oneconnectionto thenext. Similar to [34], Faststart[26,
27] reusesthecongestionwindow size( ������� ), theslow startthresh-
old ( �	��
���������� ), thesmoothedroundtriptime ( ���	
�
 ) andits variance
( �	
�

����� ). By takingadvantageof temporallocality, bothapproaches
can lead to signi�cant performancegain. On the other hand, as
demonstratedin

�

4, theoptimal initial congestionwindow sizede-
pendson boththenetworkstateandthetransfersize. Therefore,di-
rectly reusingpreviousparametersis not optimal. In addition,when
network conditionchanges,suchreusingcanbe overly aggressive.
FastStart[27] addressestheissueby resortingto routersupport.This
is notthe�nal solutionatleastfor today'sInternet.Moreover, in both
approachesinformationsharingis limited to within asinglehost(al-
thoughthepossibilityfor inter-hostsharingis mentionedin [26]).

In summary, TCPstart-upperformancehasreceivedconsiderableat-
tention.Many proposalshelp,but arenotcompletesolutions.

4. MINIMIZE LATENCY BY CHOOSING
OPTIMAL INITIAL ��� �"!

In this section,we show how to determinetheoptimal initial �������

(denotedas ��������#
$�% ) thatminimizesthecompletiontime for a data
transfergiven thetransfersizeandthenetwork pathcharacteristics.
We �rst analyticallyderive �&�'����#
$�% for a simplescenarioin which
the network pathcharacteristicsremainunchanged(in

�

4.1). We
thenextendour resultsto moregeneralscenariosby introducinga
techniquecalledtheshift optimization(in

�

4.2).

4.1 Derivation of ������� #
$�% for a SimpleScenario
Weconsiderasimplenetwork modelin whichthereis only oneTCP
connection,the network pathcharacteristicsremainunchangedfor
thedurationof theconnection,andall lossesaredueto network con-
gestion.

Weusethefollowing notationsin ourderivations:
( Let � #
$�% = propagationdelay* bottleneck bandwidth.
( Let �*),+-� #
$�%/.10 , where0 is thebuffer sizeat thebottle-

neckrouter.

Clearly, �*#
$�% is thenumberof packetsthelink canholdon its own,
while �*) is thetotal numberof packetsthat the link andthebuffer
togethercanhold.

As we know, theslow startalgorithmis designedto probetheavail-
ablenetwork capacity. Thethroughputduringslow startis very low.
Morespeci�cally, withoutdelayedACK, nomorethan 2436587 pack-
ets can be sent in 9 RTT's during slow start; with delayedACK,
thethroughputis even lower becausethecongestionwindow grows
moreslowly. Therefore,if thenetwork conditionis known andsta-
ble,weshouldtry to avoidslow start,andentercongestionavoidance
directly. This canbeachieved by settingthe initial �	��

��������� to be
no morethantheinitial ������� . Therefore,we only needto consider
thecongestionavoidancephasein orderto �nd �������

#
$�% . Moreover,
we only considertheReno-stylecongestionavoidancebecauseit is
thedominantTCP�a vor in today's Internet.
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Figure1: Evolution of servicerateandcongestionwindow during
congestionavoidancefor TCP/Reno.: is thedurationof anepoch.

Considera TCP/Renoconnectionthatstartsat time 0 with aninitial
������� of ;	<'=?>A@

BDC andhasanin�nite amountof datato send.De�ne
E,F


?G astheservicerateit receivesat time 
 , and �

F


?G asits conges-
tion window sizeat 
 . Figure1 depictsroughlyhow

E,F


?G and �

F


�G

evolve with time,goingthroughperiodicalepochs. A similar �gure
alsoappearedin [15]. (For simplicity, we ignorethe time required
by thefastretransmissionalgorithmto wait for 3 duplicatedACK's.)

Let

: : thedurationof anepoch
HJI

: thenumberof packetssentduringanepoch
K

: theaveragenumberof packetsacknowledgedby
anACK

Closeinspectionof the congestionwindow evolution allows us to
estimate

HJI

: During eachepoch,thecongestionwindow sizestarts
from ;

<
=

>J@

B
C andincreaseslinearly in time,with aslopeof @

L pack-
etsperroundtriptime. Whenthewindow sizereaches�M)

.
7 , the

senderinjects �N)
.

7 packetsinto thenetwork. Sincethenetwork
canhold at most �

) packets,the lastpacket will get dropped.Af-
tersendinganother�*) packets(correspondingto the �*) ACK's for
thosepacketsthatarenot dropped),thesenderdetectsthe lossby 3
duplicatedACK's andrecoversfrom it throughfastretransmission.
Thenthe window dropsbackto ;

<
=

>J@

B
C anda new epochbegins.

Therefore,thetotalnumberof packetssentduringeachepochis:
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For agiventransferwith size
H

, choosing������� #
$�% is essentiallythe
problemof �tting a blockwith size

H

in the
E,F


?G curve to minimize
the transfertime. More precisely, we want to �nd �]\_^ `bac:dG to
minimize e , whichsatis�es fJg

>�h

g

E,F


?G��4
i+

H

. (Wecanthenchoose
�

F

�	G as our �&�'��� #
$�% .) For this problem,we have the following
theorem:
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Figure2: Minimize completiontime by having the transferendat
someepochboundary.

THEOREM 1. As illustrated in Figure 2, we can minimizethe
completiontimefor a giventransferwith size

H

bychoosingtheini-
tial ������� appropriatelysothat thetransferendsat anepoch bound-
ary, i.e., at time 9

O

: , for someinteger 9 .

The detailedproof for Theorem1 canbe found in [37]. Below we
givesomeintuition behindthetheorem.

Considera transferthatstartsat time �j\-^ `ba?:dG with a completion
time of elkm: . Clearly, thereareonly two cases:(i) �

.
elkn: ,

and(ii) �
.

epol: . As illustratedin Figure3, by comparingthe
areaof theshadedregions,it is evidentthatin bothcasestheamount
of datatransferedduringinterval ^ :-5Ne6a?:rq is no lessthanthedata
transferedin ^ �sac�

.
e6q , which is the transfersize. This meansif

wecanhave theoriginal transferendat time : , thecompletiontime
doesnot increase.

t
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Figure3: Fixing thewidth of theshadedregion to elkn: , we can
maximizetheareaof theregionby having theregionendat : .

Basedon Theorem1 we can further derive the valueof �&�'���
#
$�% .

Theresultis summarizedin thefollowing theorem:

THEOREM 2. The optimal initial ������� ( �������
#
$�% ) that mini-

mizesthe completiontime of a given �le transferwith size
H

can
bedeterminedasthelargestinteger t ( ku�N)

.
7 ) satisfying

KPO

<'=

Q

v

S�wjx

.

F

2

O

� )

. 7�G,y

Huz|{�}~H I

(2)

where
HJI

is de�nedin Equation1.

Thederivationof Theorem2 is givenin [37].

Notethatthe ��������#
$�% in Theorem2 is derivedfor thecasein which
the transferendsat someepochboundary. But endingat an epoch
boundarymeansthe connectionhasto experiencea lossduring its
�nal epoch.Althoughin theory, thelosscanbedetectedandrecov-
eredvery fast throughfastretransmission,in reality it may still be
desirableto avoid suchanadditionalloss. This canbeachieved by
having thetransferendwith its �&�'��� equal �N) insteadof �*) . 7 .
Accordingly, theinitial �&�'��� becomesthelargestinteger t ( ku� ) )
satisfying

KPO

<'=

Q

v

S�w•x

y

H1z|{�}dH I

(3)

4.2 Shift Optimization
We canprove that the ��������#
$�% given by Theorem2 minimizesthe
integer numberof roundtripsrequiredfor the given transfer. The
only assumptionwe needto make is that �N) remainsunchanged
throughoutthedurationof theconnection.

Of course,assuminga constant�
) is unrealisticin the real world.

But fortunately, we can relax this assumptionthrougha technique
whichwecall theshift optimization. Morespeci�cally, for �������€#
$�%

determinedby Equation3, if
K•O

F�‚

<�=

v

S

)�ƒ…„�†�‡‰ˆ&Š

x

G is greaterthan
F

Hrz|{�}bH
I

G , we canreducethe initial �&�'��� without increasingthe
integernumberof requiredroundtripsby shifting theentiretransfer
in Figure2 towardsleft.

Theexactamountof reductionin �&�'��� canbeestimatedasfollows:
Supposewereducetheinitial ������� by ‹ . Sinceit takesroughly

KJO

F

�*)�5•�������
#
$�%�.

7	G roundtripsfor ������� to grow from
F

�&�'���
#
$�%

5

‹ŒG up to
F

�
)

5]‹•G , the total amountof transfereddatais reduced
by around‹

O
F

KŽO
F

�*)658�������
#
$�%•.

7	G�G . Suchreductionshould
benomorethan

KiO
‚

<
=

v

S

)�ƒ…„�†
‡‰ˆ&Š

x

5

H]z|{�}�HAI

in orderto keepthe
sameintegernumberof requiredroundtrips.Thisgivesus

‹•+‘;

KPO
‚

<�=

v

S

)�ƒ…„�†�‡‰ˆ&Š

x

5

H1z|{�}~H
I

KPO
F

�
)

5N��������#�$�%
.

7	G

C (4)

Clearly, the shift optimizationdoesn't increasethe integer number
of requiredroundtrips.It doesslightly increasethecompletiontime
by not more than one roundtrip time. However, we believe such
marginal overheadis acceptablebecausein return we can have a
smallerandthussafer initial �&�'��� . More importantly, aswe will
soondemonstratein this section,the shift optimizationmakes our
algorithmlesssensitive to theexactvalueof �

) .

A simpleexampleof theshift optimizationis illustratedin Figure4.
In this example,we have

K

+’7 , �N)•+“7�` , andtransfersize
H

+

7s7 . From Equation3, we obtain ��������#
$�%d+_” , which resultsin a
completiontime of 2 •�e�e s (moreprecisely, more than1 but less



than 2 full •'e6e 's). After the shift optimization,we get a much
smallerinitial ������� of 5, while thecompletiontime becomes2 full

•'e6e s,which is only slightly largerthanbeforeoptimization.

After Optimization
Initial cwnd=5

Before Optimization
Initial cwnd=9

Figure4: A simpleexampleof theshiftoptimization. (
K

+ 7 . � ) +

7�` . Transfersize
H

+m7�7 .)

To furtherdemonstratetheeffect of theshift optimization,we keep
thetransfersizeto be30packets,andplot thecomputedinitial �&�'���

with andwithout the shift optimizationas a function of � ) . The
resultsaresummarizedin Figure5.
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Figure5: Theeffectof theshift optimization.

We make two observations: First, with the shift optimization,the
initial �&�'��� is moreconservative thandirectly reusing �N) (corre-
spondingto curve –N+

[ in the �gure). Second,with the shift op-
timization, the computed�&�'��� is insensitive to the value of �

) ,
especiallywhen �N) is large. Multiple �N) can result in the same
initial ������� . Suchinsensitivity allowsusto computeanearoptimal
initial ������� evenif �*) variesover timeor if accurateestimationfor

�
) is notavailable.

We have demonstratedthat theshift optimizationmakesthe choice
of initial ������� bothconservative andinsensitive to thevalueof �M) .
Meanwhile,the latency is only increasedby a small amount(less
thananRTT). In therestof this paper, wewill use �&�'���b#
$�% to refer
to theoptimalinitial ������� after theshiftoptimization.

Sofarwehaveonly considerednon-sharednetworks,wecanextend
our resultsto sharednetworks by rede�ning �

) asa connection's
share of the available network resources,which can be estimated
asonesegmentsmallerthanthecongestionwindow sizebeforethe
TCP senderdetectsa lossduring congestionavoidance. Measure-
mentstudyof Internettracesshows that the WAN performanceis
reasonablystableover termsof severalminutes;meanwhile,nearby
hostsexperiencesimilar or identicalthroughputperformancewithin
atimeperiodmeasuredin minutes[25,7,31]. Suchlevel of stability
suggestssharingperformanceinformationbothtemporarilyandspa-

tially (acrossmany co-locatedhosts)canhelpto moreaccuratelyde-
terminenetwork performance,in particular, aconnection's fair share
of network resources( �N) ).

5. TCP/SPAND: SYSTEM DESIGN AND IM­
PLEMENTATION

In this section, we present the design and implementationof
TCP/SPAND, a systemthatallows applicationslike Webserversor
FTP serversto effectively avoid the slow startpenaltyby applying
thetheorywedevelopin

�

4. Ourdesignonly involvesmodi�cations
to theserver side. All theclient applicationscanbeleft untouched.
This makesTCP/SPAND incrementallydeployablein today's Inter-
net.

5.1 SystemArchitecture
Our designof TCP/SPAND, similar to SPAND [31, 30], usesa per-
formancegateway that monitorsall traf�c enteringand leaving an
organization's network. For eachdestinationnetwork, the gateway
gathersnetwork performanceinformation from all the active TCP
�o ws to thatdestination.It thenaggregatessuchinformationto esti-
matethecurrentnetwork state.

The gateway needsto track two typesof performanceinformation,
whicharedescribedbelow:

(

�
) , which re�ects the network resourcesavailableto a TCP

�o w. It is requiredfor choosingthe optimal initial ������� as
shown in

�

4. �
) canbe estimatedasonesegmentsmaller

thanthe currentcongestionwindow sizewhena TCP sender
detectsa lossduring congestionavoidance.For a shortdata
transfer, it is possiblethat entire transfercompleteswithout
experiencingany loss.In thiscase,its �N) canbeestimatedas
thecongestionwindow sizewhentheconnectionterminates.

( The roundtrip time (RTT) information. It is usedto deter-
mine the initial rate for smoothlysendingout the packets in
theinitial congestionwindow, which we will discussin detail
in

�

5.2.5. It is also useful for determiningthe initial TCP
timeoutvalue.

At connectionstartup or uponrestartafteranidle period,theappli-
cationsittingontopof aTCPsender(e.g.,aWebserver)extractsthe
currentestimationof �

) and •'e6e fromtheperformancegateway. It
thencomputes�&�'���

#�$�% asdescribedin
�

4basedonsuchestimation,
aswell asthe transfersize,which is locally available. It thenuses
a setsockopt systemcall to initialize theparameterssuchasthe

������� and ���	
�
 for theunderlyingTCPsender. Insteadof doingslow
start,theTCPsenderdirectlyenterscongestionavoidance.(Thiscan
beachievedby setting ����

���s����� to beno morethan ������� ). Mean-
while, the TCP senderusesa pacingschemeto smoothlysendout
thepacketsin the initial window. Onceall thepacketsin the initial
window have beenpacedout, it switchesbackto thebehavior of the
standardTCP.

5.2 Implementation Issues
Thereareanumberof questionsweneedto answerin orderto actu-
ally implementTCP/SPAND:

( What is the right scopefor informationsharingandaggrega-
tion?Thatis,amongwhichTCP�o wsshouldtheperformance
informationbesharedandaggregated?

( How doestheperformancegatewaycollectperformanceinfor-
mationfor activeTCP�o ws?

( After collectingtheperformanceinformation,whatalgorithms
shouldthe performancegateway useto aggregatethe perfor-
manceinformationandestimatethecurrentnetwork state?



( How cantheapplicationssittingontopof TCPextractthecur-
rent estimationof � ) and •'e6e from the performancegate-
way?

( WhatpacingschemeshouldtheTCPsendersuseto sendout
packets in the initial congestionwindow? How can sucha
schemebeimplemented?

In the remainderof this section,we discussthe potentialsolutions
aswell asdifferentimplementationstrategiesfor theseproblemsin
turn.

5.2.1 Determiningthe Scopefor Sharingand Aggre­
gation

The�rst problemwediscussis how to determinetheright scopefor
informationsharingandaggregation.Ideally, wewould like to share
performanceinformationamong�o wsthatsharethesamebottleneck
routerat thesametime. Unfortunately, in thecurrentInternetarchi-
tecture,it is verydif�cult to determinewhichnetwork �o wssharethe
samebottleneck,becausethereis no easyway to determinewherea
packet wasdropped.

To getaroundsuchdif�culty , we decideto useconservative approx-
imationsbasedon thedestinationIP address.Two possibleapproxi-
mationshave beenproposedin [30]: Thehostlocality, thatis, �o ws
thatsharethecommondestinationIP address;andthenetworklocal-
ity, thatis, �o wsthatsharethesamedestinationnetwork. Wechoose
to usethelatter, whichallowsmoresharing.

Note that it is somewhat dif�cult to determinethe network address
from anIP addressbecausethe lengthof thenetwork partcanvary.
We usea simpleheuristicwhich assumesthat IP addressessharing
themostsigni�cant 24bitsbelongto thesamenetwork [30].

Below we evaluatetheaccuracy of the24-bit heuristicusingaccess
logsrecordedatMSNBCnewssite[23], oneof thebusiestWebsites
in theInternettoday. Our tracesarefrom busyhours(from 9:00am
to noon)on threeconsecutive weekdays(from Tuesday, August03
1999to Wednesday, August05 1999). They consistof 10,688,728
HTTPrequeststoMSNBC,with requestsfor inline imagesexcluded.

For eachclient IP address,we usereverseDNS lookup to resolve
its hostname,and take the last two segmentsof the hostnameas
its domain name. We then report how often client IP addresses
sharingthemostsigni�cant 24 bits getresolvedto differentdomain
names.Altogetherthereare656,559IP addressesin theaccesslogs,
amongwhich475,803(72.48%)canbesuccessfullyresolvedto host
namesvia reverseDNSlookup.Of those475,803IP addresses,there
are106,669distinct24-bit subnetaddresses,andonly 6715(6.3%)
subnetaddressescontainIP addressesthat areresolved to different
domainnames.This demonstratesthe high accuracy of the 24-bit
heuristic.

5.2.2 CollectingPerformanceInformation
Thesecondimportantproblemis how theperformancegateway col-
lectsperformanceinformationfrom activeTCP�o ws.Therearesev-
eralpossibleimplementationstrategiesfor thisproblem.

First, the TCP senderscan recordthe performanceinformationas
socket statevariables. The applicationsitting on top of TCP can
periodicallyget suchinformationusing the getsockopt system
call andthenreportto theperformancegatewayby sendingaspecial
performancereportpacket. This is similar to the approachusedin
theoriginalSPAND system.

Alternatively, it is possibleto modify TCPsothataTCPsenderpig-
gybacksthe performanceinformation in its normal outbounddata
packetsby introducinga new TCP option. Whenthe performance
gateway capturessuchpackets,it canextracttheperformanceinfor-
mationit needs.The TCP receiverscansimply ignorethis option.
Thebandwidthandprocessingoverheadfor thenew TCPoption is
unlikely to causeaperformanceconcernbecausetheperformancein-
formationdoesn't have to bereportedvery frequently. However, the
TCP sendersmay needto negotiatethe option in advancein order
to interoperatewith existing implementationof TCPreceivers[17].
A similarapproachfor piggybackingtheperformanceinformationis
to stealbits from normalIP headers[33]. This approachdoesn't re-
quireany TCPoptionnegotiationandcanbeimplementedwith only
sendersidemodi�cations.

As a third alternative, the performancegateway itself caninfer the
performanceinformationby passively monitoringall the traf�c en-
teringandleaving theorganization's network andthenreconstruct-
ing theTCPprotocolstate.This is similar to [22]. Comparedto the
�rst two approaches,thepassive approachhasthe advantagethat it
doesn't consumeany extrabandwidthanddoesn't requireany modi-
�cation to thesender's protocolstack.

5.2.3 InformationAggregation
After collectingtheperformanceinformation,theperformancegate-
way needsto aggregatesuchinformationto accuratelyestimatethe
currentnetwork state.

Currently, weuseaverysimpleslidingwindow averagingalgorithm
toaggregatetheperformanceinformation.Morespeci�cally, theper-
formancegateway keepsaslidingwindow of

E

minutesin duration.
It usestheaverageof all valuesin thepast

E

minutesastheestima-
tion for current�

) and •'e6e .

In casethereis not enoughperformanceinformationin the sliding
window, theperformancegateway simply informs theTCPsenders
to do slow start. As partof our futureresearch,we areinterestedin
exploringthepossibilityof exponentiallydecayingtheestimationfor

�*) in thiscase.

The only control parameterin our algorithm is
E

, the size of the
sliding window. The choiceof

E

involvessometradeoffs: On one
hand,we want

E

to be as large as possiblein order to maximize
sharing;ontheotherhand,alarge

E

meanstheperformancegateway
needsto keepa large amountof state;in addition,the choiceof

E

needsto matchthelevel of stability reportedin theliterature.

Currently, we set
E

to 5 minutes.It clearlymatchesthelevel of sta-
bility reportedin [25, 7, 31], which is a few minutes.Below we use
MSNBC tracesto demonstratethat a 5-minutesliding window can
achievesigni�cant sharingwhile only requiringmoderateamountof
statekeptby theperformancegateway.

Figure6 shows thecumulative distribution of thetime betweentwo
consecutive requestsfrom thesameclient network. (We usethe24-
bit heuristicdescribedearlier to determinethe client network ad-
dress.) As we can see,around90% of the time, the time elapse
betweentwo consecutive requestsfrom the sameclient network is
below 5 minutes.Thissuggeststhatwith a5-minuteslidingwindow,
mostWebtransfersareableto bene�t from thecongestioninforma-
tion accumulatedby theprevioustransfers.

We alsoassessthe amountof statethe performancegateway needs
to keep.Sincetheperformancegatewaykeepsstatefor eachdestina-
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Figure6: Cumulative distributionof thetime betweentwo consecu-
tive requestsfrom thesamenetwork. The24-bit heuristicis usedto
determinethenetwork addressfrom anIP address.

tion network, thetotalamountof requiredstateis proportionalto the
numberof differentdestinationnetworksshowing up in a 5-minute
interval. For eachrequestin theMSNBC traces,we countthenum-
berof differentclient networksappearedin thenext 5 minutes.We
thenplot the cumulative distribution for all thesenumbersin Fig-
ure 7. From the �gure it is evident that the performancegateway
only needsto keepstatefor 15,000to 25,000differentdestination
networks even during busiestperiods,which canbe easilyhandled
by moderncomputers.
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5.2.4 RetrievingCurrentEstimationof NetworkState
Thereareat leasttwo possiblewaysfor the applicationto retrieve
thecurrentestimationof �

) and •'e6e :

First,similarto SPAND, theapplicationcanexplicitly queryfor such
informationby sendinga specialperformanceinquiry packet to the
performancegateway.

Alternatively, whentheperformancegateway infersthatsomeappli-
cationneedsthecurrentestimationof �

) and •'e6e , it canactively
pushsuchinformationto thehostonwhich theapplicationruns.

Thereareseveral simpleheuristicsthat canbe usedby the perfor-
mancegateway to determineif anapplicationneedssuchestimation.
For example,whentheperformancegateway capturesan incoming
�le transferrequest(e.g. an HTTP GET request),or even simpler,
whenit capturesaninboundpacket for anew TCPconnection,or for
a connectionthat hasbeenidle for a while, it cansafelyinfer that
thecorrespondingTCP�o w needstheestimation.Theseheuristics
canbeimplementedveryeasily, especiallywhenthegatewayalready

usestheWindmill approach[22] to collectperformanceinformation
throughpassive monitoringandprotocolreconstruction.

5.2.5 Pacing
Lastly, wediscusspacing.In TCP/SPAND, theTCPsendersdon't go
throughtheslow startprocedureafterinitializing its ������� . However,
the ������� #
$�% derived in

�

4 canbepotentiallylarge. Sendingout all
thepacketsin the initial congestionwindow backto backis clearly
unacceptablebecauseit canresult in a large burst over�owing the
network bottleneckbuffer.

A naturalsolution to this problemis to have the TCP senderuse
a pacingschemeto smoothlysendout all the packets in the initial
window. Onceall packetsin the initial window have beensent,the
sendercanswitchbackto thebehavior of thestandardTCP.

Thereareseveralpacingschemesproposedin the literature [8, 27,
35]. Hereweintroduceanalternativeschemebasedonleaky-bucket.
In thisscheme,aTCPsenderusesa leaky bucket (morespeci�cally,
a tokenbucket) to shapeits outgoingtraf�c. Whenthesenderhasa
packet to send,it �rst checksthetokenbucket. If therearesuf�cient
tokens,thepacket is sentimmediately;otherwise,it is delayedusing
a �ne-grainedtimer until thereareenoughtokens.Thedepthof the
token bucket canbe con�gured to limit themaximumburstinessof
theoutgoingtraf�c. It is setto 4 segmentsin our simulations.The
token�lling rateis setto )�ƒ…„�†

g
—

%˜%

sothattheaveragesendingrateis no
morethan �&�'��� packetsperroundtrip.

In order to implementthe leady-bucket basedpacingscheme,we
needa �ne-grainedtimer to rescheduleasegmentfor latertransmis-
sion in casethereare no suf�cient tokens. Meanwhile,sincethe
token �lling rate is inverselyproportionalto ���	
�
 , we needa rela-
tively accurateestimationof •'e6e , which cannot beachievedwith
the200msor 500mstimer granularityin thestandardTCP. In our
simulations,we usea 50 ms timer. If the TCP 


x

t™����
���t•š option
is available,it canbe usedto further improve the accuracy of RTT
estimation.

Thereis evidenceto suggestthat the overheadof software timers
is not likely to be signi�cant with modernprocessortechnologies.
( [12] reportsanoverheadof theorderof afew microseconds.)More-
over, thetimeroverheadis unlikely to beasigni�cant additionto the
costof takinginterruptsandprocessingACK's thatgoeswith ACK
clocking[27].

5.3 Implementation Status
Currently, we have implementedTCP/SPAND in the ns network
simulator[24]. Our implementationis basedon TCPNewReno[16,
11], a variantof TCPthatusespartial new ACK informationto re-
cover from multiplepacket lossesin a window at therateof oneper
RTT. As describedabove, theperformancegateway usesa 5-minute
sliding window to aggregatetheperformanceinformation.For sim-
plicity, weassumethatthecommunicationbetweentheperformance
gatewayandtheotherhostsin theorganization'snetwork is instanta-
neous.This is reasonable,becausecomparedto thelargedelayfor a
WAN connection,thecommunicationlatency in aLAN environment
is negligible.

6. SIMULA TION RESULTS
In thissection,we useextensive simulationsin thens network sim-
ulatorto studytheperformanceof TCP/SPAND. We�rst discussour
simulationtopologyandexperimentmethodology, andthenpresent
detailedresultsfor varioussimulationscenarios.



6.1 Simulation Topology
In our simulations,we usesingle-bottlenecktopologiesto uncover
and illuminate the important issues,and more realistic multiple-
bottlenecktopologiesto evaluatethe performanceof TCP/SPAND
in real-worldscenarios.

The single-bottlenecktopologyis shown in Figure8. Oneor more
burstyconnectionsareestablishedbetweenasubsetof thesourceson
the left andsinkson theright. Thebottleneckbuffer is 10 KB. The
bottleneckrouterusesFIFOschedulinganddrop-tailbuffer manage-
ment. All non-bottlenecklinks have 10 Mbps capacityand 1 ms
one-way propagationdelay. We considerthreescenariosshown in
Table1.

Source 1

Source 2

Source n

Dest 1

Dest 2

Dest n

Bottleneck Link

Router S Router D

10 Mbps, 1ms

Figure8: Single-bottlenecktopology. Bottleneckbuffer is 10 KB.
Thesettingsfor bottlenecklink aresummarizedin Table1.

The multiple-bottlenecktopologyis illustratedin Figure9. In this
topology, a setof › user�o ws traversea congestednetwork path
that consistsof œ hops. Crosstraf�c is generatedat eachinter-
mediaterouter •

v (
x

+•7�a&2�a�ž�ž�žŸa?œ ) from � cross-traf�c sources.
Eachrouterhas10 KB buffer andusesFIFO schedulinganddrop-
tail buffer management.All links otherthanthosebetweenadjacent
routershave10Mbpscapacityand1 msone-way propagationdelay.
As for thelinks betweenadjacentrouters,weconsidertwo scenarios
summarizedin Table2, whichroughlycorrespondto Scenario1 and
2 for thesingle-bottlenecktopology. (Notethattheaggregatedbuffer
sizeis largerin themultiple-bottleneckscenario.)
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Cross-Traffic

Sources
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Cross-Traffic
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User Flow
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M
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Figure9: Themultiple-bottlenecktopology. Bottleneckbuffer is 10
KB. Thesettingsfor bottlenecklink aresummarizedin Table2.

For theinterestof brevity, weonly includetheresultsfor Scenario1
andScenario4 in this paper. Interestedreaderscanrefer to [37] for
resultsof theotherscenarios.In general,theperformancegainusing
TCP/SPAND is higherwheneachconnectionshareof �

) is large.
In otherwords,TCP/SPAND yieldsevenhigherperformancebene�t
for thescenariosomittedhere.

6.2 Experiment Methodology
Wesetupourexperimentsin thefollowing way to mimic thebehav-
ior of Webtransfers:Eachexperimentconsistsof 40 rounds.In each
roundevery sendertransfersone�le with starttime uniformly dis-

tributedarounda centralpoint by a time interval (denotedasjitter).
Betweeneachroundthereis 120secondsof idle time.

Weusetheaveragecompletiontimeof all �le transfersin anexperi-
mentasour performancemetric. For eachsimulationcon�guration,
we reportthemeanof 10 runsof anexperiment.We alsolookedat
the variation,but sinceit is very small comparedto the mean,we
don't reportit here.

We comparethe performanceof TCP/SPAND with the following
four variantsof TCP's:

( Renowith slow startrestart(reno-ssr):TCP/Renowhich en-
forcesslow startwhenrestartingdata�o w afteranidle period.

( Renowithout slow startrestart(reno-nssr):TCP/Renowhich
reusesthe prior congestionwindow upon restartingafter an
idle period(This is theschemeusedin SunOS.).

( NewReno with slow start restart (newreno-ssr):
TCP/NewRenowith restartbehavior similar to reno-ssr.

( NewReno without slow start restart (newreno-nssr):
TCP/NewRenowith restartbehavior similar to reno-nssr.

The maximumwindow sizeof all TCP connectionsin our simula-
tionsis setto 100KB. TheTCPsegmentsizeis setto 1 KB. More-
over, in orderto remove theperformancedifferencedueto different
timer granularities,all TCP �a vors usethe sametimer granularity
of 50 ms unlessotherwisespeci�ed. Finally, just like in [26, 27],
all the TCP protocolsin our experimentuseone-way connections
insteadof two-way connections.That is, TCPclassesderived from
TcpAgent areusedinsteadof thosederivedfromFullTcpAgent
in the ns simulator. Consequently, thereis no overheadof 3-way
handshakingat connectionsetup. We believe removing suchcon-
nectionsetupoverheadis necessaryfor us to betterunderstandthe
performanceimpactof theslow startprocedure,which is themajor
focus of TCP/SPAND. Avoiding connectionsetupoverheadis or-
thogonalto avoiding slow start penaltyand hasalreadybeenwell
studiedin the literature. For example,P-HTTP[29] caneffectively
amortizesuchoverheadacrossmultiple transfers.

6.3 Performance Evaluation on the Single­
BottleneckTopology

In this section,we evaluatetheperformanceof TCP/SPAND on the
single-bottlenecktopologyillustratedin Figure8. We examinethe
multiple-bottlenecktopologiesin thefollowing section.

6.3.1 Performanceevaluation with many concurrent
webtransfers

6.3.1.1 Varying thenumberof competingconnections
First, we compareperformanceas the numberof competingTCP
connectionsvariesfrom 1 to 30 while transfersizeis keptat30 KB,
which is the averageWeb transfersize [21]. Five telnet sessions
competewith the main �o ws to help avoid deterministicbehavior.
Theinter-arrival timesfor telnetsessionsaredrawn from the“tcplib”
distributionasimplementedin ns .

Figure10showstheresultsfor Scenario1 in Table1. Asshown in the
�gure, TCP/SPAND leadsto signi�cant reductionin averagecom-
pletiontime.Comparedwith reno-ssrandnewreno-ssr, TCP/SPAND
reduceslatency by more than 50% in most cases,which meansa
100%improvementin averagedatarate.Comparedto reno-nssrand
newreno-nssr, thecompletiontime reductionis smallerbut still sig-
ni�cant, over20%in mostcases.Noticethatreno-nssrandnewreno-
nssrarewell-known to be overly aggressive but still performcon-
siderablyworsethanTCP/SPAND. Therearetwo majorreasonsfor



Scenario Bandwidth Link Delay Descriptions
1 1.6Mbps 50ms typical terrestrialWAN links with closeto T1 speed
2 1.6Mbps 200ms typicalgeostationarysatellitelinks with closeto T1 speed
3 45Mbps 200ms typicalgeostationarysatellitelinks with T3 speed

Table1: Differentsimulationscenariosfor thesingle-bottlenecktopology

Scenario Bandwidth Link Delay Descriptions
4 1.6Mbps 50/(œ 5]7 ) ms roundtriptime(RTT) similar to Scenario1
5 1.6Mbps 200/(œ_517 ) ms roundtriptime(RTT) similar to Scenario2

Table2: Differentsimulationscenariosfor themultiple-bottlenecktopology. œ•yu2 is thenumberof hops.

this: �rst, directly reusingprevious ������� is not optimal; second,
sendingall thepacketsin initial window atonceis usuallytoobursty
andcancausemorelossesthanTCP/SPAND.
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Figure10: Performancecomparisonfor differentnumberof connec-
tions. Bottlenecklink hassettingof Scenario1 (de�ned in Table1).
In eachround, �le transfersstartwithin 10 seconds(i.e. jitter=10
sec).5 telnetsessionsareusedto avoid deterministicbehavior.

6.3.1.2 Varying thetransfersize
Now we compareperformanceasthetransfersizevaries.As shown
in Figure11,TCP/SPAND reducesthecompletiontime over a wide
rangeof transfersizes. In percentageterms,the improvementde-
creasesasthetransfersizeincreases.This is whatwe wouldexpect,
becauseavoidingtheslow startpenaltyhasamuchbiggerimpacton
smalltransfersthanon largerones.

0

0.5

1

1.5

2

2.5

3

3.5

0 20 40 60 80 100 120 140 160 180 200

A
ve

ra
ge

 C
om

pl
et

io
n 

T
im

e 
(s

ec
on

d)

File Size (packet)

Scenario 1 with 6 competing TCP connections

spand
reno-nssr
reno-ssr
newreno-nssr
newreno-ssr

Figure11: Performancecomparisonfor different transfersizes. 6
TCP connectionscompetesfor the bottlenecklink with settingof
Scenario1 (de�ned in Table1). In eachround, �le transfersstart
within 10 seconds(i.e. jitter=10 sec). 5 telnetsessionsareusedto
avoid deterministicbehavior.

6.3.2 Performance evaluation with ON/OFF UDP
�ows ascrosstraf�c

It hasbeenreportedin [28] that WWW-relatedtraf�c tendsto be
self-similar in nature. In [36], it is shown that self-similar traf-
�c may be createdby usingseveral ON/OFFUDP sourceswhose
ON/OFFtimesaredrawn from heavy-taileddistributionssuchasthe
Paretodistribution. So in this section,we evaluatetheperformance
of TCP/SPAND with ON/OFFUDP�o wsascrosstraf�c.

As before(in
�

6.3.1), we �rst evaluateperformanceas the num-
ber of competingconnectionsvarieswhile the transfersize is still
kept at 30KB. The simulationresultsare illustratedin Figure 12.
TCP/SPAND reduceslatency by 35% to 65%comparedwith reno-
ssrandnewreno-ssr, which meansa 60% to 200%improvementin
averagedatarate. Comparedwith reno-nssrandnewreno-nssr, the
latency reductionis around25%to 50%.
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Figure12: Performancecomparisonfor differentnumberof connec-
tions with 40 ON/OFF UDP �o ws as crosstraf�c. The ON/OFF
timesof the UDP sourcesaredrawn from Paretodistributionswith
the “shape”parametersset to 1.2. The meanON time is 1 second
andthemeanOFFtime is 2 seconds.During ON times,thesources
transmitwith a rateof 12 Kbps. In both (a) and(b), the jitter for
transferstarttime in eachroundis 10seconds.

Figure13 shows the resultof varying the transfersizeandkeeping
the numberof connectionsconstant.Again, TCP/SPAND reduces
completiontimeover awiderangeof transfersizes.

6.4 Performance Evaluation on the Multiple­
BottleneckTopology

In this section,we evaluatethe performanceof TCP/SPAND when
the underlyingnetwork path is heavily congestedandhasmultiple
bottlenecks.

Weusethemultiple-bottlenecktopologyillustratedin Figure9. The
numberof hops( œ ) is �x ed to 5. At eachintermediaterouter •

v
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UDPascrosstraf�c. Settingsarethesameasin Figure12.

(
x

+¡7sa?2�ac¢ba
£ ), thecrosstraf�c is generatedfrom � +¤£4` ON/OFF
UDP connections.Justlike in

�

6.3.2,theON/OFFtimeof theUDP
sourcesaredrawn from Paretodistributionswith the“shape”param-
eterssetto 1.2. ThemeanON time is 1 secondandthemeanOFF
time is 2 seconds.

6.4.1 Performance evaluation with 12 Kbps UDP
Sources

We�rst evaluateperformancewheneachON/OFFUDPsourcegen-
eratescrosstraf�c ata rateof 12 KbpsduringON time,which is the
sameasfor thesingle-bottleneckcasein

�

6.3.2.

As before,we �rst keep the transfersize at 30 KB and vary the
number of competingconnections. As illustrated in Figure 14,
TCP/SPAND leadsto signi�cant reductionin completiontime: 30%
to 65% over reno-ssrandnewreno-ssr, 25% to 55% over reno-nssr
andnewreno-nssr. Suchperformanceimprovementis comparableto
thesingle-bottleneckcaseshown in Figure12.
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Figure14: Performancecomparisonfor differentnumberof connec-
tions with 12 Kbps ON/OFFUDP �o ws ascrosstraf�c. The jitter
for transferstarttime in eachroundis 10 seconds.

We then�x thenumberof competingconnectionsto 6 andvary the
transfersize. It is evident from Figure15 that TCP/SPAND again
achievessigni�cant performanceimprovementsimilar to thesingle-
bottleneckcaseshown in Figure13.

6.4.2 Performance evaluation with 48 Kbps UDP
Sources
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Figure15: Performancecomparisonfor differenttransfersizeswith
12 KbpsON/OFFUDP �o ws ascrosstraf�c. Settingsarethesame
asin Figure14.

To furtherinvestigatetheperformanceof TCP/SPAND underheavy
congestion,we increasethesendingrateof theUDP sourcesduring
ON time to 48 Kbps andredoall the experiments.The simulation
resultsaresummarizedin Figure 16andFigure17.

From the signi�cant increasein the completiontime, it is evident
that theunderlyingnetwork pathis highly congested.But evenun-
der suchheavy congestion,TCP/SPAND consistentlyout-performs
the other TCP �a vors. Of course,the performanceimprovement
decreases.This is not surprising,becausethe impactof the initial
congestionwindow becomeslesssigni�cant asthenetwork becomes
highly congested.
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Figure16: Performancecomparisonfor differentnumberof connec-
tions with 48 Kbps ON/OFFUDP �o ws ascrosstraf�c. The jitter
for transferstarttime in eachroundis 10 seconds.

6.5 TCP Friendliness
In this section,we demonstratethe performanceimprovementof
TCP/SPAND doesnot comeat the expenseof degradingthe per-
formanceof theconnectionsusingthestandardTCP. In otherwords,
TCP/SPAND is TCPfriendly.

We show this by consideringa mixture of TCP's on the single-
bottlenecktopology. Onehalf of theconnectionsuseTCP/SPAND,
while anequalnumberusereno-ssr, oneof theleastaggressive TCP
schemes.Wethencomparetheirperformancewith thecasein which
all connectionsusereno-ssr. The jitter for transferstarttime during
eachround is set to 0.1 secondto createmaximumcontentionfor
thebottleneckbandwidth.Again 5 telnetsessionsareintroducedto
avoid deterministicbehavior.
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Figure17: Performancecomparisonfor differenttransfersizeswith
48 KbpsON/OFFUDP �o ws ascrosstraf�c. Settingsarethesame
asin Figure16.

First,weuse50 mstimergranularityfor reno-ssr, which is thesame
asTCP/SPAND. Figure18summarizesthesimulationresults,where
thebottlenecklink is T1 link with latency of 50ms(Scenario1), and
thetransfersizeis keptateither30 KB.

Fromthe�gure it is evident that theperformanceof reno-ssr, when
mixedwith TCP/SPAND, is virtually thesameaswhenall connec-
tionsusereno-ssr. This demonstratesTCP/SPAND is TCP-friendly
evenunderheavy contention.

Also worth mentioningis that TCP/SPAND performsalmost the
sameasreno-ssr. This is becausethe jitter is only 0.1 second. In
suchcase,eachconnection's shareof �*) is very smalldueto heavy
contention.Consequently, theoptimal initial ������� is very closeto
1, whichmakesTCP/SPAND behave almostthesameasreno-ssr.

0

0.5

1

1.5

2

2.5

3

3.5

4

4.5

0 5 10 15 20 25 30

A
ve

ra
ge

 C
om

pl
et

io
n 

T
im

e 
(s

ec
on

d)

Number of Connections

Scenario 1 (transfer size=30KB)

spand (mixed)
reno-ssr (mixed)
reno-ssr (all)

Figure 18: TCP friendliness. 5 telnet sessionsare usedas back-
groundtraf�c. Transferstart time in eachroundhasa jitter of 0.1
sec.Transfersizeis either30 KB or 100KB. Thetimer granularity
for bothreno-ssrandTCP/SPAND is 50 ms.

We also use200mstimer granularity for reno-ssrto evaluatethe
TCP-friendlinessof TCP/SPAND. Theresultsareillustratedin Fig-
ure 19. We canseefrom the �gure that TCP/SPAND signi�cantly
outperformsreno-ssr. Meanwhile,reno-ssrexperiencesalmostno
performancedegradationin presenceof TCP/SPAND.

6.6 Summary of Simulation Results
To summarize,in thissectionweuseextensive simulationsto evalu-
atetheperformanceof TCP/SPAND. TCP/SPAND consistentlyout-
performsreno-ssr, newreno-ssr, reno-nssr, andnewreno-nssrin all
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Figure19: TCP friendliness. The con�guration is the sameas in
Figure18 exceptthatreno-ssruses200mstimer granularityinstead
of 50ms.TCP/SPAND still uses50mstimergranularity.

simulationscenarios,evenin presenceof multipleheavily congested
links. The performancebene�t is greatestwheneachconnection's
shareof �*) is large. In suchcases,TCP/SPAND canreducelatency
by 35%to 65%comparedwith reno-ssrandnewreno-ssr;or by 20%
to50%comparedwith reno-nssrandnewreno-nssr. Meanwhile,such
signi�cant performanceimprovementdoesnot comeat the costof
degradingunenhancedTCPconnections.Wehavedemonstratedthat
TCP/SPAND is TCP-friendlyevenunderheavy contention.

Therearethreemajorfactorsthatcontributeto thegoodperformance
of TCP/SPAND. First, by sharingandaggregatingperformancein-
formationamongmany co-locatedhosts,thesendercanhaveaquite
accurateestimationof currentnetwork conditions.Second,theinitial

������� usedby TCP/SPAND is chosenbasedon our theoreticalanal-
ysisfor optimalinitial �&�'��� . We alsoemploy theshift optimization
(describedin

�

4) to make suchchoiceconservative andinsensitive
to theaccuracy of theestimationof currentnetwork characteristics.
In this way, TCP/SPAND canutilize availablebandwidthef�ciently
andsafelywheneachconnection's shareof �*) is large. Whenthe
network is heavily loaded,TCP/SPAND tendsto be conservative.
Particularly, when eachconnection's shareof �N) is lessthan 4K
bytes,the choiceof initial ������� in TCP/SPAND is more conser-
vative thanwhat is proposedin RFC 2414[2]. Finally, by usinga
pacingschemeto sendout packetsin theinitial congestionwindow,
TCP/SPAND effectively reducestheburstinessof TCPuponstart-up
andrestart.

7. CONCLUSIONS AND FUTURE WORK
In thispaper, we investigatethepossibilityof speedingupshortdata
transfersby effectively avoiding the slow startpenalty. By analyz-
ing the TCP start-updynamics,we derive the optimal initial con-
gestionwindow ( �&�'����#
$�% ) as a function of the transfersize and
a connection's shareof network resources( �N) ). We thenpropose
anincrementallydeployablearchitecturecalledTCP/SPAND, which
accuratelyestimatesa connection's fair shareof network resources
by sharingperformanceinformationamonga large numberof co-
locatedhosts.Basedonsuchestimationandthetransfersize,aTCP
sendercan further computethe optimal initial congestionwindow
size. Insteadof doingslow start,it directlyenterscongestionavoid-
anceandusesa pacingschemeto smoothlysendout thepacketsin
its initial congestionwindow. We thendo extensive simulationsus-
ing ns simulatorto evaluatetheperformanceof theresultingsystem.
Our resultsshow thatTCP/SPAND signi�cantly reduceslatency for
short transferseven in presenceof multiple heavily congestedbot-



tlenecks.Meanwhile,theperformancebene�t doesnot comeat the
expenseof degradingtheperformanceof connectionsusingthestan-
dardTCP.

Therearea numberof directionsthatwe want to furtherexplore in
the future. First of all, we plan to implementTCP/SPAND in real
systemsandevaluateits performancethroughInternetexperiments.
Secondly, wewantto betterunderstandtheimpactof pacingonTCP
performance,especiallyfor shortTCP�o ws. We arealsointerested
in developing effective techniquesfor determiningwhich network
�o ws sharea bottleneck.Finally, we planto investigatebetteralgo-
rithmsfor informationaggregation.
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