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Abstract— Packet buffers in router/switch interfaces constitute
a central elementof packet networks. The appropriate sizing of
thesebuffers is an important and openreseach problem. Much
of the previous work on buffer sizing modeled the trafc as an
exogenougrocessi.e.,independentof the network state,ignoring
the fact that the offered load from TCP o ws dependson delays
and lossesin the network. In TCP-aware work, the objective
has often been to maximize the utilization of the link, without
considering the resulting loss rate. Also, previous TCP-aware
buffer sizing schemesdid not distinguish between o ws that are
bottlenecked at the given link and o ws that are bottlenecked
elsewhee, or that are limited by their sizeor advertised window.

In this work, we derive the minimum buffer requirement for
a Drop-Tail link, given constraints on the minimum utilization,
maximum loss rate, and maximum queueing delay, when it
is feasible to achieve all three constraints. Our results are
applicable when most of the traf ¢ (80-90%) at the given link is
generatedby large TCP o ws that are bottlenecked at that link.
For heterogeneous o ws, we show that the buffer requirement
dependson the harmonic mean of their round-trip times, and on
the degree of loss synchronization. To limit the maximum loss
rate, the buffer should be proportional to the number of ows
that are bottlenecked at that link, when that number exceedsa
certain threshold. The maximum queueing delay constraint, on
the other hand, provides a simple upper bound on the buffer
requirement. We also describe how to estimate the parameters
of our buffer sizing formula from packet and losstraces, evaluate
the proposedmodel with simulations, and compare it with two
other buffer provisioning schemes.

Keywords: TCP, congestiorcontrol, queueandbuffer manage-
ment, routersand paclet switches.

I. INTRODUCTION

The paclet buffers of router or switch interfaces(“links”)
are an essentialcomponentof paclet networks. They absorb
the rate variationsof incomingtrafc, delayingpacletswhen
thereis contentionfor the sameoutput link. In general,in-
creasinghe buffer spaceat a routerinterfacetendsto increase
the link utilization and decreasethe loss rate, but it also
tendsto increaseghe maximumqueueingdelay Consequently
a simple but fundamentalquestionis: what is the minimum
buffer requirrmentof a networklink given certain constaints
on the minimumutilization, maximunlossrate, and maximum
gueueingdelay?

Perhapssurprisingly the answerto this questionis still
not well understoodand several different answersare often
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quoted. Typically, a router or switch interface will be con-
gured at the time of its purchasewith a certainamountof
buffering. A major vendorrecommendshat a routerinterface
should have 500ms worth of buffering, implying that the
buffer requirementis proportional to the capacity of the
correspondingdink. But why is this theright answeyandif so,
why is 500mstheright delay?A commonrule of thumbis that
thebuffer requirements equalto thebandwidth-delayroduct,
in which the bandwidthterm is the capacityof the link, and
the delay term correspondgo the Round-Tip Time (RTT) of
a TCP connectionthat may saturatethat link. However, what
if the link is loadedwith several TCP ows? What if their
RTTs aredifferent?And how do differenttypesof ows (e.g.,
large versussmall) affect the requiredbuffer size?

The buffer sizing problem would be tractableif we had
an accuratemodel to characterizelnternet trafc. In that
case,it might be possibleto calculatethe buffer requirement,
given certain performanceobjectives, basedon an analytical
or numericalevaluationof the correspondingjueueingsystem.
Signi cant advanceshave beenmadein that direction, espe-
cially in the context of QoS provisioning; we refer the reader
to [1], [2] and to the referencestherein. Such approaches,
however, face two major problems.First, an accurateand
parsimonioudraf c modelthatwould bevalid for ary Internet
link is still to be found, while the accurateparameterization
of such modelsis often an even harder process.Second,
moreimportantly the previousapproachs intrinsically “open-
loop”, meaningthat the trafc that is appliedto a queueis
an exogenousprocessthat doesnot dependon the stateof the
network. Clearlythatis notthe casewith Internettraf ¢, given
that TCP o ws, which accountfor almost90% of Internet
trafc, reactto paclet lossesand RTT variations.A closed-
loop approach,on the other hand, would couple the trafc
sourceswith the amountof buffering andthe resultingdelays
and lossesin the network, adjustingthe throughputof the
former basedon how TCP behaes.

A well cited paperin the areaof buffer sizing for TCP
trafc is the work by Villamizar and Song [3]. That is an
early experimentalstudy performedat a WAN testbed,that
measuredhe link utilization and the throughputof end-to-
endbulk TCP transferswith differentbuffer con gurations.A
recommendatiorgiven by [3] is that the buffer spaceshould
be at leastequalto the bandwidth-delayproductof the link,
where the “delay” term refersto the RTT of a single TCP
o w that attemptsto saturatethat link. No recommendations



aregiven,however, for the morerealisticcaseof multiple TCP
o ws with differentRTTs.

Quite recently Appenzelleret al. [4] concludedthat the
buffer requirementat a link decreasewith the squareroot
of the numberN of TCP ows that are active at that link.
Accordingto their analysis the buffer requiremento achiese
almost100% utilization is

B = —CpTa_ﬂ (1)
N

referredto asthe “Stanford schemehenceforth Note that for
N =1, this is the rule of thumbin [3]. The key insight behind
the Stanfordschemeis that, when the numberof competing
owsis sufciently large,they canbe consideredndependent
and non-synchronizedand so the standarddeviation of the
aggreyateofferedload (andof the queueoccupang) decreases
with the squareroot of N. An important point about the
Stanfordmodelis thatit aimsto keepthe utilization closeto
100%, without consideringthe resultingloss rate. We believe
that the loss rate is a crucial performancemetric in TCP/IP
networks, and that buffer sizing shouldaim to keepthe loss
rate boundedto a small value. Furthermore,the Stanford
schemeis applicablewhen N is so large that the effects of
(even partial) loss synchronizationon buffer sizing can be
ignored.

The rst work to considerthe effect of the number of
competingTCP o ws on the buffer sizing problem was by
Morris in [5], [6]. He recognizecdthat the loss rate increases
dramaticallywith the numberof actve TCP o ws, and that
buffering basedn the bandwidth-delayroductcanbegrossly
insufcient in practice, causingfrequent TCP timeouts and
unacceptabl@ariationsin the throughputandtransferlateng
of competingTCP transfers[5]. He also proposedthe Flow-
Proportional Queueing(FPQ) mechanism,as a variation of
RED, which adjuststhe amountof buffering basedon the
numberof active TCP o ws. FPQis acornerston@f ourwork,
andwe explainit in detailin xIV. However, neither[6] and[4]
distinguishbetween o ws that are bottlenecled at the given
link and ows that are bottlenecled elsevhere, or between
o ws that are limited by their size or adwertisedwindow. We
shawv thatthe buffer requiremenbf a link dependsot on the
numberof active o ws, but on the numberof ows that are
throughput-limiteddue to congestionat that link.

A relatedareaof work is that of Active QueueManagement
(AQM) [71, 8], [9], [10]. Insteadof using simple Drop-
Tail queues AQM usesearly drops, before buffer over ows
occut aiming to control the averagequeuesize independent
of the physicalbuffer size,stabilizethe queuesize,and avoid
bursty lossesandglobal loss synchronizationNote that AQM
schemescannot control the maximum loss rate. Also, the
effects of heterogeneouskTTs, non-persistentconnections,
and of the numberof competing o ws on AQM parameters
are not well understoodFurthermore AQM schemesre not
deployedin thelnternet,at leastsofar. Eventhoughour buffer
sizingmethodis not directly applicableto AQM schemesit is

importantto notethat AQM schemesvould not solve the main
problemthat we considerin this paper(namely to maintain
full utilization with maximum loss rate and queueingdelay
constraints).

In this work, we focus on the buffer requirementof a
Drop-Tail queuegiven constrainton the minimum utilization,
maximum loss-rate,and, when feasible, on the maximum
gueueingdelay Speci cally, we derive the minimum buffer
size that is required so that the link can be fully utilized
by heterogeneou§ CP ows, while keeping the loss rate
and the queueingdelay boundedby given thresholds.The
minimum amountof buffering to satisfy theseconstraintsis
preferred,becausdarger buffers cost more and they lead to
increasedqueueingdelaysand jitter. We shav that the buffer
requirementgiven N heterogeneou3CP o ws dependson
the harmonicmeanof their round-trip times'. We also shav
thatthe degreeof losssynchronizatiorcansigni cantly affect
the buffer requirementespeciallyfor links that carry lessthan
a few tens of persistenfTCP ows at a time (for instance,
accessor edgelinks). To limit the loss rate at the link, we
shav that the minimum buffer requirementis proportionalto
thenumberof o wsNy, thatare“bottlenecled” atthatlink, i.e.,
throughput-limitecbnly by local congestionwhenN, exceeds
athreshold Dependingon the valueof N andthegivendelay
bound,it may not be feasibleto satisfy both the lossrateand
delayconstraintsin that case the operatorcanperformbuffer
sizing basedon the constraintthat he/sheconsidersas most
important.

Our model is applicableand accuratewhen most of the
trafc (80-90%) at the given link belongsto the Ny, locally
bottlenecled o ws. Therestof thetrafc canbe UDP o ws,
short TCP o ws, window-limited TCP o ws, and persistent
TCP o ws that are bottlenecled elsevhere. The main contri-
bution of the paperis a buffer sizing formulathat we refer to
asBuffer Sizingfor CongestedLinks (BSCL) We alsodescribe
how to estimatethe parametershatBSCL depend®n, namely
ow RTTs, numberof locally bottleneclked o ws, anda loss
synchronizationfactor from paclket and loss traces.Finally,
we usesimulationsto validateBSCL andto compareit with
the bandwidth-delayproduct buffer sizing formula, and with
the Stanfordscheme.

Paper structue: Sectionll describesour link andtrafc
model and statesthe buffer sizing problem. Sectionlll de-
rives the buffer requirementfocusing only on the utilization
constraint.SectionlV extendsthe previous resultconsidering
the maximum loss rate constraint.SectionV introducesthe
maximum delay constraint and gives the condition under
which the buffer sizing problem has a solution. Section VI
describesiow to estimatehe parametersf BSCL. SectionVII
validatesBSCL andcomparest with two relatedschemeswe
concludein SectionVIII.

1The harmonicmeanof N numbersTy;::: Ty is given by PN—l
TP



Il. TRAFFIC MODEL AND OBJECTIVES

Our model of a router/switchinterface is a single queue
with constantcapacityC bytes/seand buffer spaceB bytes.
The queuefollows the Drop-Tail policy, meaningthatit drops
anarriving pacletif thereis notenoughspacein the buffer. Of
coursea modernrouter interfaceis much more complex than
this simple queue.Our model is applicable,however, under
the following assumptionsFirst, we consideroutput-queued
multiplexers,in which pacletsare switchedto the appropriate
output interface before ary signi cant queueingat the input
ports. In router architectureghat use virtual-output-queueing
or sharedmemoryamongall interfaces,the model shouldbe
adjustedo considera variablecapacityC or a variablebuffer
spaceB, respectiely. Second,the assumptionof a single
gueueper interfaceis justi ed by the fact that, even though
mary routersprovide several queuesfor different classesof
service,typically only oneof themis used.Third, we assume
that the buffer is structuredin terms of bytes, rather than
paclets or cells of a certain size. Modifying the resultsfor
buffers with a more coarseaddressinggranularity should be
straightforvard.

The buffer sizing objectivesthat we considerare relatedto
three major performancemetricsfor a network link: utiliza-
tion, loss rate, and queueingdelay Speci cally, we want to
calculatethe amountof buffering B thatsatis esthefollowing
constraintswhenit is feasibleto do so:

1) Full utilization: The averageutilization of the link
shouldbe at least®  100% when the offered load is
sufciently high. In therestof the paper we set”"=98%.
Maximum loss rate p: The loss rate p should not
exceedp, typically 1-2% for a saturatedink. A limited
loss rate allows persistentTCP connectiongo achieve
a signi cant throughput,and it reducesthe throughput
variability amongdifferent o ws. A low lossrateis also
importantfor shortTCP o ws, thatoften cannotrecover
from lossesusingFast-Retransmitandfor interactve or
real-time applicationsthat cannotafford retransmission
delays.Morris shaved simulationresultsfor the transfer
latengy of short TCP o ws asthelossrateincrease$6].
His resultsshav thatthe lossrateincreaseslmostwith
the squareof the numberof competing o ws. The loss
rateincreasecausesnot only a reductionin the average
ow throughput,but also a signi cant increasein the
variation of the transferlateng/ acrossdifferent o ws.
This is becausesomeshort o ws are “lucky” andthey
do not seepaclet losses,while other o ws experience
several lossesand retransmissiontimeouts. In  other
words, a large loss rate causessigni cant unfairnessin
the bandwidthdistribution among o ws, and also large
transfer latenciesdue to frequent TCP retransmission
timeouts.

Maximum queueing delay @ The queueingdelay d
shouldnot exceeda boundd. Even thougha queueing
delay requirementcan be statedin termsof short-term

2)

3)

averages,or in terms of the delay tail distribution, a
bound on the maximum queueingdelay is simpler to

verify andit leadsto deterministicyatherthanstatistical,
guaranteesThe SLAs provided by major ISPs today
are often expressedn termsof maximum delays.The
maximumdelay requirements importantfor real-time
applicationsandit is alsorelatedto the transferlateng

of short TCP o ws. In general,increasingB tendsto

increase , decreasep, but at the sametime increase
d. This implies that the given constaints (% p;él) may
not be feasible Speci cally, for the maximum delay
requirementto be met, we must have that B < C4

It is possiblehowever that unlessif B is larger than
cd, it is not feasibleto meet utilization and/or loss
rateconstraintsin that case the operatorwould have to

choosewhetherthe maximumdelay constraintis more
importantthan the utilization and loss rate constraints,
andperformbuffer sizing accordingly We returnto this

issuein xV.

In the following, we refer to the link that we focus on as
the “target link”. The answerto the buffer sizing problem
is intimately relatedto the trafc at the target link. We next
describevarioustypesof traf c.

a) Locally Bottlenecked Persistent (LBP) TCP “ows:
Theseare large TCP o ws which are only limited, in terms
of throughput,by congestie lossesat the tamget link. The
throughputR of LBP ows can be approximatedby the
following simple formula, derivedin [11],

R = 0:87M
= ﬁ
whereM isthe o w's Maximum SegmentSize,T isthe ow's
averageRTT, andp is the lossratethatthe o w experiences.
The previous model s fairly accuratewhenp is lessthan 2-
5% andmostlossesarerecoveredwith Fast-RetransmitMore
accuratemodels,taking into accountretransmissiotimeouts,
a maximumadertisedwindow, or differentvariationsof TCP
(such as SACK) exist in the literature (see[12], [13] and
referencesherein).We preferto use(2), however, mostly due
to its simplicity. It is importantto note that, for LBP o ws,
the loss rate p shouldbe equalto the loss rate at the target
link, i.e., the ow should not encounterlosseselsavherein
its path. Also note that the averagewindow of an LBP o w,
W = RT, is independentf the ow's RTT.

b) Remotely Bottlenecked Persistent (RBP) TCP
“ows. Theseare also large TCP o ws that are only limited
by congestionand their throughputcan be approximatedoy
(2). The differencewith LBP ows is that RBP o ws also
experiencelossesin links otherthan the target link, and that
their throughputbottleneckis not the target link. Hencethe
valueof p for these o wsin (2) would be larger thanthe loss
rate at the target link.

c) Window-limited Persistent TCP "ows. Theseare
alsolarge TCP o ws, but their throughputis limited by the
recever adwertisedwindow. Note that window-limited o ws

)



may also experiencepaclet lossesat the target link. Their
differencewith LBP o ws is that the latter keep increasing
their window until a lossoccurs.

d) Short TCP "ows and non-TCP traf®c: Finally, the
trafc atthetargetlink may include TCP mice andnon-TCP
o ws. The former spendmost of their lifetime in slow start,
andthey typically accountfor a small shareof the aggreyate
traf c in Internetlinks [14], [15]. The latter canbe viewed as
exogenoudrafc, andthey arealsotypically a small share.

The key assumptionin the rest of this paperis that most
of the traf c at the target link is generatedrom LBP o ws.
The reasonbehind this assumptionis that we heavily rely
on the “sawtooth” behaior of TCP ows, as well as on
(2). Note that non-LBP trafc could also contritute to the
buffer requirement.Our conjectureis, however, that if the
LBP o wsaccountfor almostthe entireaggreyatetrafc, then
ary additional buffer requirementdue to non-LBP o ws can
be ignored. The simulationsof x VIl shav that the proposed
BSCL formulais valid aslong asLBP o0 ws accountfor 80-
90% of the aggreyatetrafc in the targetlink.

The major implication of the previous assumptionis that
BSCL will be mostly applicablein edgeandaccessetworks,
where certain links can becomecongestedwith large TCP
o wsthatarelocally bottlenecled.Corenetwork links, or links
that rarely becomethe bottleneckfor the majority of their
traf c, should not be provisionedbasedon BSCL. For such
links, the Stanfordschemeof [4] may be more appropriate.
Ontheotherhand,the Stanfordschemecanleadto a high loss
ratein links with a large fraction of LBP trafc, asshown in
x VII. We note that even though most of the Internetlinks
today are probablywell-provisionedand not congestedthere
arecertainlybottlenecksat “last-mile” links, accessetworks,
aswell asin the developingworld.

I1l. UTILIZATION CONSTRAINT

Considerinitially, the utilization constraint®  100%,and
let us assumethat the trafc consistsonly of N, LBP o ws’.
The objective of buffer provisioningin this caseis to “hide”
the TCP window reductionsdueto congestire lossesfrom the
link's outputrate. This can be achiesed by buffering enough
trafc before the losses,so that even after ary congestie
lossesandwindow reductionsthe link remainssaturated.

A. Single ow

In the caseof a single TCP ow with RTT T seconds,
the previousinsightleadsto the well-known bandwidth-delay
productbuffer sizingformulaB  CT. In detail, supposehat
the ow hasreacheda window size W™ whenit causesa
buffer over ow. At thattime thewindow isW™*  CT+ B,
and so one or more packets must be dropped.In congestion
avoidance, in particular only one paclet will be dropped
becauseV™>* = CT + B + 1. If all droppedpaclets are
detectedwith Fast-Retransmifs a single congestionevent,

2We use Ny, for the numberof LBP “ows to distinguishfrom the total
numberof "ows N .

which is more likely to happenif the connectionusesthe
SACK option, the window will be reducedby a factor of
two and the window will becomew ™" = WM =2 So,
the minimum window size after a congestiorevent canbe as
low asW™n" = (CT + B)=2. Thelink will remainsaturated
aslongaswW™"  CT, andso the minimum requiredbuffer
spaceis

B=CT 3)

The previousbuffer requiremenhastheform of a“bandwidth-
delay product”, with “bandwidth” referring to the capacity
of the link and “delay” referring to the RTT of the TCP
connectionthat saturateghe link.

Two remarksaboutthis formula: First,animportantassump-
tion is that the window is reducedby only a factor of two.
However, in slow-start, and especiallyif SACK is not used,
several paclets can be lost at the sametime causingmultiple
window reductionspr eventimeouts.In thatcase(3) may not
be sufcient to avoid a utilization drop. Secondthe RTT term
of (3) doesnot includeary queueingdelaysin the targetlink;
however, queueingdelaysin otherlinks shouldbe includedin
T.

B. Hetelogeneousows - global syndironization

Considernow the generalcaseof N, heterogeneoukBP
owswith RTT T;, i=1;:::Np. We rst derive the minimum
buffer requirementfor full utilization consideringthe worst-
casescenariaon which all o ws experiencea lossat the same
congestionevent. Suchglobal loss syndronizationeventsare
commonin Drop-Tail buffers carryingjust a few o ws.

Supposethat during a particular congestionevent around
time t. eachof the N, o ws reducesits window from a
maximumvalueW,™ to a minimumvalueW,™" . As in the
caseof asingle o w, we assumehatafterthe congestiorevent
the window of each o w is reducedby a factor of two, i.e.,
wmin = Wmax =2 Before the congestionevent, the backlog
of owi atthebufferis QM = wmax W wherew, "
is the amountof bytesfrom ow i “in-ight” in the path,but
not backloggedat the queueof the target link, just prior to
the congestionevent. As shawvn in [12], the expectedvalue
of the TCP congestiorwindow at ary pointin time doesnot
dependon the ow's RTT. So, aslong asall N, LBP ows
experiencethe samelossrate at the tamget link, we have that
w "t =wt for all i.

The aggragatebacklogbeforethe congestioreventis
Kb

(Wimax
i=1
Sinceall thewindows areat their maximumvalues this is the
maximum possiblebacklogat the bottlenecklink. To ensure
thatthe link remainssaturatedaftert., whenthe windows are
at their minimum values,we musthave that

X ‘
len = (Wimln
i=1

Qmax - Wf It ) (4)

Wf It ) 0 (5)



whereQ™" s thebacklogat the bottleneckaftert.. To derive
the minimumbuffer requirementye considerthe extremecase
in which W™ =wf!t for all i, and so Q™" =0. So, since
2wmin = wmax ' the maximumpossiblebacklogis given by

Qmax - NbeIt (6)

In orderfor the N, o ws to saturatethe link even whenthe
aggrejatebacklogis zero,we must have that

Ko

min =C

()

i=1

whereR™" is the throughputof ow i after the congestion
event,

) W_min Wf It
mn — 70—
From (7) and(8), we get that
RI™ = g ©
T 21 1=T
and so the maximumpossiblebacklogfollows from (6)
KXo ) Xo C
Qmax = waf|t = Rimln Ti = p . (10)
i=1 =1 =1 17T

We setthe minimum buffer requirementto be the maximum
possiblebacklogi.e. B = Q™ .| Hence,the minimum buffer
requirementfor saturatingthe link can be written againasa
bandwidth-delayproduct

B=CT. (11)

whereT, is referredto asthe effectiveRTT of the N, o ws,
andit is given by the harmonicmeanof their RTTS,

Xo 1
Te= P Np
i=1

Np
r N _
iz1 1=Ti

= (12)
i=1 1=Ti
In the case of N, homogeneousows with RTT T;=T,
the effective RTT is equalto T, and the minimum buffer
requiremenbecomesasin the caseof a single o w.

It is interestingthat the effective RTT is given by the
harmonicmean,asopposedo the arithmeticmeanof the ow
RTTs. The harmonicmeanof Ny, uniformly distributed posi-
tive valuesis lower thantheir arithmeticmean.For instance,
supposethat we have N, RTTs uniformly distributed from
Nlb toTie T = ﬁ—:) with i = 1;:::Nj. The effective RTT
is givenby Te = P+l_l which can be approximatedby

Te T=(InNp + 1). For Np=1000,we getTe  T=8, while
the RTT arithmeticmeanis approximatelyfour timeslarger.
The reasonthat the buffer requirementdependsnore heas-
ily on small RTTs is that the correspondingo ws have a
larger shareof their window backloggedin the buffer of the
targetlink thanelsavherein the path,comparedo o ws with
larger RTTs (rememberthat they all have the sameaverage
window). A practical implication of this result is that the
buffer requirementcan remainrelatively small, even when a
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Fig. 1. Loss-lurstlengthasa function of the numberof “ows.

few connectionshave atypically large RTTs, aslong as most
LBP o ws have smallRTTs. This would not be the caseif the
effective RTT wasdeterminedby the arithmeticmean.

C. Hetelogeneousows - partial syndironization

The assumptionof global loss synchronizationgave us a
simple result for the minimum buffer requirementbut it is
fairly restrictve. We now derive the buffer requiremenin the
caseof partial losssyndironizationwith a simpleprobabilistic
model.

The startingpoint for this modelis the relationbetweenthe
numberof LBP o ws Ny andtheloss-turstlengthL (Ny) i.e.,
the numberof droppedpaclets during a congestionevent. A
congestionevent can be loosely de ned as a time periodin
which one or more paclets from different o ws are dropped
in a short duration, relative to the durationof loss-freetime
periods.

To empirically measureL (Np) with simulations,we ex-
amine the time seriesof the paclet drops at the tamget link
and countthe numberof successie dropsthat are spacedby
lessthan the effective RTT of the correspondingo ws. The
reasonfor choosingthe RTT as the appropriatetime scale
is becauseTCP o ws detectand reactto paclet lossesin
(roughly)asingleRTT. We obsened, throughsimulationsthat
L (Np) tendsto increaseawith the numberof LBP o ws Ny,. To
illustratethis, Figurel shavs simulationresultsfor the median
loss-lurst length as a function of N3. Notice that the loss-
burst lengthincreasesas the numberof LBP 0 ws increases.
Thisis becauseasNy, increasesmore o ws experiencepacket
dropsevery time the buffers of thatlink over ow, evenif the
0 ws are not completelysynchronizedAlso notethatL (Ny)
increaseslmostlinearly with N, with a slopethatis lessthan

3More details aboutthe simulationtopology and parametersare given in
the Appendix. For the resultsof Figure 1, we have C=45Mbpsand 75Mbps,
with B=CTay g paclets. Thesesimulationswere run tentimeswith different
randomseedsandFigurel shovs the medianloss-lurstlengthacrosshe ten
runs.



one,at leastfor therangeof Ny, in Figure1; we returnto this
point laterin the section.

If we could estimatethe averagesize of a loss-lurst Ly,
for N, LBP o ws, then we can derive the minimum buffer
requirementfor full utilization. Considera congestionevent
with the averageloss-turst length Ly, . The probability that
noneof the Ly, droppedpacletsbelongsto a particular o w
iis(1 1=Np)-Ns. So,thefractionof o ws thatareexpected
to seeat leastonelossis

1 bt
aNe) =1 (1 ) (13)
b
Note that, the fraction g(Np) decreasesas Ny increases,
meaningthat it becomedesslikely for a given ow to see
a lossduring a congestiorevent.
Supposethat W is the averagewindow size (in bytes) of
a ow befoe aloss-turst of length Ly, . After the loss-hurst,
we expectthat a fraction q(N) of ows will seelossesand
they will reducetheir window by a factor of two, while the
rest of the o ws will increasetheir window by one paclet.
Thus, the averagewindow size W © after the congestiorevent
will be

WO= oy + 1 alNoIW + M) (14)

whereM is the ow's sggmentsize. The link was saturated
beforethe congestionevent, whenthe buffer wasfull, andso
Np,W  CT+ B. Werequirethatthe link stayssaturatedafter
the congestiorevent. Sincewe areinterestedn the minimum
buffer requirementwe can considerthe casethat the buffer
becomesempty after the congestionevent, and so NpW° =
CT. This is equivalentto the following expression

AN o+ L aND)( T+ M) = T (9)

Solving for B, the minimum buffer requirements

g = ANb)CT  2MNp[1 (Nb)]
2 o(Nb)

where q(Np) can be calculatedfrom (13) if we have an
estimateof the averagesize of a loss-lurst for the given
numberof ows Ny,.

Someremarkson (16) follow. First, in the caseof global
loss synchronizationg(Np)=1 and so the resulting buffer
requirementbecomesB CT, asin (11) for the case
of homogeneouso ws. Second,the effect of partial loss
synchronizationis to reducethe buffer requirementsince B
decreasess Ny increaseslintuitively, this is becausewhen
ows are partially synchronized,they do not reduce their
windows at exactly the sametime, and so the amount of
backloggedrafc thatis neededo keepthe link saturateds
reduced.Third, the above equationis derived consideringNy,
homaeneoud BP o ws. To take into accountheterogeneous
connectionswe would replaceT in the above equationwith
Te, WwhereT, is the effective RTT de ned earliet

(16)
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Fig. 2. The deterministicmodel (11), the probabilistic model (16), and
simulationresultsfor a utilization constraint*=98%. Note thatthe TCP “ows
areheterogeneougndsotheir effective RTT changesaswe increaseN . This
explainsthe spike of the cuneswhenN 5.

D. Model validation

Figure 2 compareghe deterministicmodel (11), the prob-
abilistic model (16), and simulationresultsfor the minimum
requiredbuffer size that keepsthe utilization above "=98%.
Note that the o ws have differentRTTs (seeAppendix),and
so the effective RTT T. variesaswe increaseNy.

To simplify the estimationof Ly,, let us go back to
Figure 1. Obsenre that the relation betweenloss-hurst length
and Ny, is almostlinear, and so we canapproximatel y, as

Ln, N (17)

where is the loss syndronization factor. Our simulations
have shavn that <1, typically in the range0.4-0.7for the
rangeof Ny shovn in Figure 2. We obsened that the linear
approximation(17) remainsvalid aslongasNy is morethan3-
5 o ws,andlessthana coupleof hundredf o ws.As will be
shawvn in the next section,the buffer requiremendependson
thelosssynchronizatiorfactoronly whenNy, is lessthana few
tensof o ws. For larger valuesof Ny, the buffer requirement
is determinedby the maximumlossrateconstraintandit does
not dependon Ly, . So, the linear approximationof (17) is
sufcient for our purposes.
Figure 2 shows that the probabilistic model (16) follows
closelythe simulationresultsfor a losssynchronizatiorfactor
=0.6.With =0.4,which wasobsenedin the simulationsof
Figurel, (16) underestimatethe buffer requirementTheerror
is not large, hawever, implying that the buffer requiremenis
robust to errorsin the estimateof . Notice that the deter
ministic model B = CT,, on the other hand, overestimates
the required buffer size by a factor of almostten for large
valuesof Ny. This overestimationcan lead to large queues,
andincreasedransferlatenciesandjitter. Thus, we preferto
use the probabilistic model, even thoughit requiresa rough
estimatefor the loss synchronizatiorfactor  (or for Ly,).



Note that Figure 2 shaws the buffer requirementn terms of
paclets,while (16) is in termsof bytes.To corvertfrom bytes
to paclets, the buffer size given by (16) is divided by the
segmentsize M =1500B.

The probabilistic model remainsaccurateas long as the
number of ows is less than about 80 in the simulations
of Figure 2. For a larger number of ows, the loss rate
becomeshigher than 4-5%, o ws often experiencetimeouts
and multiple window reductionsduring the samecongestion
event,andour probabilisticmodelbecomesnaccurateln that
operatingregion, however, the buffer requirementdoes not
dependon the utilization constraint,but on the maximumloss
rate constraintthat we examinein the next section.So, the
probabilistic model (16) is accuratefor the operatingregion
in which it is meantto be used.

IV. LOSS RATE CONSTRAINT

The previous sectionderived the minimum buffer require-
mentfor saturatinga link thatis loadedwith LBP o ws. Even
thoughutilization is a major concernfor a network operatoy
the servicethat end-usergperceve can be quite poor when
the loss rate is more than about5%. Lossesare particularly
detrimentalfor relatively shortandinteractve o ws, suchas
HTTP ows, which often have to recover droppedpaclets
with retransmissiortimeouts[16]. Even for bulk transfers,a
high loss rate can causetimeoutsto those“unlucky” o ws
that experiencemultiple nearbylosses,affecting them more
severely than other ows [5]. Consequentlywe are also
interestedn an upperboundp on the lossrate of a congested
link. In the restof the paper we assumehatp is 1%.

Thereis anintimate connectiorbetweenthe lossratep ata
link andthe numberNy, of LBP o ws at the targetlink. From
(2), we seethatif N, homogeneou wswith RTT T saturate
a link with capacityC, the lossrate p will be proportionalto
the squareof Ny,

=N 2(0:_87)2
P=eteT
The previous expressionis accurateonly when the link is
adequatehbufferedsothatthe N, o ws cansaturatet. Also,
(18) is valid aslong as the model of (2) is applicable;if p
is larger than about 3-5%, timeoutsbecomecommonand p
increasesalmostlinearly with Ny, [5].

Oneway to interpret(18) is that, given an upperboundp
on the loss r?)te, the numberof persistentTCP o ws should
be lessthan’ PpCT=0:87. That would require, however, an
admissioncontrol schemeJimiting the numberof o ws that
can accesghe network. Such schemeshave beenpreviously
proposed17], but not deployed.

(18)

A. Flow Proportional Queueing

Anotherapproachreferredto asFlow Proportional Queue-
ing (FPQ) [6], is to meetthe loss rate constraintp, not by
limiting Ny, but by increasingthe RTT of the ows as Ny,
increasesSincethe RTT includesthe queueingdelay at the
target link, increasingthe buffer spaceof that link would

increasethe RTTs of the carried TCP o ws. This would tend
to keepthe loss rate constantin spite of an increasein the
numberof TCP o ws.

Speci cally, supposethat the N, o ws are homogeneous,
andthat their RTT is

T=Tp+ Ty (29)

where Tq is the queueingdelay at the target link and T,
accountdor all otherdelaysalongtheforwardor reversepaths
of the ows. From (18) and (19), we seethat the queueing
delay‘f‘q thatis requiredto meetthe lossrate constraintp is

-fq _ 0:87

Ep—aNb Tp
The key obsenationis thatto keepthe lossrate constantthe
gueueingdelay shouldincreaseproportionally to Ny,

The averagequeueingdelay Ty in a congestedink canbe
assumedo be, as a rst-order approximation,equalto the
maximumqgueueingdelay B =C. Then,the buffer requirement
to keepthe lossrate below p is

(20)

B CTy=K,Np, CT, (21)
where
0:87
Kp = ‘F’f (22)

So, B hasto be sufciently large so thateach o w canhave
awindow of K, paclets,either storedin the buffer (B term)
or elsavherein the path(CT, term).NotethatK, 9 paclets
for p=1%, andK , 6 pacletsfor p=2%.

The buffer sizing formula (21) is basicallythe sameasthe
FPQ schemeof [6]. Comparing(21) with FPQ (seeFigure 5
of thatreference)we seethat FPQsetsK ,, to 6 paclets,and
it doesnottake into accounthetermCT,. Anotherdifference
is that [6] proposedo have K, paclets per active TCP ow
at the target link. However, in our model, we only take into
account o ws that are bottlene&ed at the target link (LBP
ows).

B. Integrated modelfor ~ and p

(16) wasderived consideringonly the utilization constraint
A, while (21) only consideredthe loss rate constraintp. To
meetboth constraintsB hasto be sufciently large to satisfy
the most stringentof the two requirementdor ary value of
Nyp. Since (21) increasesproportionally with Ny, we expect
that B will be determinedby the utilization constraintif Ny
is lessthana certainnumberof o ws Ny, (if the effective RTT
remainsconstant)lf Np> Ny, B is determinedy thelossrate
constraintinstead.

In the caseof heterogeneouso ws with different RTTs,
the term T, in (21) should be replacedwith the effective
RTT Te of (12). The reasonis that the numberof bytesthat
are “in-ight” in the path, but not storedin the buffer, is
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Fig. 3. Analytical and simulationresultsfor *=98% and p=1%.

CTe. Thus, the minimum buffer requirementfor the given
constraints® 100%andp is

(
B = B = q(Nb)CTe2 2('1\/(|NNbb)[1 alNo)l 5 Np < N,
(23)

whereNy, is the valueof Ny atwhich B =B, q(Np) is given
by (13),theeffective RTT T, is givenby (12),andK , is given
by (22).

Figure 3 comparesthe buffer sizing formula (23) with
simulationresultsfor the minimum buffer requirementwhen
~=98% and p=1%. We assumethat the loss synchronization
factoris =0.55. Note that the ows have different RTTs
(heterogeneousase),and so the effective RTT T. changes
as we vary Np. Ny, is about30 ows, which is shavn by
the dotted line in Figure 3. We seethat the model slightly
underestimatethe buffer requirementdueto the probabilistic
natureof losssynchronizatioror dueto an errorin the chosen
value of . The erroris, however, quite small. For a larger
numberof o ws, the minimum buffer requirementgiven by
the simulationsincreaseslmostlinearly with Ny, and (23) is
quite accuratein matchingboth the slope and magnitudeof
therequiredbuffer. Furthervalidationresults,consideringalso
somelimited amountof traf c from non-LBP o ws, aregiven
in x VIL.

V. DELAY CONSTRAINT

The previous two sectionsconsideredthe utilization and
lossrate constraintswhich arebothimportantfor throughput-
intensive datatransferapplications.Many applications,how-
ever, alsohave end-to-endlelayconstraintsFor instancereal-
time conferencing,|P telepholy, and telnet-like applications
can tolerate a maximum delay before their utility dropsto
zero. As discussedn xll, even though the delay constraint
canbe statedin a probabilisticmannerbasedon the delaytalil
distribution, a maximumdelay constraintd is easierto work
with and it doesnot dependon the statisticalcharacteristics
of the traf c.

Web browsing o ws, which are TCP-basedcan also be
viewed as interactve [18]. Since they typically consist of
only a few datasegments,their transferlateng is primarily
dependenbn their RTTs andlossrate,andnot on the capacity
of the path.[16] shoved how to predict the transferlateng
of a short TCP ow taking into accountthe connection
establishmeniphase,slow-start, and potential lossesduring
thosephasesgiven the RTT and loss rate. So, limiting the
gueueingdelay at the links a Web ow goesthrough also
limits the ow's RTT, providing a lower transferlateng.

In this section,we extend the buffer provisioning model
of XIV with a maximum queueingdelay constraintd. Since
the maximum queueingdelay at a link of capacityC and
buffer spaceB is givenby B =C, the queueinglelayconstraint
requiresthat B is limited by

B cd (24)

We now facea feasibility problem the constraintsor *, p,
andd will notbesatis ableif theminimumbuffer requirement
of (23) is larger than C4. So, given C, Te, and N, the
maximumadelay constraintthat canbe metis

A B .Bp

d> maxf < ?g
where B and B, are as given by (23). If a lower delay
boundis required the network operatowould needto sacri ce
the utilization and/orloss rate objectves, limit the maximum
numberof persistento ws throughan admissioncontrol unit,
or increasethe capacityC of the link.

In the restof this paper we assumehat the utilization and
loss rate requirementsare more importantthanthe maximum
delay requirement.So, whenever ¢ is not feasible, we are
interestedin the minimumbuffer requirementto meetthe
and p constraintsso that at leastwe minimize the maximum
gueueingdelay In the evaluationsection,we assumehat the
delay constraintd is large enoughso that (25) is true.

(25)

V1. PARAMETER ESTIMATION

In the last three sectionswe derived an approximationfor
the minimum buffer size B thatis requiredto saturatea link
of capacityC andto meeta maximumlossrateconstraintand
a maximum queueingdelay constraint.Figure 4 summarizes
that result, which we refer to as Buffer Sizingfor Congested
Links (BSCL) Notice that the BSCL formula requiresthe
following traf c parametersan estimateof the numberof LBP
ows (Ny), their aggreyate capacity share(C¢), RTTs (T;),
and a typical Maximum SegmentSize (M ). We also needan
estimateof the loss synchronizatiorfactor , or an estimate
of the averageloss-turstlength Ly, for the given numberof
LBP ows. In this section,we describehow to estimatethese
parameterérom passiely collectedtracesof paclketdepartures
andlossevents.Evenwhenthe previous parametergannotbe
estimatedaccuratelyin practice,it is still importantto know
the factorsthat the buffer requirementdependson, and their
relative impacton B. In x VII, we presentsomesimulation



B = maxfB ;B,g (26)

where:

B = U(Nb)CeTe 2MNp[l g(Nb)]
2 q(Np)

Nyp: numberof LBP o ws at taiget link

C.: effective capacityfor LBP o ws
(e.g.,Ce=0.9C for 10% non-LBPtraf c)

Te = % effective RTT of LBP ows

i=1

M : Maximum SegmentSizefor LBP o ws
Kp = O:87=p P (9 pacletsfor p=1%)
aNp) =1 (1 1Np)-"»

Ln,
where

N p: Averagesize of a lossburst
is the loss synchronizatiorfactor

Fig. 4. BSCL formula: minimum buffer requirementto saturatea link of
capacityC andlimit the lossrateto lessthanp.

resultsfor the robustnessf BSCL to estimationerrorsin Ny,

, and Te.

Estimation of N and Ce: As previously mentionedNy,
is the numberof large TCP o ws that are limited, in terms
of throughput,only dueto congestie lossesat the targetlink.
In particular we needto distinguishLBP ows from TCP
o ws that are bottlenecled in otherlinks, or that are limited
by their size or adwertisedwindow. Actually, the problem of
classifying TCP o ws basedon their primary rate-limiting
factor was studied in depthin [19]. That work developed
techniquesthat determineif a TCP ow is limited by con-
gestion sender/receermaximumwindow, “opportunity” (i.e.,
size), etc, basedon a passiely collectedtrace of the ow's
paclets. We usethe techniquesof [19] to detectsize-limited
andwindow-limited TCP o ws*.

To distinguishbetween o ws thatarelimited by congestion
atthetamgetlink (LBP) from o ws thatexperiencecongestion
in otherlinks, we developeda new heuristic. The basicidea
relies on the temporalcorrelationbetweenthe paclet losses
and rate reductionsof a TCP ow, as obsered at the tamget
link. If aratereductionof ow X is notprecededn therecent
pastby a paclet loss by that o w at the target link, we infer
thatthe window reductionmusthave beena consequencef a

4We found, however, thatthe techniquesiescribedn [19] arenot too accu-
rate to identify window-limited “ows when queueingdelaysare comparable
to propagatiordelays.

paclet lossin someotherlink. If that happensseveral times,
the o w is bottlenecled elsavhere (RBP). Otherwise,if most
of the signi cant ratereductionsof X follow paclet lossesat
the target link, we countthe ow asLBP. C, is estimatedas
the aggreyaterate of LBP o ws.

Notice that window-limited TCP o ws would also shov
strong temporal correlations betweenloss events and rate
reductions;the key differencewith LBP ows is that the
latter keepincreasingtheir window until a loss occurs.The
simulationsof x VII shav that BSCL is robust to a limited
overestimationn the numberof LBP o ws. So, the possible
mis-classi cation of window-limited o ws as LBPs has no
major impact.

Estimation of Te: To calculatethe effective RTT of LBP
o ws, we needan estimateof their RTTs T;. Thereare sev-
eral passve measuremenalgorithmsthat provide reasonably
accurateRTT estimatedor TCP connectiong20], [21], [22].
In this paper we adoptedthe algorithm presentedin [21],
mostly becausdt doesnot requireboth trafc directionsand
is quite simple. The estimationtechniqueof [21] is based
on the time spacingof the 3-way-handsha& TCP messages,
and/or on the time spacingbetweenthe paclets of the rst
two round-tripsof a ow during slow-start. In either case,
a single measuremenis producedre ecting the RTT at the
startof the o w, beforethe latter builds up ary queueingat
the target link. Accordingto [21], their estimationtechnique
provides an RTT for 55-85% of the TCP workload, while
about90% of the measurementare accuratewithin 10% or
5ms, whichever is larger. The techniqueof [21] hasa higher
estimationcoverageandaccurag for large TCP o ws, which
malesit quite appropriatefor LBP o ws.

Estimation of Ly, or : TheB termdependn the
degreeof loss synchronizationwhich in turn dependson the
averagelengthof alosshburstL y, for thatvalueof Ny, or, if
we assumethe linearity of (17), on the loss synchronization
factor . In sectionx lll, we describedhow to measurethe
averageloss burst Ly, from a loss-eent trace, and how to
estimate from (17). If a loss-&ent traceis available, then
the averageor mediansizeof alossburstLy, shouldbe used
directly, asit is moreaccurateespeciallywhenNy <10 or so.
However, if alosstraceis not available,thena typical value
of canbeusedinstead,suchas =0.55.

VIl. EVALUATION

We evaluatedthe BSCL schemeusing NS-2 simulations.
The simulationtopologyis shawvn in the Appendix, with the
capacityof the targetlink setto 50Mbps.We load the target
link with 4 types of trafc: persistentTCP o ws that are
bottlenecled at the target link (LBP o ws), persistentTCP
o wsthatarebottlenecledat the accesdink prior to thetarget
link (RBP o ws), window-limited TCP o ws, andshort TCP
o ws. The numberof RBP o ws andwindow-limited owsis
20 and10, respectiely, while the numberof LBP o ws varies
from 2 to 400. The short o ws have an averagesize of 14
paclets, and their interarrivals are exponentially distributed.
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The total amountof non-LBP trafc varies between5% to
20% (i.e., C. variesfrom 95% to 80% of C). 40% of the
non-LBPtrafc comesfrom RBP o ws, 40% from window-
limited ows, and 20% from short o ws. The offered load
from short o ws is controlledby their interarrival time, while
the offered load from RBP o ws and window-limited o ws
is controlledby the accesdink capacityandreceiver window,
respectiely. All o ws startat randomtimesin the rst 10%
of the simulation duration, which is then ignored from the
analysisof the simulationresults.

We run each simulation once with the tamget link buffer
setto B = CTayg, Which is the rule of thumb describedin
x lll. We then apply the estimationtechniquesdescribedin
x VI to getestimatedor Ny, Te andLy,. From the formula
of Figure 4, we then determinethe BSCL requirementfor a
maximumloss rate p=1%, and run the simulationagainwith
that value of B. We also simulate with the buffer size of
the Stanfordscheme[4], whichis B = EpT';‘% Note that [4]
doesnot differentiatebetweenLBP o ws andother o ws; for
comparisorpurposeswe setN to Ny in their formula.

Figures5-7 shav the lossratethatis measuredt the tamget
link with eachbuffering schemewhenthe LBP capacityshare
C. decreaseffom 95% to 80%. We seethatwhenCg is 90%
of C, BSCL managedo keepthe lossrate closeto the p=1%
threshold. As the amount of non-LBP trafc is increased,
however, BSCL startsviolating that objective. This is because
we have assumedthat the buffer requirementof non-LBP
trafc canbe ignored,which of courseis not true whenthat
shareof the workloadis signi cant comparedo LBP trafc.
The CT rule of thumbandthe Stanfordschemepn the other
hand,producea loss rate that increasesigni cantly with the
numberof LBP ows. For 300 LBP o ws, the loss rate is
about4% and10%with the CT formulaandwith the Stanford
schemeyespectiely.

We also investigatedthe target link utilization that results
from the previous threebuffering schemegCT,y, g4, Stanford,
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BSCL). Simulation results (not included here due to space
constraintsshaow thatthe utilization remainsat 100%with all
three schemesas long as the numberof LBP o ws is more
than10-20.With lower valuesof Ny, asFigure8 shavs,BSCL
can slightly underestimatehe buffer requirementif Ly, is
estimatedas the median, rather than the average,loss-turst
length. This is becauseat low valuesof Ny, we occasionally
seea few very long loss-lursts that make the averageloss-
burstsigni cantly longerthanthe median.Figure8 alsoshowvs
that BSCL causesa more signi cant underutilization(80%)
when Ny, is just two o ws. This is becauseour probabilistic
model for partial loss synchronizationcannot capture the
almost deterministicsynchronizationpatternsthat emege in
that case.A simple correctionwould be to modify BSCL so
thatB = CT. if Ny is lessthan5 ows.

Table | shaws the buffer requirement(in terms of 1500-
B paclets) predictedfrom eachof the previous three buffer
sizing schemedgor increasingvaluesof Ny. Theseresultsrefer
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to the caseCe=0.9 C. Note that T. varies as we increase
Np. When N becomedarger than Np=17 o ws, the BSCL
buffer requirementis determinedby the maximum loss rate
ratherthanthe utilization constraint.The rule of thumbB =
CT predictsa buffer size that is much larger than that of
BSCLwhenNy is lessthanabout20-40 o ws. For more o ws,
thatrule requireslessbuffering than BSCL, but as previously
shawn, it also leadsto a signi cant loss rate. The Stanford
schemerequiresmore buffering than BSCL whenthe number
of LBP o wsis lessthanabout20, mostly becausét doesnot
considerthe effect of partial loss synchronizationFor more
0 ws, the Stanfordbuffer requirementropsrapidly, but it also
causes signi cant lossrate.

It is also importantto examine the robustnessof BSCL
to estimation errors in the parametersNy, Ly,, and Te,
especially when real-time measurementind adjustmentof
theseparameterss not feasiblein practice.In our robustness
study we introducedcontrollederrorsin Ny, Ly, andTe, after
the initial estimationof the latter asdescribedn x VI. Then,
we repeatedhe simulationsseveral times with the erroneous
estimatedo obsene the impactof thoseerrorsin the lossrate
andutilization at the targetlink. We foundthat overestimation
or underestimatiorerrors up to 20% in Ly, or in Te do
not causeviolationsin the utilization or loss rate constraints.
However, as Figure 9 shaws, the undeestimationof Ny, by
20% doesviolate the loss rate constraintby up to 0.5% for
Ny lessthan 200 o ws. Overestimationof Ny by a certain
factor on the other hand,causesverestimatiorof the buffer
requirementby the samefactor whenthe buffer requirement
is determinedby the lossrate constraint.

VIIl. CONCLUSIONS

The buffer sizing problemfor routersandswitcheshasbeen
considered“black art” for some time. Buffer provisioning
basedon open-looptrafc modelsignoresthe reactve nature
of TCP trafc, which accountsfor at least 90% of the
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Ny [[ CTavg [ Stanfordmodel [ BSCL |

2 1600 1131 336
7 1159 438 233
13 953 264 196
15 850 219 100
17 881 213 93
20 838 187 115
40 767 121 282
60 673 86 396
80 714 79 583
100 710 71 688
120 672 61 898
140 696 58 1092
160 696 55 1281
180 672 50 1508
200 689 48 1659
250 687 43 2078
300 672 38 2459
350 682 36 2882
400 682 34 3200
TABLE |

BUFFER REQUIREMENT OF THREE SIZING SCHEMES FOR INCREASING
NUMBER OF LBP FLOWS.

Internettrafc today On the other hand, provisioning based
on a typical bandwidth-delayproductcan lead to either poor
utilization and high loss rate, or signi cant overestimation
of the buffer requirement.The recently proposed‘Stanford”
schemeg4] hasbeena signi cant stepforward, showving that
the buffer requirementanbe muchlower thanthe bandwidth-
delay product. This is a major relief for hardware designers
of backbonerouters, given that an OC-792 interface would
otherwiserequirealmosta Gigabyteof SRAM buffer spacelt
is importantto understandhowever, thatthe Stanfordscheme
focusesonly on utilization, ignoring the resulting loss rate.
With alarge numberof LBP o ws, thatbuffer sizingapproach
canleadto a high loss rate and poor performancefor mary
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applications.

The main contribution of our paperwasto derive a buffer
sizingformula(BSCL) for congestedinks. BSCL is applicable
for links in which 80-90% of their trafc comesfrom large
TCP o ws that are locally bottlenecled. In that case,BSCL
managedo keepthe tamget link saturatedwithout letting the
lossrateexceeda givenbound(typically 1%).BSCL considers
heterogeneoudkTTs and partial loss synchronization,two
effectsthat have beenlargely ignoredin previous work. Also,
BSCL distinguishesbetweenthe total numberof actve TCP
o ws andthe numberof LBP o ws. Theformercanbe orders
of magnitudehigherthanthe latterin practice ,becausef the
large numberof short TCP ows. A limitation of our work
is that the BSCL validation is strictly basedon simulations.
An interestingtaskfor future work will beto applythe BSCL
model in a congestedouter interface, carrying real Internet
trafc, obsenre the resulting utilization and loss rate, and
comparewith other proposedouffer provisioning schemes.

APPENDIX: SIMULATION DETAILS

We have experimentedwith several simulationtopologies.
The resultsreportedin this paperare basedon the simulation
topology of Figure 10. A setof 18 sourcenodes,locatedat
the nodesof a tree, generateTCP o ws destinedto a single
sink node.The internallinks have a diversesetof propagation
delays,causingan RTT distribution between20msand534ms
with an averageof 217ms.The TCP ows use NewReno,
DelayedACKs, the SACK option,1500-bytedatapaclets,and
10,000-packtadwertisedwindows (unlessif notedotherwise).
The non-bottleneckd links are provisionedin termsof both
capacityand buffer size so that they do not causelossesor

signi cant queueingdelays.All simulationsrun for 200 sec-
onds.Longersimulationsdo not producesigni cantly different

results.Thereportedresultsignorethe rst 20 second®f each
simulationrun.

REFERENCES

J. CaoandK. Ramanan2A PoissonLimit for Buffer Over ov Proba-
bilities? in Proceedingf IEEE INFOCOM, June2002.

I. C. Paschalidisand S. Vassilaras®Model-BasedEstimationof Buffer
Over av Probabilitiesfrom Measurements,in Proceedingsof ACM
SIGMETRICSJune2001.

C. Villamizar andC.Song2High Performancd CPin ANSNET? ACM
ComputerCommunicatiorReview, Oct. 1994.

G. Appenzellerl. KeslassyandN. McKeawn, 2SizingRouterBuffers?
in Proceedingof ACM SIGCOMM Oct. 2004.

R. Morris, aTCP behaior with mary “ows? in ProceedingsIEEE
International Confeence on Network Protocols Oct. 1997, pp. 205—
211.

——, aScalableTCP CongestionControl? in Proceedingsof IEEE
INFOCOM, Apr. 2000.

S. Floyd and V. Jacobson2RandomEarly Detection Gatevays for
Congestiomvoidance, IEEE/ACM Transactionson Networking vol. 1,
no. 4, pp. 397-413,Aug. 1993.

L. Le,J.Aikat, K. Jefay, andF. D. Smith,2TheEffectsof Active Queue
Managemenon Web Performanceé,n Proceeding®f ACM SIGCOMM
Aug. 2003.

V. Misra, W. B. Gong, and D. Towsley, 2Fluid-basedAnalysis of a
Network of AQM RoutersSupportingTCP Flows with an Application
to RED? in Proceedingsnf ACM SIGCOMM Sept.2000.

T. J. Ott, T. V. Lakshmanand L. H. Wong, 23SRED: StabilizedRED?
in Proceedingof IEEE INFOCOM, Apr. 1999.

M. Mathis, J. Semle, and J. Madhai, The MacroscopicBehavior of
the TCP CongestionAvoidanceAlgorithm? ACM ComputerCommuni-
cationsReview, vol. 27, no. 3, pp. 67—-82,July 1997.

J.Padhye V.Firoiu, D.Towsley, andJ. Kurose 2ModelingTCP Through-
put: A Simple Model and its Empirical Validatior in Proceedingsof
ACM SIGCOMM 1998.

B. Sikdar S.KalyanaramanandK. S. Vastola2Analytic Modelsfor the
Lateny and Steady-Stat& hroughputof TCP Tahoe,RenoandSACK?
IEEE/ACM Transactionson Networking vol. 11, no. 6, pp. 959-971,
Dec. 2003.

S. BhattacharyyaC. Diot, J. Jetchea, and N. Taft, 2POP-Leel and
Access-Link-Lgel Traf®c Dynamicsin a Tier-1 POP? in Proceedings
of the ACM SIGCOMM Internet MeasuementWorkshop (IMW), Nov.
2001.

N. Brownlee and K. Claffy, 2Internet Stream Size Distributions? in
SIGMETRICS02: Proceeding=f the 2002 ACM SIGMETRICSnter-
nationalconfeenceon Measuementand modelingof computersystems
ACM Press2002, pp. 282-283.

N. Cardwell, S.Saage,and T.Anderson,2Modeling TCP Lateng? in
Proceedingf IEEE INFOCOM Mar. 2000.

R. Mortier, I. Pratt, C. Clark, and S. Crosby 2lmplicit Admission
Control? IEEE Journal on SelectedAreasin Communicationsvol. 18,
no. 12, pp. 2629-2639PDec. 2000.

P. R. Selvidge,B. ChaparroandG. T. Bender 2The World Wide Wait:
Effects of Delays on User Performance,in Proceedingsof the IEA
2000/HFES2000 Congess 2000.

Y. Zhang,L. Breslau,V. Paxson,andS. Shenler, 20nthe characteristics
and origins of internet ow rates in Proceedingsof ACM SIGCOMM
2002 ACM Press,2002,pp. 309-322.

M. Allman, 2A Web Sener's View of the TransportLayer? Computer
CommunicatiorReview, vol. 30, no. 5, Oct. 2000.

H. Jiang and C. Dovrolis, 2Passve Estimation of TCP Round-Tip
Times? ACM ComputerCommunicatiorReview, Aug. 2002.
S.Jaisval, G. lannacconeC. Diot, J. Kurose andD. Towsley, 2Inferring
TCP ConnectionCharacteristicsThrough Passie Measurements,in
Proceedingf IEEE INFOCOM Mar. 2004.

(1]
(2]

(3]
(4]
(5]

(6]
(7]

(8]

El

[20]

[11]

[12]

[13]

[14]

[15]

[16]

[17]

(18]

[19]

[20]
[21]

[22]



