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Abstract— Packet buffers in router/switch interfacesconstitute
a central elementof packet networks. The appropriate sizing of
thesebuffers is an important and open research problem. Much
of the previous work on buffer sizing modeled the traf�c as an
exogenousprocess,i.e., independentof the network state,ignoring
the fact that the offered load fr om 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
elsewhere, 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 thr ee constraints. Our results are
applicable when most of the traf�c (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 meanof 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 �o ws
that are bottlenecked at that link, when that number exceedsa
certain thr eshold. 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 fr om packet and losstraces,evaluate
the proposedmodel with simulations, and compare it with two
other buffer provisioning schemes.
Keywords: TCP, congestioncontrol,queueandbuffer manage-
ment,routersandpacket switches.

I . INTRODUCTION

The packet buffers of router or switch interfaces(“links”)
are an essentialcomponentof packet networks. They absorb
the ratevariationsof incomingtraf�c, delayingpacketswhen
there is contentionfor the sameoutput link. In general,in-
creasingthebuffer spaceat a routerinterfacetendsto increase
the link utilization and decreasethe loss rate, but it also
tendsto increasethemaximumqueueingdelay. Consequently,
a simple but fundamentalquestionis: what is the minimum
buffer requirementof a networklink givencertain constraints
on theminimumutilization, maximumlossrate, andmaximum
queueingdelay?

Perhapssurprisingly, the answer to this question is still
not well understood,and 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 vendorrecommendsthat a routerinterface
should have 500ms worth of buffering, implying that the
buffer requirement is proportional to the capacity of the
correspondinglink. But why is this theright answer, andif so,
why is 500mstheright delay?A commonruleof thumbis that
thebuffer requirementis equalto thebandwidth-delayproduct,
in which the bandwidthterm is the capacityof the link, and
the delayterm correspondsto the Round-Trip Time (RTT) of
a TCP connectionthat may saturatethat link. However, what
if the link is loadedwith several TCP �o ws? What if their
RTTs aredifferent?And how do differenttypesof �o ws (e.g.,
large versussmall) affect the requiredbuffer size?

The buffer sizing problem would be tractableif we had
an accuratemodel to characterizeInternet traf�c. In that
case,it might be possibleto calculatethe buffer requirement,
given certainperformanceobjectives, basedon an analytical
or numericalevaluationof thecorrespondingqueueingsystem.
Signi�cant advanceshave beenmadein that direction, espe-
cially in the context of QoSprovisioning; we refer the reader
to [1], [2] and to the referencestherein. Such approaches,
however, face two major problems.First, an accurateand
parsimonioustraf�c modelthatwould bevalid for any Internet
link is still to be found, while the accurateparameterization
of such models is often an even harder process.Second,
moreimportantly, thepreviousapproachis intrinsically “open-
loop”, meaningthat the traf�c that is applied to a queueis
an exogenousprocessthat doesnot dependon the stateof the
network. Clearlythat is not thecasewith Internettraf�c, given
that TCP �o ws, which accountfor almost 90% of Internet
traf�c, react to packet lossesand RTT variations.A closed-
loop approach,on the other hand, would couple the traf�c
sourceswith the amountof buffering andthe resultingdelays
and lossesin the network, adjusting the throughputof the
former basedon how TCP behaves.

A well cited paper in the area of buffer sizing for TCP
traf�c is the work by Villamizar and Song [3]. That is an
early experimentalstudy, performedat a WAN testbed,that
measuredthe link utilization and the throughputof end-to-
endbulk TCP transferswith differentbuffer con�gurations.A
recommendationgiven by [3] is that the buffer spaceshould
be at leastequal to the bandwidth-delayproductof the link,
where the “delay” term refers to the RTT of a single TCP
�o w that attemptsto saturatethat link. No recommendations



aregiven,however, for themorerealisticcaseof multiple TCP
�o ws with differentRTTs.

Quite recently, Appenzelleret al. [4] concludedthat the
buffer requirementat a link decreaseswith the squareroot
of the numberN of TCP �o ws that are active at that link.
Accordingto their analysis,the buffer requirementto achieve
almost100%utilization is

B =
CTav gp

N
(1)

referredto asthe “Stanfordscheme”henceforth.Note that for
N =1, this is the rule of thumbin [3]. The key insight behind
the Stanfordschemeis that, when the numberof competing
�o ws is suf�ciently large, they canbe consideredindependent
and non-synchronized,and so the standarddeviation of the
aggregateofferedload(andof thequeueoccupancy) decreases
with the squareroot of N . An important point about the
Stanfordmodel is that it aims to 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 consider the effect of the number of
competingTCP �o ws on the buffer sizing problem was by
Morris in [5], [6]. He recognizedthat the loss rate increases
dramaticallywith the numberof active TCP �o ws, and that
bufferingbasedon thebandwidth-delayproductcanbegrossly
insuf�cient in practice,causingfrequent TCP timeouts and
unacceptablevariationsin the throughputandtransferlatency
of competingTCP transfers[5]. He also proposedthe Flow-
ProportionalQueueing(FPQ) mechanism,as a variation of
RED, which adjuststhe amount of buffering basedon the
numberof activeTCP�o ws.FPQis acornerstoneof ourwork,
andwe explain it in detail in xIV. However, neither[6] and[4]
distinguishbetween�o ws that are bottlenecked at the given
link and �o ws that are bottlenecked elsewhere, or between
�o ws that are limited by their sizeor advertisedwindow. We
show that the buffer requirementof a link dependsnot on the
numberof active �o ws, but on the numberof �ows that are
throughput-limiteddue to congestionat that link.

A relatedareaof work is thatof Active QueueManagement
(AQM) [7], [8], [9], [10]. Instead of using simple Drop-
Tail queues,AQM usesearly drops,beforebuffer over�ows
occur, aiming to control the averagequeuesize independent
of the physicalbuffer size,stabilizethe queuesize,andavoid
bursty lossesandglobal losssynchronization.Note thatAQM
schemescannot control the maximum loss rate. Also, the
effects of heterogeneousRTTs, non-persistentconnections,
and of the numberof competing�o ws on AQM parameters
arenot well understood.Furthermore,AQM schemesarenot
deployedin theInternet,at leastsofar. Eventhoughour buffer
sizingmethodis not directly applicableto AQM schemes,it is

importantto notethatAQM schemeswould not solve themain
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 queuegivenconstraintson theminimumutilization,
maximum loss-rate,and, when feasible, on the maximum
queueingdelay. Speci�cally, we derive the minimumbuffer
size that is required so that the link can be fully utilized
by heterogeneousTCP �o ws, while keeping the loss rate
and the queueingdelay boundedby given thresholds.The
minimum amountof buffering to satisfy theseconstraintsis
preferred,becauselarger buffers cost more and they lead to
increasedqueueingdelaysand jitter. We show that the buffer
requirementgiven N heterogeneousTCP �o ws dependson
the harmonicmeanof their round-trip times1. We also show
that thedegreeof losssynchronizationcansigni�cantly affect
thebuffer requirement,especiallyfor links thatcarry lessthan
a few tens of persistentTCP �o ws at a time (for instance,
accessor edgelinks). To limit the loss rate at the link, we
show that the minimum buffer requirementis proportionalto
thenumberof �o wsNb thatare“bottlenecked” at thatlink, i.e.,
throughput-limitedonly by local congestion,whenNb exceeds
a threshold.Dependingon thevalueof Nb andthegivendelay
bound,it may not be feasibleto satisfyboth the lossrateand
delayconstraints.In thatcase,theoperatorcanperformbuffer
sizing basedon the constraintthat he/sheconsidersas most
important.

Our model is applicableand accuratewhen most of the
traf�c (80-90%)at the given link belongsto the Nb locally
bottlenecked �o ws. The restof the traf�c canbe UDP �o ws,
short TCP �o ws, window-limited TCP �o ws, and persistent
TCP �o ws that are bottlenecked elsewhere.The main contri-
bution of the paperis a buffer sizing formula that we refer to
asBuffer Sizingfor CongestedLinks(BSCL). We alsodescribe
how to estimatetheparametersthatBSCL dependson,namely
�o w RTTs, numberof locally bottlenecked �o ws, and a loss
synchronizationfactor, from packet and loss traces.Finally,
we usesimulationsto validateBSCL and to compareit with
the bandwidth-delayproductbuffer sizing formula, and with
the Stanfordscheme.

Paper structure: SectionII describesour link andtraf�c
model and statesthe buffer sizing problem. Section III de-
rives the buffer requirementfocusingonly on the utilization
constraint.SectionIV 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. SectionVI
describeshow to estimatetheparametersof BSCL.SectionVII
validatesBSCL andcomparesit with two relatedschemes.We
concludein SectionVIII.

1The harmonicmeanof N numbersT1 ; : : : TN is given by NP
1

T i

.



I I . TRAFFIC MODEL AND OBJECTIVES

Our model of a router/switchinterface is a single queue
with constantcapacityC bytes/secandbuffer spaceB bytes.
Thequeuefollows theDrop-Tail policy, meaningthat it drops
anarriving packet if thereis not enoughspacein thebuffer. Of
coursea modernrouter interfaceis muchmorecomplex than
this simple queue.Our model is applicable,however, under
the following assumptions.First, we consideroutput-queued
multiplexers,in which packetsareswitchedto theappropriate
output interfacebeforeany signi�cant queueingat the input
ports. In router architecturesthat usevirtual-output-queueing
or sharedmemoryamongall interfaces,the modelshouldbe
adjustedto considera variablecapacityC or a variablebuffer
spaceB , respectively. Second,the assumptionof a single
queueper interfaceis justi�ed by the fact that, even though
many routersprovide several queuesfor different classesof
service,typically only oneof themis used.Third, we assume
that the buffer is structuredin terms of bytes, rather than
packets or cells of a certain size. Modifying the resultsfor
buffers with a more coarseaddressinggranularityshouldbe
straightforward.

The buffer sizing objectivesthat we considerarerelatedto
threemajor performancemetrics for a network link: utiliza-
tion, loss rate, and queueingdelay. Speci�cally, we want to
calculatetheamountof bufferingB thatsatis�esthefollowing
constraints,whenit is feasibleto do so:

1) Full utilization : The averageutilization � of the link
shouldbe at least �̂ � 100% when the offered load is
suf�ciently high. In therestof thepaper, we set�̂ =98%.

2) Maximum loss rate p̂: The loss rate p should not
exceedp̂, typically 1-2% for a saturatedlink. A limited
loss rate allows persistentTCP connectionsto achieve
a signi�cant throughput,and it reducesthe throughput
variability amongdifferent�o ws. A low lossrateis also
importantfor shortTCP�o ws, thatoftencannotrecover
from lossesusingFast-Retransmit,andfor interactive or
real-timeapplicationsthat cannotafford retransmission
delays.Morris showedsimulationresultsfor thetransfer
latency of shortTCP�o ws asthe lossrateincreases[6].
His resultsshow that the lossrateincreasesalmostwith
the squareof the numberof competing�o ws. The loss
rateincreasecauses,not only a reductionin theaverage
�o w throughput,but also a signi�cant increasein the
variation of the transferlatency acrossdifferent �o ws.
This is becausesomeshort �o ws are “lucky” and they
do not seepacket losses,while other �o ws experience
several losses and retransmissiontimeouts. In other
words,a large loss rate causessigni�cant unfairnessin
the bandwidthdistribution among�o ws, andalso large
transfer latenciesdue to frequent TCP retransmission
timeouts.

3) Maximum queueing delay d̂: The queueingdelay d
shouldnot exceeda boundd̂. Even thougha queueing
delay requirementcan be statedin termsof short-term

averages,or in terms of the delay tail distribution, a
bound on the maximum queueingdelay is simpler to
verify andit leadsto deterministic,ratherthanstatistical,
guarantees.The SLAs provided by major ISPs today
are often expressedin termsof maximum delays.The
maximumdelay requirementis important for real-time
applications,andit is alsorelatedto the transferlatency
of short TCP �o ws. In general,increasingB tendsto
increase� , decreasep, but at the sametime increase
d. This implies that the given constraints (�̂; p̂; d̂) may
not be feasible. Speci�cally, for the maximum delay
requirementto be met, we must have that B < Cd̂.
It is possiblehowever that unlessif B is larger than
Cd̂, it is not feasible to meet utilization and/or loss
rateconstraints.In thatcase,theoperatorwould have to
choosewhetherthe maximumdelay constraintis more
important than 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 traf�c 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 congestive lossesat the target link. The
throughput R of LBP �o ws can be approximatedby the
following simple formula, derived in [11],

R =
0:87M
T

p
p

(2)

whereM is the�o w'sMaximumSegmentSize,T is the�o w's
averageRTT, andp is the lossrate that the �o w experiences.
The previous model is fairly accuratewhen p is lessthan 2-
5% andmostlossesarerecoveredwith Fast-Retransmit.More
accuratemodels,taking into accountretransmissiontimeouts,
a maximumadvertisedwindow, or differentvariationsof TCP
(such as SACK) exist in the literature (see [12], [13] and
referencestherein).We preferto use(2), however, mostlydue
to its simplicity. It is important to note that, for LBP �o ws,
the loss rate p shouldbe equal to the loss rate at the target
link, i.e., the �o w should not encounterlosseselsewhere in
its path.Also note that the averagewindow of an LBP �o w,
W = RT, is independentof the �o w's RTT.

b) Remotely Bottlenecked Persistent (RBP) TCP
¯ows: Theseare also large TCP �o ws that are only limited
by congestion,and their throughputcan be approximatedby
(2). The differencewith LBP �o ws is that RBP �o ws also
experiencelossesin links other than the target link, and that
their throughputbottleneckis not the target link. Hencethe
valueof p for these�o ws in (2) would be larger thanthe loss
rateat the target link.

c) Window-limited Persistent TCP ¯ows: Theseare
also large TCP �o ws, but their throughputis limited by the
receiver advertisedwindow. Note that window-limited �o ws



may also experiencepacket 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
traf�c at the target link may includeTCP mice andnon-TCP
�o ws. The former spendmost of their lifetime in slow start,
and they typically accountfor a small shareof the aggregate
traf�c in Internetlinks [14], [15]. The latter canbe viewed as
exogenoustraf�c, and they arealso typically a small share.

The key assumptionin the rest of this paperis that most
of the traf�c at the target link is generatedfrom LBP �o ws.
The reasonbehind this assumptionis that we heavily rely
on the “sawtooth” behavior of TCP �o ws, as well as on
(2). Note that non-LBP traf�c could also contribute to the
buffer requirement.Our conjectureis, however, that if the
LBP �o ws accountfor almosttheentireaggregatetraf�c, then
any additionalbuffer requirementdue to non-LBP �o ws can
be ignored.The simulationsof x VII show that the proposed
BSCL formula is valid as long asLBP �o ws accountfor 80-
90% of the aggregatetraf�c in the target link.

The major implication of the previous assumptionis that
BSCL will be mostlyapplicablein edgeandaccessnetworks,
where certain links can becomecongestedwith large TCP
�o wsthatarelocally bottlenecked.Corenetwork links, or links
that rarely becomethe bottleneckfor the majority of their
traf�c, shouldnot be provisionedbasedon BSCL. For such
links, the Stanfordschemeof [4] may be more appropriate.
On theotherhand,theStanfordschemecanleadto a high loss
rate in links with a large fraction of LBP traf�c, asshown in
x VII. We note that even though most of the Internet links
todayareprobablywell-provisionedandnot congested,there
arecertainlybottlenecksat “last-mile” links, accessnetworks,
aswell as in the developingworld.

I I I . UTIL IZATION CONSTRAINT

Consider, initially, the utilization constraint�̂ � 100%,and
let us assumethat the traf�c consistsonly of Nb LBP �o ws2.
The objective of buffer provisioning in this caseis to “hide”
theTCP window reductionsdueto congestive lossesfrom the
link' s output rate.This can be achieved by buffering enough
traf�c before the losses,so that even after any congestive
lossesandwindow reductionsthe link remainssaturated.

A. Single�ow

In the caseof a single TCP �o w with RTT T seconds,
the previous insight leadsto the well-known bandwidth-delay
productbuffer sizingformulaB � CT. In detail,supposethat
the �o w hasreacheda window size W max when it causesa
buffer over�ow. At that time thewindow is W max � CT + B ,
and so one or more packets must be dropped.In congestion
avoidance, in particular, only one packet will be dropped
becauseW max = CT + B + 1. If all droppedpackets are
detectedwith Fast-Retransmitas a single congestionevent,

2We use N b 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 min = W max =2. So,
the minimum window sizeafter a congestionevent canbe as
low asW min = (CT + B )=2. The link will remainsaturated
aslong asW min � CT, andso the minimum requiredbuffer
spaceis

B = CT (3)

Thepreviousbuffer requirementhastheform of a “bandwidth-
delay product”, with “bandwidth” referring to the capacity
of the link and “delay” referring to the RTT of the TCP
connectionthat saturatesthe 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 packetscanbe lost at the sametime causingmultiple
window reductions,or eventimeouts.In thatcase,(3) maynot
besuf�cient to avoid a utilization drop.Second,theRTT term
of (3) doesnot includeany queueingdelaysin the target link;
however, queueingdelaysin otherlinks shouldbe includedin
T .

B. Heterogeneous�ows - global synchronization

Considernow the generalcaseof Nb heterogeneousLBP
�o ws with RTT Ti , i =1; : : : Nb. We �rst derive the minimum
buffer requirementfor full utilization consideringthe worst-
casescenarioin which all �o ws experiencea lossat thesame
congestionevent.Suchglobal losssynchronizationeventsare
commonin Drop-Tail buffers carrying just a few �o ws.

Supposethat during a particular congestionevent around
time tc each of the Nb �o ws reducesits window from a
maximumvalueW max

i to a minimumvalueW min
i . As in the

caseof a single�o w, weassumethatafterthecongestionevent
the window of each�o w is reducedby a factor of two, i.e.,
W min

i = W max
i =2. Before the congestionevent, the backlog

of �o w i at thebuffer is Qmax
i = W max

i � W f lt
i , whereW f lt

i
is the amountof bytesfrom �o w i “in-�ight” in the path,but
not backloggedat the queueof the target link, just prior to
the congestionevent. As shown in [12], the expectedvalue
of the TCP congestionwindow at any point in time doesnot
dependon the �o w's RTT. So, as long as all Nb LBP �o ws
experiencethe sameloss rate at the target link, we have that
W f lt

i =W f lt for all i .
The aggregatebacklogbeforethe congestionevent is

Qmax =
N bX

i =1

(W max
i � W f lt ) (4)

Sinceall thewindows areat their maximumvalues,this is the
maximumpossiblebacklogat the bottlenecklink. To ensure
that the link remainssaturatedafter tc, whenthewindows are
at their minimum values,we musthave that

Qmin =
N bX

i =1

(W min
i � W f lt ) � 0 (5)



whereQmin is thebacklogat thebottleneckaftertc. To derive
theminimumbuffer requirement,we considertheextremecase
in which W min

i =W f lt for all i , and so Qmin =0. So, since
2W min

i = W max
i , the maximumpossiblebacklogis givenby

Qmax = NbW f lt (6)

In order for the Nb �o ws to saturatethe link even when the
aggregatebacklogis zero,we musthave that

N bX

i =1

Rmin
i = C (7)

whereRmin
i is the throughputof �o w i after the congestion

event,

Rmin
i =

W min
i

Ti
=

W f lt

Ti
(8)

From (7) and(8), we get that

Rmin
i =

C

Ti
P N b

i =1 1=Ti

(9)

andso the maximumpossiblebacklogfollows from (6)

Qmax = NbW f lt =
N bX

i =1

Rmin
i Ti =

N bX

i =1

C
P N b

i =1 1=Ti

(10)

We set the minimum buffer requirementto be the maximum
possiblebacklogi.e. B = Qmax . Hence,the minimum buffer
requirementfor saturatingthe link can be written againas a
bandwidth-delayproduct

B = CTe (11)

whereTe is referredto as the effectiveRTT of the Nb �o ws,
and it is given by the harmonicmeanof their RTTs,

Te =
N bX

i =1

1
P N b

i =1 1=Ti

=
Nb

P N b
i =1 1=Ti

(12)

In the case of Nb homogeneous�o ws with RTT Ti =T,
the effective RTT is equal to T , and the minimum buffer
requirementbecomesas in the caseof a single �o w.

It is interesting that the effective RTT is given by the
harmonicmean,asopposedto thearithmeticmeanof the �o w
RTTs. The harmonicmeanof Nb uniformly distributedposi-
tive valuesis lower than their arithmeticmean.For instance,
supposethat we have Nb RTTs uniformly distributed from
T

N b
to T i.e. Ti = T i

N b
with i = 1; : : : Nb. The effective RTT

is given by Te = TP N b
i =1

1=i
, which can be approximatedby

Te � T=(lnN b + 1). For Nb=1000,we get Te � T=8, while
the RTT arithmeticmeanis approximatelyfour times larger.

The reasonthat the buffer requirementdependsmoreheav-
ily on small RTTs is that the corresponding�o ws have a
larger shareof their window backloggedin the buffer of the
target link thanelsewherein thepath,comparedto �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-burst lengthasa function of the numberof ¯ows.

few connectionshave atypically large RTTs, as long asmost
LBP �o ws have smallRTTs. This would not bethecaseif the
effective RTT wasdeterminedby the arithmeticmean.

C. Heterogeneous�ows - partial synchronization

The assumptionof global loss synchronizationgave us a
simple result for the minimum buffer requirement,but it is
fairly restrictive. We now derive the buffer requirementin the
caseof partial losssynchronizationwith a simpleprobabilistic
model.

Thestartingpoint for this modelis the relationbetweenthe
numberof LBP �o ws Nb andthe loss-burst lengthL (Nb) i.e.,
the numberof droppedpacketsduring a congestionevent. A
congestionevent can be loosely de�ned as a time period in
which one or more packets from different �o ws are dropped
in a short duration,relative to the durationof loss-freetime
periods.

To empirically measureL (Nb) with simulations,we ex-
amine the time seriesof the packet drops at the target link
andcount the numberof successive dropsthat arespacedby
less than the effective RTT of the corresponding�o ws. The
reasonfor choosingthe RTT as the appropriatetime scale
is becauseTCP �o ws detect and react to packet lossesin
(roughly)asingleRTT. We observed,throughsimulations,that
L (Nb) tendsto increasewith thenumberof LBP �o ws Nb. To
illustratethis,Figure1 showssimulationresultsfor themedian
loss-burst length as a function of Nb

3. Notice that the loss-
burst length increasesas the numberof LBP �o ws increases.
This is because,asNb increases,more�o wsexperiencepacket
dropsevery time the buffers of that link over�ow, even if the
�o ws arenot completelysynchronized.Also note that L (Nb)
increasesalmostlinearly with Nb with a slopethat is lessthan

3More detailsabout the simulation topology and parametersare given in
the Appendix.For the resultsof Figure1, we have C=45Mbpsand75Mbps,
with B =CTav g packets.Thesesimulationswererun ten timeswith different
randomseeds,andFigure1 shows themedianloss-burst lengthacrossthe ten
runs.



one,at leastfor the rangeof Nb in Figure1; we returnto this
point later in the section.

If we could estimatethe averagesize of a loss-burst �L N b

for Nb LBP �o ws, then we can derive the minimum buffer
requirementfor full utilization. Considera congestionevent
with the averageloss-burst length �L N b . The probability that
noneof the �L N b droppedpacketsbelongsto a particular�o w
i is (1 � 1=Nb) �L N b . So, the fractionof �o ws thatareexpected
to seeat leastone loss is

q(Nb) = 1 � (1 �
1

Nb
)

�L N b

(13)

Note that, the fraction q(Nb) decreasesas Nb increases,
meaningthat it becomesless likely for a given �o w to see
a lossduring a congestionevent.

Supposethat W is the averagewindow size (in bytes)of
a �o w before a loss-burst of length �L N b . After the loss-burst,
we expect that a fraction q(Nb) of �o ws will seelossesand
they will reducetheir window by a factor of two, while the
rest of the �o ws will increasetheir window by one packet.
Thus,the averagewindow sizeW 0 after the congestionevent
will be

W 0 = q(Nb)
W
2

+ [1 � q(Nb)](W + M ) (14)

whereM is the �o w's segmentsize. The link was saturated
beforethe congestionevent,whenthe buffer was full, andso
NbW � CT + B . We requirethat the link stayssaturatedafter
the congestionevent.Sincewe areinterestedin the minimum
buffer requirement,we can considerthe casethat the buffer
becomesempty after the congestionevent, and so NbW 0 =
CT. This is equivalent to the following expression

q(Nb)
CT + B

2Nb
+ [1 � q(Nb)](

CT + B
Nb

+ M ) =
CT
Nb

(15)

Solving for B , the minimum buffer requirementis

B =
q(Nb)CT � 2M Nb[1 � q(Nb)]

2 � q(Nb)
(16)

where q(Nb) can be calculated from (13) if we have an
estimateof the average size of a loss-burst for the given
numberof �o ws Nb.

Someremarkson (16) follow. First, in the caseof global
loss synchronizationq(Nb)=1 and so the resulting buffer
requirementbecomesB = CT, as in (11) for the case
of homogeneous�o ws. Second, the effect of partial loss
synchronizationis to reducethe buffer requirement,sinceB
decreasesas Nb increases.Intuitively, this is becausewhen
�o ws are partially synchronized,they do not reduce their
windows at exactly the same time, and so the amount of
backloggedtraf�c that is neededto keepthe link saturatedis
reduced.Third, the above equationis derived consideringNb

homogeneousLBP �o ws. To take into accountheterogeneous
connections,we would replaceT in the above equationwith
Te, whereTe is the effective RTT de�ned earlier.
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Fig. 2. The deterministicmodel (11), the probabilistic model (16), and
simulationresultsfor a utilization constraint�̂ =98%.Note that theTCP¯ows
areheterogeneous,andsotheir effective RTT changesaswe increaseN . This
explains the spike of the curveswhenN � 5.

D. Model validation

Figure 2 comparesthe 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 Te variesaswe increaseNb.

To simplify the estimation of �L N b , let us go back to
Figure 1. Observe that the relation betweenloss-burst length
andNb is almostlinear, andso we canapproximate�L N b as

�L N b � �N b (17)

where � is the loss synchronization factor. Our simulations
have shown that � < 1, typically in the range0.4-0.7for the
rangeof Nb shown in Figure 2. We observed that the linear
approximation(17) remainsvalid aslongasNb is morethan3-
5 �o ws,andlessthana coupleof hundredsof �o ws.As will be
shown in the next section,the buffer requirementdependson
thelosssynchronizationfactoronly whenNb is lessthana few
tensof �o ws. For larger valuesof Nb, the buffer requirement
is determinedby themaximumlossrateconstraintandit does
not dependon �L N b . So, the linear approximationof (17) is
suf�cient for our purposes.

Figure 2 shows that the probabilistic model (16) follows
closelythesimulationresultsfor a losssynchronizationfactor
� =0.6.With � =0.4,which wasobserved in thesimulationsof
Figure1, (16)underestimatesthebuffer requirement.Theerror
is not large, however, implying that the buffer requirementis
robust to errors in the estimateof � . Notice that the deter-
ministic model B = CTe, on the other hand,overestimates
the requiredbuffer size by a factor of almost ten for large
valuesof Nb. This overestimationcan lead to large queues,
and increasedtransferlatenciesand jitter. Thus,we prefer to
use the probabilisticmodel, even though it requiresa rough
estimatefor the loss synchronizationfactor � (or for �L N b ).



Note that Figure 2 shows the buffer requirementin termsof
packets,while (16) is in termsof bytes.To convert from bytes
to packets, the buffer size given by (16) is divided by the
segmentsizeM =1500B.

The probabilistic model remainsaccurateas long as the
number of �o ws is less than about 80 in the simulations
of Figure 2. For a larger number of �o ws, the loss rate
becomeshigher than 4-5%, �o ws often experiencetimeouts
and multiple window reductionsduring the samecongestion
event,andour probabilisticmodelbecomesinaccurate.In that
operatingregion, however, the buffer requirementdoes not
dependon theutilization constraint,but on themaximumloss
rate constraintthat we examine in the next section.So, the
probabilisticmodel (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 that is loadedwith LBP �o ws. Even
thoughutilization is a major concernfor a network operator,
the service that end-usersperceive can be quite poor when
the loss rate is more than about5%. Lossesare particularly
detrimentalfor relatively short and interactive �o ws, suchas
HTTP �o ws, which often have to recover droppedpackets
with retransmissiontimeouts[16]. Even for bulk transfers,a
high loss rate can causetimeouts to those“unlucky” �o ws
that experiencemultiple nearbylosses,affecting them more
severely than other �o ws [5]. Consequently, we are also
interestedin an upperboundp̂ on the lossrateof a congested
link. In the restof the paper, we assumethat p̂ is 1%.

Thereis an intimateconnectionbetweenthe lossratep at a
link andthenumberNb of LBP �o ws at the target link. From
(2), we seethatif Nb homogeneous�o ws with RTT T saturate
a link with capacityC, the lossratep will be proportionalto
the squareof Nb,

p = Nb
2(

0:87
CT

)2 (18)

The previous expressionis accurateonly when the link is
adequatelybufferedso that the Nb �o ws cansaturateit. Also,
(18) is valid as long as the model of (2) is applicable;if p
is larger than about 3-5%, timeoutsbecomecommonand p
increasesalmostlinearly with Nb [5].

One way to interpret(18) is that, given an upperboundp̂
on the loss rate, the numberof persistentTCP �o ws should
be less than

p
p̂CT=0:87. That would require,however, an

admissioncontrol scheme,limiting the numberof �o ws that
can accessthe network. Suchschemeshave beenpreviously
proposed[17], but not deployed.

A. Flow Proportional Queueing

Anotherapproach,referredto asFlow ProportionalQueue-
ing (FPQ) [6], is to meet the loss rate constraintp̂, not by
limiting Nb, but by increasingthe RTT of the �o ws as Nb

increases.Since the RTT includesthe queueingdelay at the
target link, increasingthe buffer spaceof that link would

increasethe RTTs of the carriedTCP �o ws. This would tend
to keep the loss rate constantin spite of an increasein the
numberof TCP �o ws.

Speci�cally, supposethat the Nb �o ws are homogeneous,
and that their RTT is

T = Tp + Tq (19)

where Tq is the queueingdelay at the target link and Tp

accountsfor all otherdelaysalongtheforwardor reversepaths
of the �o ws. From (18) and (19), we seethat the queueing
delay T̂q that is requiredto meetthe lossrateconstraintp̂ is

T̂q =
0:87
C

p
p̂

Nb � Tp (20)

The key observation is that to keepthe lossrate constant,the
queueingdelayshouldincreaseproportionally to Nb.

The averagequeueingdelayTq in a congestedlink can be
assumedto be, as a �rst-order approximation,equal to the
maximumqueueingdelayB =C. Then,thebuffer requirement
to keepthe lossratebelow p̂ is

B � CT̂q = K pNb � CTp (21)

where

K p =
0:87
p

p̂
(22)

So, B hasto be suf�ciently large so that each�o w canhave
a window of K p packets,eitherstoredin the buffer (B term)
or elsewherein thepath(CTp term).Note thatK p� 9 packets
for p̂=1%, andK p� 6 packets for p̂=2%.

The buffer sizing formula (21) is basicallythe sameas the
FPQschemeof [6]. Comparing(21) with FPQ(seeFigure5
of that reference),we seethat FPQsetsK p to 6 packets,and
it doesnot take into accountthetermCTp. Anotherdifference
is that [6] proposesto have K p packetsper active TCP �o w
at the target link. However, in our model,we only take into
account�o ws that are bottlenecked at the target link (LBP
�o ws).

B. Integratedmodelfor �̂ and p̂

(16) wasderived consideringonly the utilization constraint
�̂ , while (21) only consideredthe loss rate constraintp̂. To
meetboth constraints,B hasto be suf�ciently large to satisfy
the most stringentof the two requirementsfor any value of
Nb. Since (21) increasesproportionally with Nb, we expect
that B will be determinedby the utilization constraintif Nb

is lessthana certainnumberof �o ws ~Nb (if theeffective RTT
remainsconstant).If Nb> ~Nb, B is determinedby thelossrate
constraintinstead.

In the caseof heterogeneous�o ws with different RTTs,
the term Tp 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 stored in the buffer, is
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Fig. 3. Analytical andsimulationresultsfor �̂ =98% andp̂=1%.

CTe. Thus, the minimum buffer requirementfor the given
constraints�̂ � 100%andp̂ is

B̂ =

(
B � = q(N b )C Te � 2M N b [1� q(N b )]

2� q(N b ) if Nb < ~Nb

Bp = K pNb � CTe if Nb > ~Nb
(23)

where ~Nb is thevalueof Nb at which B � =Bp, q(Nb) is given
by (13), theeffectiveRTT Te is givenby (12),andK p is given
by (22).

Figure 3 comparesthe buffer sizing formula (23) with
simulationresultsfor the minimum buffer requirementwhen
�̂ =98% and p̂=1%. We assumethat the loss synchronization
factor is � =0.55. Note that the �o ws have different RTTs
(heterogeneouscase),and so the effective RTT Te changes
as we vary Nb. ~Nb is about 30 �o ws, which is shown by
the dotted line in Figure 3. We seethat the model slightly
underestimatesthebuffer requirement,dueto theprobabilistic
natureof losssynchronizationor dueto anerror in thechosen
value of � . The error is, however, quite small. For a larger
numberof �o ws, the minimum buffer requirementgiven by
the simulationsincreasesalmostlinearly with Nb, and(23) is
quite accuratein matchingboth the slopeand magnitudeof
therequiredbuffer. Furthervalidationresults,consideringalso
somelimited amountof traf�c from non-LBP�o ws, aregiven
in x VII.

V. DELAY CONSTRAINT

The previous two sectionsconsideredthe utilization and
lossrateconstraints,which areboth importantfor throughput-
intensive datatransferapplications.Many applications,how-
ever, alsohaveend-to-enddelayconstraints.For instance,real-
time conferencing,IP telephony, and telnet-like applications
can tolerate a maximum delay before their utility drops to
zero. As discussedin xII, even though the delay constraint
canbestatedin a probabilisticmannerbasedon thedelaytail
distribution, a maximumdelay constraintd̂ is easierto work
with and it doesnot dependon the statisticalcharacteristics
of the traf�c.

Web browsing �o ws, which are TCP-based,can also be
viewed as interactive [18]. Since they typically consist of
only a few datasegments,their transferlatency is primarily
dependenton their RTTs andlossrate,andnot on thecapacity
of the path. [16] showed how to predict the transferlatency
of a short TCP �o w taking into account the connection
establishmentphase,slow-start, and potential lossesduring
thosephases,given the RTT and loss rate. So, limiting the
queueingdelay at the links a Web �o w goes through also
limits the �o w's RTT, providing a lower transferlatency.

In this section,we extend the buffer provisioning model
of xIV with a maximum queueingdelay constraintd̂. Since
the maximum queueingdelay at a link of capacity C and
buffer spaceB is givenby B =C, thequeueingdelayconstraint
requiresthat B is limited by

B � Cd̂ (24)

We now facea feasibility problem: the constraintsfor �̂ , p̂,
andd̂ will notbesatis�ableif theminimumbuffer requirement
of (23) is larger than Cd̂. So, given C, Te, and N , the
maximumdelayconstraintthat canbe met is

d̂ > maxf
B �

C
;

Bp

C
g (25)

where B � and Bp are as given by (23). If a lower delay
boundis required,thenetwork operatorwouldneedto sacri�ce
the utilization and/orloss rateobjectives,limit the maximum
numberof persistent�o ws throughan admissioncontrol unit,
or increasethe capacityC of the link.

In the restof this paper, we assumethat the utilization and
lossraterequirementsaremore importantthanthe maximum
delay requirement.So, whenever d̂ is not feasible,we are
interestedin the minimumbuffer requirementto meet the �̂
and p̂ constraints,so that at leastwe minimize the maximum
queueingdelay. In the evaluationsection,we assumethat the
delayconstraintd̂ is large enoughso that (25) is true.

VI . PARAMETER ESTIMATION

In the last threesections,we derived an approximationfor
the minimum buffer sizeB that is requiredto saturatea link
of capacityC andto meeta maximumlossrateconstraintand
a maximumqueueingdelay constraint.Figure 4 summarizes
that result,which we refer to as Buffer Sizingfor Congested
Links (BSCL). Notice that the BSCL formula requires the
following traf�c parameters:anestimateof thenumberof LBP
�o ws (Nb), their aggregate capacityshare(Ce), RTTs (Ti ),
anda typical Maximum SegmentSize (M ). We alsoneedan
estimateof the loss synchronizationfactor � , or an estimate
of the averageloss-burst length �L N b for the given numberof
LBP �o ws. In this section,we describehow to estimatethese
parametersfrom passively collectedtracesof packetdepartures
andlossevents.Evenwhenthepreviousparameterscannotbe
estimatedaccuratelyin practice,it is still important to know
the factorsthat the buffer requirementdependson, and their
relative impact on B . In x VII, we presentsomesimulation



B = maxf B � ; Bpg (26)

where:

B � = q(N b )Ce Te � 2M N b [1� q(N b )]
2� q(N b )

Bp = K pNb � CeTe

Nb: numberof LBP �o ws at target link

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

Te = N bP N b
i =1

1=T i
: effective RTT of LBP �o ws

M : Maximum SegmentSize for LBP �o ws

K p = 0:87=
p

p̂ (9 packets for p̂=1%)

q(Nb) = 1 � (1 � 1=Nb) �L N b

�L N b � �N b: Averagesizeof a lossburst
where� is the losssynchronizationfactor

Fig. 4. BSCL formula: minimum buffer requirementto saturatea link of
capacityC and limit the loss rate to lessthan p̂.

resultsfor the robustnessof BSCL to estimationerrorsin Nb,
� , andTe.

Estimation of Nb and Ce: As previously mentioned,Nb

is the numberof large TCP �o ws that are limited, in terms
of throughput,only dueto congestive lossesat the target link.
In particular, we need to distinguish LBP �o ws from TCP
�o ws that are bottlenecked in other links, or that are limited
by their size or advertisedwindow. Actually, the problemof
classifying TCP �o ws basedon their primary rate-limiting
factor was studied in depth in [19]. That work developed
techniquesthat determineif a TCP �o w is limited by con-
gestion,sender/receivermaximumwindow, “opportunity” (i.e.,
size), etc, basedon a passively collectedtrace of the �o w's
packets.We usethe techniquesof [19] to detectsize-limited
andwindow-limited TCP �o ws4.

To distinguishbetween�o ws thatarelimited by congestion
at the target link (LBP) from �o ws thatexperiencecongestion
in other links, we developeda new heuristic.The basic idea
relies on the temporalcorrelationbetweenthe packet losses
and rate reductionsof a TCP �o w, as observed at the target
link. If a ratereductionof �o w X is not precededin therecent
pastby a packet lossby that �o w at the target link, we infer
that thewindow reductionmusthave beena consequenceof a

4We found,however, that thetechniquesdescribedin [19] arenot too accu-
rate to identify window-limited ¯ows whenqueueingdelaysarecomparable
to propagationdelays.

packet loss in someother link. If that happensseveral times,
the �o w is bottlenecked elsewhere(RBP). Otherwise,if most
of the signi�cant ratereductionsof X follow packet lossesat
the target link, we count the �o w asLBP. Ce is estimatedas
the aggregaterateof LBP �o ws.

Notice that window-limited TCP �o ws would also show
strong temporal correlationsbetween loss events and rate
reductions;the key difference with LBP �o ws is that the
latter keep increasingtheir window until a loss occurs.The
simulationsof x VII show that BSCL is robust to a limited
overestimationin 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 calculatetheeffective RTT of LBP
�o ws, we needan estimateof their RTTs Ti . Thereare sev-
eral passive measurementalgorithmsthat provide reasonably
accurateRTT estimatesfor TCP connections[20], [21], [22].
In this paper, we adoptedthe algorithm presentedin [21],
mostly becauseit doesnot requireboth traf�c directionsand
is quite simple. The estimationtechniqueof [21] is based
on the time spacingof the 3-way-handshake TCP messages,
and/or on the time spacingbetweenthe packets of the �rst
two round-trips of a �o w during slow-start. In either case,
a single measurementis produced,re�ecting the RTT at the
start of the �o w, before the latter builds up any queueingat
the target link. According to [21], their estimationtechnique
provides an RTT for 55-85% of the TCP workload, while
about90% of the measurementsare accuratewithin 10% or
5ms,whichever is larger. The techniqueof [21] hasa higher
estimationcoverageandaccuracy for large TCP �o ws, which
makesit quite appropriatefor LBP �o ws.

Estimation of �L N b or � : The B � term dependson the
degreeof losssynchronization,which in turn dependson the
averagelengthof a lossburst �L N b for that valueof Nb, or, if
we assumethe linearity of (17), on the loss synchronization
factor � . In sectionx III, we describedhow to measurethe
averageloss burst �L N b from a loss-event trace,and how to
estimate� from (17). If a loss-event trace is available, then
theaverageor mediansizeof a lossburst �L N b shouldbeused
directly, asit is moreaccurateespeciallywhenNb < 10 or so.
However, if a loss traceis not available, thena typical value
of � canbe usedinstead,suchas � =0.55.

VI I . EVALUATION

We evaluatedthe BSCL schemeusing NS-2 simulations.
The simulationtopology is shown in the Appendix,with the
capacityof the target link set to 50Mbps.We load the target
link with 4 types of traf�c: persistentTCP �o ws that are
bottlenecked at the target link (LBP �o ws), persistentTCP
�o ws thatarebottleneckedat theaccesslink prior to thetarget
link (RBP �o ws), window-limited TCP �o ws, andshortTCP
�o ws. The numberof RBP �o ws andwindow-limited �o ws is
20 and10, respectively, while thenumberof LBP �o ws varies
from 2 to 400. The short �o ws have an averagesize of 14
packets, and their interarrivals are exponentially distributed.
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Fig. 5. Lossrate for Ce=95% of C.

The total amountof non-LBP traf�c varies between5% to
20% (i.e., Ce varies from 95% to 80% of C). 40% of the
non-LBP traf�c comesfrom RBP �o ws, 40% from window-
limited �o ws, 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 theaccesslink capacityandreceiver window,
respectively. All �o ws start at randomtimes in the �rst 10%
of the simulation duration, which is then ignored from the
analysisof the simulationresults.

We run each simulation once with the target link buffer
set to B = CTav g, which is the rule of thumb describedin
x III. We then apply the estimationtechniquesdescribedin
x VI to get estimatesfor Nb, Te and �L N b . From the formula
of Figure 4, we then determinethe BSCL requirementfor a
maximumloss rate p̂=1%, and run the simulationagainwith
that value of B . We also simulate with the buffer size of
the Stanfordscheme[4], which is B = C Tav gp

N
. Note that [4]

doesnot differentiatebetweenLBP �o ws andother�o ws; for
comparisonpurposes,we setN to Nb in their formula.

Figures5-7 show the lossratethat is measuredat the target
link with eachbufferingscheme,whentheLBP capacityshare
Ce decreasesfrom 95% to 80%.We seethatwhenCe is 90%
of C, BSCL managesto keepthe lossratecloseto the p̂=1%
threshold.As the amount of non-LBP traf�c is increased,
however, BSCL startsviolating thatobjective. This is because
we have assumedthat the buffer requirementof non-LBP
traf�c can be ignored,which of courseis not true when that
shareof the workload is signi�cant comparedto LBP traf�c.
The CT rule of thumbandthe Stanfordscheme,on the other
hand,producea loss rate that increasessigni�cantly with the
numberof LBP �o ws. For 300 LBP �o ws, the loss rate is
about4%and10%with theCT formulaandwith theStanford
scheme,respectively.

We also investigatedthe target link utilization that results
from the previous threebuffering schemes(CTav g, Stanford,
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Fig. 6. Lossrate for Ce=90% of C.
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Fig. 7. Lossrate for Ce=80% of C.

BSCL). Simulation results (not included here due to space
constraints)show that theutilization remainsat 100%with all
threeschemes,as long as the numberof LBP �o ws is more
than10-20.With lowervaluesof Nb, asFigure8 shows,BSCL
can slightly underestimatethe buffer requirementif �L N b is
estimatedas the median,rather than the average,loss-burst
length.This is because,at low valuesof Nb, we occasionally
seea few very long loss-bursts that make the averageloss-
burstsigni�cantly longerthanthemedian.Figure8 alsoshows
that BSCL causesa more signi�cant underutilization(80%)
when Nb is just two �o ws. This is becauseour probabilistic
model for partial loss synchronizationcannot capture the
almost deterministicsynchronizationpatternsthat emerge in
that case.A simple correctionwould be to modify BSCL so
that B = CTe if Nb is lessthan5 �o ws.

Table I shows the buffer requirement(in terms of 1500-
B packets) predictedfrom eachof the previous three buffer
sizingschemesfor increasingvaluesof Nb. Theseresultsrefer
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to the caseCe=0.9� C. Note that Te varies as we increase
Nb. When Nb becomeslarger than ~Nb=17 �o ws, the BSCL
buffer requirementis determinedby the maximum loss rate
ratherthan the utilization constraint.The rule of thumbB =
CT predicts a buffer size that is much larger than that of
BSCLwhenNb is lessthanabout20-40�o ws.For more�o ws,
that rule requireslessbuffering thanBSCL, but aspreviously
shown, it also leadsto a signi�cant loss rate. The Stanford
schemerequiresmorebuffering thanBSCL whenthe number
of LBP �o ws is lessthanabout20, mostlybecauseit doesnot
considerthe effect of partial loss synchronization.For more
�o ws,theStanfordbuffer requirementdropsrapidly, but it also
causesa signi�cant loss rate.

It is also important to examine the robustnessof BSCL
to estimation errors in the parametersNb, �L N b , and Te,
especially when real-time measurementand adjustmentof
theseparametersis not feasiblein practice.In our robustness
study, we introducedcontrollederrorsin Nb, �L N b andTe, after
the initial estimationof the latter asdescribedin x VI. Then,
we repeatedthe simulationsseveral timeswith the erroneous
estimatesto observe the impactof thoseerrorsin the lossrate
andutilization at thetarget link. We foundthatoverestimation
or underestimationerrors up to 20% in �L N b or in Te do
not causeviolations in the utilization or loss rate constraints.
However, as Figure 9 shows, the underestimationof Nb by
20% doesviolate the loss rate constraintby up to 0.5% for
Nb less than 200 �o ws. Overestimationof Nb by a certain
factor, on the otherhand,causesoverestimationof the buffer
requirementby the samefactor, when the buffer requirement
is determinedby the lossrateconstraint.

VI I I . CONCLUSIONS

Thebuffer sizingproblemfor routersandswitcheshasbeen
considered“black art” for some time. Buffer provisioning
basedon open-looptraf�c modelsignoresthe reactive nature
of TCP traf�c, which accounts for at least 90% of the
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Nb CTav g 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 I

BUFFER REQUIREMENT OF THREE SIZING SCHEMES FOR INCREASING

NUMBER OF LBP FLOWS.

Internet traf�c 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 recentlyproposed“Stanford”
scheme[4] hasbeena signi�cant stepforward, showing that
thebuffer requirementcanbemuchlower thanthebandwidth-
delay product.This is a major relief for hardware designers
of backbonerouters,given that an OC-792 interface would
otherwiserequirealmosta Gigabyteof SRAM buffer space.It
is importantto understand,however, that theStanfordscheme
focusesonly on utilization, ignoring the resulting loss rate.
With a largenumberof LBP �o ws, thatbuffer sizingapproach
can lead to a high loss rate and poor performancefor many
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Fig. 10. Simulationtopology.

applications.
The main contribution of our paperwas to derive a buffer

sizingformula(BSCL) for congestedlinks. BSCLis applicable
for links in which 80-90% of their traf�c comesfrom large
TCP �o ws that are locally bottlenecked. In that case,BSCL
managesto keepthe target link saturatedwithout letting the
lossrateexceedagivenbound(typically 1%).BSCL considers
heterogeneousRTTs and partial loss synchronization,two
effectsthat have beenlargely ignoredin previous work. Also,
BSCL distinguishesbetweenthe total numberof active TCP
�o ws andthenumberof LBP �o ws.Theformercanbeorders
of magnitudehigherthanthe latter in practice,becauseof the
large numberof short TCP �o ws. A limitation of our work
is that the BSCL validation is strictly basedon simulations.
An interestingtaskfor futurework will be to apply theBSCL
model in a congestedrouter interface,carrying real Internet
traf�c, observe the resulting utilization and loss rate, and
comparewith otherproposedbuffer provisioning schemes.

APPENDIX : SIMULATION DETAILS

We have experimentedwith several simulationtopologies.
The resultsreportedin this paperarebasedon the simulation
topology of Figure 10. A set of 18 sourcenodes,locatedat
the nodesof a tree, generateTCP �o ws destinedto a single
sink node.The internallinks have a diversesetof propagation
delays,causinganRTT distribution between20msand534ms
with an averageof 217ms.The TCP �o ws use NewReno,
DelayedACKs, theSACK option,1500-bytedatapackets,and
10,000-packetadvertisedwindows (unlessif notedotherwise).
The non-bottlenecked links are provisionedin termsof both
capacityand buffer size so that they do not causelossesor

signi�cant queueingdelays.All simulationsrun for 200 sec-
onds.Longersimulationsdonotproducesigni�cantly different
results.Thereportedresultsignorethe�rst 20 secondsof each
simulationrun.
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