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Abstract— End-hosts on wir elessad hoc networks typi-
cally useTCP as their transport layer protocol. Being de-
signed for wir ed networks, TCP can perform poorly over
wir elessnetworks. Work that hasproposedwaysto impr ove
TCP performanceover wir elessnetworks hasconcentrated
primarily on impr oving TCP thr oughput only. Emerging
applications, such as interactive multimedia and network
games,require reduceddelay at leastasmuch as increased
thr oughput. In this paper, we proposeLDM 1, an IP layer
queue marking mechanism that estimates the number of
hops and flows at each wir elessnode to computesthe op-
timal marking probability. We presentsimulation results
and analysis that demonstrate that LDM greatly reduces
the round-trip time of TCP connectionswhile impr oving
thr oughput under many configurations.

Keywords— TCP, Performance, Delay, ECN, Marking,
IEEE 802.11,MAC, Ad Hoc, Multihop, Wir eless

I . INTRODUCTION

Wirelessad hoc networks currently carry traffic using
the TransmissionControl Protocol (TCP), the de facto
standardfor most applications. However, TCP was de-
signedfor wired networksandthuscanperformpoorly in
ad hoc wirelessenvironmentsincluding IEEE 802.11[1]
networks, asnotedin many researchpapers[2], [3], [4],
[5], [6], [7], [8].

TheMediaAccessControl(MAC) layerof IEEE802.11
wirelessad hoc networks usesthe Carrier SenseMulti-
ple Accesswith Collision Avoidance(CSMA/CA) with a
Request-to-Send/Clear-to-Send(RTS/CTS)mechanismto
avoid datapacket collisions. TheRTS/CTSpre-exchange
greatly reducesdatapacket collisions due to the hidden
terminalproblembut alsocausessomesideeffectswhen
theMAC layerbecomesover-saturated.Theprimaryrea-
sonsfor TCPperformancedegradationarethecontention
delaysandcontentiondropsthattheRTS/CTSmechanism
causes,which have beenidentifiedasRTS/CTSjamming
[9] andRTS/CTS-inducedcongestion[10].

Previous researchon the improvementof TCP perfor-
manceover wirelessadhocnetworksincludestheinvesti-
gationof link breakageand routing failure relatedprob-�

LDM standsLow DelayMarking

lems such as in [2], [4], [6], link layer solutions,such
as in [3], [8], MAC layer solutions,suchas in [5], and
TCPprotocolmodifications,suchasin [7]. A few recent
paperspresenttechniquesto improve TCP throughputby
controlling the total numberof packets in flight. Fu et
al. [8] presenta link layer approach,Link-RED (LRED),
that limits theTCPsendingwindow to reduceMAC layer
collisions,andAdaptive Pacing(AP), which addsa ran-
domdelaywhensendingpacketsto reducetheprobability
of MAC layercollisions.Chenet al. [5] attempta similar
improvementby limiting TCP’swindow sizedirectly.

Most proposedimprovementsto TCParelink layerop-
timizationswhicharedifficult to deploy sincethey aretied
to network card-specificdevice driversratherthantheop-
erating system. Furthermore,improved throughputhas
beenthemostcommonmetric,especiallyastraditionalap-
plicationssuchasFile Transfer(FTP)andelectronicmail
demandmaximumthroughput.However, emerging appli-
cationssuchasstreamingmultimediaandnetwork games,
demandlowerround-triptimes.Moreover, weprojectwith
the steadyincreasein maximumwirelessnetwork band-
width (currentlyup to 54 Mbpsfor the802.11gstandard),
end-to-enddelayswill becomeincreasinglyimportantrel-
ative to throughput.

We proposea techniquewe call Low Delay Marking
(LDM) which modifiesthe packet queuemanagerat the
IP layer to improve TCPperformance.Thegoal is to im-
proveround-triptimes,lossratesandcollisionswith mini-
maldegradation(andperhapsevensomeimprovement)to
TCPthroughput.Ourchoiceof anIP layermodificationis
to facilitateeasierdeploymentsinceoperatingsystemup-
gradesandpatchescanbe usedindependentlyof a hard-
warechangein thewirelessnetwork devices.

Therestof thispaperis organizedasfollows: SectionII
reviews backgroundliteraturesuchasthehiddenterminal
problem,LRED andAP; SectionIII focuseson theLDM
mechanisms;SectionIV describesthe simulation setup
andanalyzesthesimulationresultsandcomparesthemto
AP; andSectionV summarizesour findingsandmentions
somepossiblefuturework.
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I I . BACKGROUND

This sectionbriefly introducesbackgroundrelevant to
our research,includingthehiddenterminalproblem,TCP
with Explicit CongestionNotification(ECN),andtheLink
RED and Adaptive Pacing algorithms for dealing with
wirelessMAC layerretransmissions.

A. TheHiddenTerminalProblem
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Fig. 1. SimulationTopology

Figure1 illustratesthehiddenterminalproblemin IEEE
802.11wirelessLocalAreaNetworks.Node1 andnode3
are within the transmission(or power) rangeof node2,
but areout of rangeof eachother. Hence,while they can
both receive transmissionsfrom node2, they cannotre-
ceive eachother’s transmissions.If node1 and node3
simultaneouslystart transmissionto node2, their trans-
missionscollide.

To mitigatethehiddenterminaleffect, IEEE 802.11[1]
mandatesanRTS-CTSpre-exchangebeforeany datapack-
ets can be sent. In the above scenario,if node1 senses
an idle channelandsendsan RTS to node2, its intended
destinationnode,all nodeswithin node1’s rangehearthe
RTSandbackoff. Whennode2 respondswith aCTSmes-
sage,all nodeswithin nodes2 range,including node3,
becomeawareof theimminentdatatransmissionandalso
backoff, thussolving the hiddenterminalproblem. RTS
andCTSframesalsocontaindurationinformation,called
a Net Allocation Vector(NAV), on how long thedataex-
changewill take. This allows othernodesthatheareither
theRTSor CTSframesto determinehow longthechannel
will bebusy, andhencebackoff accordingly.

An RTS sendermay receive no CTS eitherbecauseits
RTS packet collided with anothertransmissionat the re-
ceiveror becausethereceiver’sNAV indicatedthatthenet-
work is notavailable.Thesenderof theRTS packet even-
tually times out and doesan exponentialbackoff before
re-sendingthe RTS, up to a limit of seven times,aspre-
scribedby theIEEE802.11standard.SinceRTSandCTS
packetsaresmallin comparisontodatapackets,thewasted
bandwidthincurredwhenRTS andCTSpacketscollide is
minimal. However, RTS collisionsincreasenetwork load
which ultimatelyresultsin largercontentiondelaysdueto
repeatedexponentialbackoffs andRTS contentiondrops

whenthenumberof retransmissionsexceedsthespecified
thresholdof seven.

Moreover, TCP, left unconstrained,can saturatethe
MAC layerandcausenumerousRTScollisionsanddrops,
producinglessthan optimal throughputand high round-
trip times. To briefly illustratethatanunconstrainedTCP
produceslessthan optimal performance,and hencemo-
tivate our proposedenhancements,we ran NS-2 simula-
tionsthatrestrictedthemaximumwindow sizeof a single
TCPsenderin a7-hopadhocnetwork usingIEEE802.11.
Figure2 shows the effect of the maximumTCP window
sizeon throughputandround-trip time. The default, un-
constrainedTCPflow would have a window sizetowards
the far right of the graphs.However, by constrainingthe
window sizeto a maximumwindow sizeof about3, TCP
achieves higher throughput. Equally important, we can
seethattheround-triptimealsoincreasesasthemaximum
TCPwindow sizeincreases,ameasureof performancethat
hasnotbeenexaminedby previousresearchers[8], [5].
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Fig. 2. ThroughputandRound-Trip Time vs. MaximumTCP
Window Size

B. Explicit CongestionNotification

Traditionally, TCPhasreliedon droppedpacketsat the
router as an indication of network congestion. When a
TCP senderreceivesthreeduplicateacknowledgments,it
assumesa packet hasbeenlost andit reducesits window
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size. However, whenthe congestionwindow of the TCP
sourceis below four, it cannotreceive threeduplicateac-
knowledgmentssoadroppedpacket triggersa retransmis-
sion timeoutanda possiblesubsequentexponentialback-
off thatcausessignificantthroughputdegradation.

[11] proposedExplicit CongestionNotification (ECN)
as a TCP improvementin which packets aremarked in-
steadof dropped.Marking usestwo bits in theIP header:
oneto indicatethat thenend-hostis capableof detecting
marksand the other by a congestedIP router to signal
congestion.If a routerdetectscongestion,it markspack-
ets that areECN capableinsteadof droppingthem. The
TCPdestinationechosthemark(theECN bit) backto the
sourcewhich thentakes the samesetof actionsit would
take if thedroppedpacketshadbeendetected.Thekey ad-
vantageof markingis thattheTCPsourcereceivestheex-
plicit congestionindicatormuchsoonerthanwhenpackets
aredropped.

The critical point for our work is that for ad hoc net-
workswith a smalldiameter(about20 hopsor fewer), the
window sizeof a TCPflow needsto besmall for optimal
performance,asshow in SectionII-A. With thesesmall
window sizes,anIP routerthatdropsapacket from aTCP
flow forcesatimeoutsincethesendercannotgetthreedu-
plicateacknowledgments.With thesesamewindow sizes,
an IP routerthat marksa packet from a TCP flow allows
theTCPsourceto continuetransmittingat a reducedrate
sincethreeduplicateacknowledgmentsare not required.
We assumethat all future TCP sourceswill be ECN en-
abled.

C. Link REDandAdaptivePacing

RandomEarlyDetection(RED)[12] is anActiveQueue
Management(AQM) schemethatusestheaveragequeue
length to determinethe droppingor marking probability
of packetsin thequeue.Theprobabilityis 0 if theaverage
queuesizeis lessthan ��������� , linearly increasesfrom 0 to������� from ��������� to ��������� and is 1 when the average
queuesizeexceeds��������� .

LRED [8] is a datalink layer strategy basedon RED
that keys on the averagenumberof IEEE 802.11retries
insteadof queuelength. Analogousto RED, LRED does
not drop any packets when the averagelink layer retries
is lessthan ��������� andlinearly increasesfrom 0 to 1 from��������� to ��������� . LRED thendropspacketswith themin-
imum of thedrop probabilitybasedon link layer retrans-
missionsor the parameter����� � . LRED canachieve the
optimal window size desiredby TCP flows on wireless
LANs for someconfigurations,but it sharesRED’s tuning
weaknesses,notedin [13], [14], [15]. Moreover, the fact
that LRED dropspackets makes it difficult to configure

whenTCPwindows aresmall,asdescribedin SectionII-
B andif markingat theIP layerbasedon MAC layerdata
posespossiblenetwork layerviolations.

Along with LRED, [8] presentsAdaptive Pacing(AP)
which is activatedby LRED whentheaveragenumberof
retriesis lessthan��������� anddeactivatedwhentheaverage
numberof retriesexceeds��������� . AP increasesMAClayer
backoff intervals by the retransmissiontime of one data
frameevery time anACK frameis received. Our analysis
in [16] indicatesthatmostof thethroughputimprovements
from LREDcoupledwith AP aredueto AP andnotLRED.
Unfortunately, the downsideof AP is that the additional
backoff time betweentransmissionsincreasesround-trip
times.

I I I . PROPOSED MECHANISM

This sectionpresentsthe Low Delay Marking (LDM)
algorithmwhich is runateachnodealongaTCPflow ona
multihopadhocwirelessnetwork asillustratedin Figure1
Eachnodecountsthenumberof flowstraveling throughit,
asexplainedin SectionIII-C, andmaintainsper-flow state
informationon thenumberof hopsperflow, asdescribed
in SectionIII-B. For eacharriving packet, thenodecom-
putestheoptimalwindow sizefor theflow, asdescribedin
SectionIII-A, andmarksthepacketwith themarkingprob-
ability requiredto meetthis window size,asdescribedin
SectionIII-D. Figure3 summarizesthe LDM algorithm.
In the algorithm, �! is the � -th flow; "# is the numberof
wirelesshops �! makes in going from sourceto destina-
tion; $�%'&)(+* is themarkingprobabilitycalculatedby theIP
packet queuemanagement;� is the total numberof flows
going throughthe node; ,.- � � is the optimal window size
for �! ; and$ is thepacket thatarrivedat thenode.

ateachnode,on receiving packet $
identify flow �! to which $ belongs
estimate"/ for �! 
estimate�
calculate,.- � �
calculate$�%'&)(0*
mark $ with probability $�%1&2(+*

Fig. 3. TheLDM Algorithm

A. OptimalWindowSizeof a TCPFlow

[7] and[8] derive expressionsfor theoptimalTCPwin-
dow sizeasa functionof thenumberof hopsbetweenthe
sourceanddestinationnodesin a multihop wirelessnet-
work. Summarizingtheseresults,a TCP flow achieves
maximumthroughputwhenits window sizeis aboutone-
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fourth of thenumberof hopsin a wirelessnetwork chain.
This restrictedwindow sizelimits the numberof packets
in the network, therebyreducingMAC layer congestion
(RTS/CTScollisions). However, in determiningthis opti-
malTCPwindow size,neither[7] nor[8] take into account
the numberof flows. Intuitively, the aggregate window
sizeamongall flows shouldbe one-fourthof the number
of hops( " ). Thus,eachflow shouldhaveawindow sizeof
one-fourthof the numberof hopsdivided by the number
of flows( � ):

,.- � �43 � 5� (1)

B. Numberof Hopsfor a Flow

To estimatethe numberof hopsfrom the sourceto a
destinationfor a flow, eachnodekeepsper-flow statein-
formation, where a flow is identified by an IP source-
destinationpair. For eachactive flow, a noderecordsthe
averagetime-to-live (TTL) valuesin the datapackets it
routes. It also observes destination-sourceacknowledg-
mentpacketsfor thesameflow andrecordstheir average
TTL value. Sincethe default TTL valuessetby modern
operatingsystemaretypically 128or 256,eachnodecan
computethenumberof hopsfrom thenodeto thesource
andthenumberof hopsfrom thenodeto thedestination,
thusdeterminingthe total numberof hopsfor eachflow
from sourceto destination. For example, if a nodeob-
servesa datapacket with a TTL valueof 250 andthena
correspondingacknowledgmentpacket with a TTL value
of 251, it cancomputethe numberof hopsfor that flow
( "/ ) as 687:9:;=<>7:9@?�A4BC687:9:;D<>7:9FEGA 3 E:E .
C. Numberof Flowsat a Node

Basedon Morris’ calculations[17],thenumberof flows
at a nodecanbe countedusing a fixed-lengthbit vectorH . Whena packet arrives, it is hashedbasedon source-
destinationaddressandportnumberandthecorresponding
bit in H is set.Thecountof bits in H is anapproximationof
thenumberof active flows. Thebits in H areclearedat a
ratesoasto reseteverybit in H everyfew seconds.Whena
bit is cleared,thecorrespondingper-flow stateinformation
kept (for example,numberof hopsfor the flow) is also
cleared. This methodof tracking flows is very accurate
when the numberof bits in H is significantly larger than
the numberof flows and it doesnot requireany explicit
modificationof TCP.

D. Marking Probability

TCP performancemodels under congestionmarking
comefrom work in [18] and[19], with moredetailedper-

formancemodelsin [20] and[21]. Basedon resultsfrom
pilot studies(see[16] for full details),weusetherelation-
ship betweenmarking rate ($ ) and window size ( , ) de-
rivedin [17]:

$ 3 ?FIKJ@;,ML (2)

Fromalgorithmsdescribedin theprevioussectionsand
the stateinformation kept on eachactive TCP flow, an
LDM nodecalculatesthe optimal window size for each
TCPflow and,usingEquation2, theappropriatemarking
probabilityto achieve thatwindow sizeas:

$�%'&2(+* 3 ?FIKJ@;N �5PO�QSR L 3 ET7UI�ET;WV � L" L (3)

However, a ,.- � � of 1 resultsin amarkingmarkingprob-
ability of 0.76 which, even with packet marking, causes
timeouts. Therefore,if ,.- � � is calculatedto be 1 or less,
anoptimalwindow sizeof 2 is usedfor ,.- � � instead.

Equation3 representsthe overall marking probability
that needsto be appliedto eachflow. We proposethat
eachadhocnodecontributesto thistotalequally, although
alternatepolicieswherethefirst nodein arouteappliesthe
full markingprobabilityarealsopossible.Sincea packet
hasto go through "X<YE nodesfrom sourceto destination,
LDM distributestheprobabilityevenly over "X<YE nodes.
Let $ Q -0Z2[ be the per-nodemarking probability. We can
relate$ Q -0Z2[ to $�%'&2(+* by:$�%1&2(+* 3 E.<\60E.<]$ Q -0Z2[ A)^ �@_�`ba

$ Q -cZ)[ 3 60E.<�$�%'&)(0*:A �dfe �
$ Q -cZ)[ 3hg E.< ET7UI�ET;iV � L" L j �dfe �

(4)

Thus,theoverallmarkingprobability, $�%'&)(+* is thesame
astheprobabilityof thepacket not beingmarkedthrough
all "k<lE nodeswith probabilityof $ Q -cZ)[ . UsingEquation4,
eachnodecalculatestheper-nodemarkingprobabilityfor
all incomingpackets.

For evaluationpurposes,the mechanismsdescribedin
SectionIII-B andSectionIII-C have beenhard-codedinto
the simulationcodeusedto evaluateLDM, with imple-
mentationand evaluationof the per-flow recordkeeping
beingfuturework.
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IV. EVALUATION

Thissectiondiscussesoursimulationsetupandanalyzes
the experimentalresults. Experimentspresentedinclude
default TCPperformance,TCPperformancewith window
restrictions,TCP performancewith adaptive pacing,and
TCPperformancewith theLDM algorithm.

A. SimulationSetup

To evaluatetheeffectivenessof LDM, theNS-2simula-
tor [22] wasenhancedto includecodefor theLDM algo-
rithm asdescribedin SectionIII. Dueto theunavailability
of Adaptive Pacingcodefrom [8], we alsohadto imple-
ment Adaptive Pacing in NS-2 so as to be able to com-
pareit with LDM. Thesimulatedwirelessad-hocnetwork
topologyusedin our investigationsis shown in Figure1.
In general,thereare "mBnE wirelessnodes,oqp througho � ,
connectedover an IEEE 802.11chain topology. Default
IEEE 802.11layer settingsare usedwith a wirelessca-
pacityof 2 MbpsandAODV routing. All flows useTCP-
NewRenowith maximumwindow sizeof 32,exceptin the
window constrainedcase.

Theexperimentsreportedin this paperinclude: regular
TCP, which representscurrentpracticein adhocnetwork
performance;TCP with a manuallyconstrainedwindow
sizewhich representsthe optimal performanceby manu-
ally constrainingeachTCPflow with full network knowl-
edge;Adaptive Pacingwhereall MAC framesaredelayed
by anadditionalamount,asdescribedin SectionII-C, and
LDM, the marking mechanismpresentedin SectionIII.
Eachof thesecaseswassimulatedwith 7 hop,15 hopand
24hopadhocchaintopologieswhereall nodesareimmo-
bile. Eachsimulationwasrun five times,with thegraphs
depictingthe averagesandminimum andmaximumval-
uesshown with error bars. While the graphsreportper-
formancein absolutetermsfor round-triptime, lossrate,
andtotal numberof RTS collisions,throughputhasbeen
normalizedto thatof regularTCPcaseto helpclarify the
performancedifferences.

B. SingleFlow

The first experimenthasa singleTCP NewRenoflow
going througha multihop chain wirelessnetwork. Fig-
ure4 presentsthenormalizedthroughput,thelossrate,the
round-triptimeandthenumberof RTScollisions.

Over the 7-hopchain, regular TCP flow achieves 193
Kbps throughput, TCP with a restrainedwindow size
of threeaverages260 Kbps (+29.5%), Adaptive Pacing
improves throughputto 234 Kbps (+17.1%), and LDM
achievesathroughputof 232Kbps(+11.2%).Thenumber
of RTScollisionsstaynearlythesamewith restrainedTCP,

but Adaptivepacingcausesa48.6%increaseandLDM re-
ducesRTS collisions by 9.9%. RestrainedTCP reduces
the round-trip time from 323 ms to 148 ms ( < 54.1%),
Adaptive Pacingincreasesthe round-trip time to 489 ms
(+51.4%)andLDM reducestheround-triptime to 162ms
( < 52.0%), close to the restrainedTCP level. The re-
strainedTCPhasthelowestlossrateandtheoriginalTCP
thehighestlossrate.BothAdaptivePacingandLDM have
slightly higherlossratescomparedto the restrainedTCP
but LDM offers a lower loss rate comparedto Adaptive
Pacing.

With the 15 hop chaintopology, regular TCP achieves
184Kbps,restrainedTCPwith window sizeof 5 achieves
209 Kbps (+15.2%),Adaptive Pacing improves through-
put to 213 Kbps (+19.8%)andLDM achieves 185 Kbps
(+4.5%).RestrainedTCPreducesthenumberof RTS col-
lisions by 28.7%, Adaptive Pacing has about the same
numberof RTS collisions while LDM reducesRTS col-
lisions by 17.9%. RestrainedTCP reducesthe round-trip
time from 491ms to 265 ms ( < 46.1%),Adaptive Pacing
increasesthe round-trip time to 692 ms (+41.0%),LDM
reducestheround-triptime to 327ms( < 33.3%),closeto
the restrainedTCP. RestrainedTCP has the lowest loss
rateandregular TCP the highest. Both Adaptive Pacing
andLDM have slightly higher lossratescomparedto re-
strainedTCPbut LDM offers a lower lossratecompared
to Adaptive Pacing.

Over the24hopchain,regularTCPachieves176Kbps,
restrainedTCPwith awindow sizeof 7 achieves201Kbps
(+13.6%), Adaptive Pacing improves throughputto 228
Kbps (+28.4%),and LDM achieves 173 Kbps (+1.8%).
RestrainedTCPreducesthenumberof RTS collisionsby
25.8%overthatof regularTCP, AdaptivePacinghasabout
thesamenumberof RTScollisions,andLDM reducesRTS
collisionsby 15.1%. RestrainedTCP reducesthe round-
trip timefrom 626msto 394ms( < 37.0%),AdaptivePac-
ing increasestheround-triptime to 887ms(+41.8%),and
LDM reducesthe round-trip time to 459 ms ( < 26.6%),
muchcloserto thatof restrainedTCP. RestrainedTCPhas
the lowest loss rate and original TCP the highest. Both
Adaptive PacingandLDM have slightly higherlossrates
comparedto restrainedTCPbut LDM offersa lower loss
ratecomparedto Adaptive Pacing.

C. Multiple Flows

This experiment involves three TCP flows going
througha multihopwirelessnetwork. Figure5 depictsthe
total throughputnormalizedto thatof regularTCP, theto-
tal loss rate, the total numberof RTS collisions and the
round-triptime of oneof theflows.

Over the7 hopchain,regularTCPachieves179Kbps,
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Fig. 5. 3 FlowsoverMultihop ChainTopology

restrainedTCPwith awindow sizeof 1 achieve 262Kbps
(+51.6%), Adaptive Pacing improves throughputto 231
Kbps(+33.4%),andLDM achieves220Kbps(+29.22%).

The numberof RTS collisions increasesby 7.2% for re-
strainedTCP, AdaptivePacingincreasesRTScollisionsby
72.6%,andLDM staysaroundthesameasrestrainedTCP
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(9.8%). RestrainedTCPreducestheround-triptime from
464msto 148ms(-68.1%),AdaptivePacingincreasesthe
round-triptimeto 489ms(+51.4%),andLDM reducesthe
round-triptime 237 ms (-49.0%),closerto the restrained
TCP. RestrainedTCPhasthe lowestlossrateandregular
TCP the highest. Both Adaptive Pacingand LDM have
slightly higherlossratescomparedto restrainedTCP but
LDM offers a lower lossratecomparedto Adaptive Pac-
ing.

Over the15 hopchain,regularTCPachieve 148Kbps,
restrainedTCP with window sizeof 2 achieve 213 Kbps
(+29.9%), Adaptive Pacing improves throughputto 215
Kbps (+35.2%),andLDM achieves188 Kbps (+14.0%).
Thenumberof RTS collisionsdecreasesby 11.5%for re-
strainedTCP, Adaptive Pacing increasesthe numberof
RTS collisions by 15.7%, and LDM reducesRTS colli-
sionsby 21.8%. RestrainedTCP reducesthe round-trip
time from 755 ms to 330 ms (-56.31%),Adaptive Pac-
ing increasestheround-triptime to 976ms(+29.3%),and
LDM reducesthe round-triptime by to 320ms(-57.6%),
closeto restrainedTCP. LDM hasthelowestlossrateand
original TCP the highest. Both Adaptive Pacingandre-
strainedTCP have slightly higher lossratescomparedto
LDM, but Adaptive Pacingoffersa higherlossratecom-
paredto restrainedTCP.

Over the24hopchain,regularTCPachieves176Kbps,
restrainedTCPwith awindow sizeof 2 achieves202Kbps
(+18.9%), Adaptive Pacing improves throughputto 227
Kbps (+29.1%),and LDM achieves 186 Kbps (+6.2%).
Thenumberof RTS collisionsis reducedby 8.9%for re-
strainedTCP, AdaptivePacinghasaboutthesamenumber
of RTS collisions, and LDM reducesRTS collisions by
15.3%. RestrainedTCPreducesthe round-triptime from
866msto 486ms(-43.9%),AdaptivePacingincreasesthe
round-trip time to 1155 ms (+33.4%),LDM reducesthe
round-triptimeto 529ms(-38.9%),muchcloserto there-
strainedTCP. RestrainedTCPhasthelowestlossrateand
original TCPthehighest.Adaptive Pacinghashigherloss
ratescomparedto therestrainedTCPwhile LDM offersa
slightly higher loss ratecomparedto the restrainedTCP,
yet a lower lossratecomparedto Adaptive Pacing.

D. Summary

Wesummarizetheperformanceof LDM comparedwith
regular TCP from SectionIV-B andSectionIV-C into a
tablein Figure6. A ‘+’ denotescaseswhereLDM’ s per-
formanceis betterby morethan10%,a ‘0’ whereLDM’ s
performanceis with within 10%,anda ‘-’ whereLDM is
worseby morethan10%. Fromthetable,LDM provides
aboutthe sameor betterthroughputcomparedto regular
TCPbut providesa muchlower round-triptime, lossrate

Category SingleFlow Multiple Flows
Hops 7 15 24 7 15 24
Throughput + 0 0 + + 0
RTSCollisions 0 + + 0 + +
Round-Trip Time + + + + + +
LossRate + + + + + +

Fig. 6. Performanceof LDM comparedto RegularTCP

andnumberof RTScollisions.

Category SingleFlow Multiple Flows
Hops 7 15 24 7 15 24
Throughput 0 < < 0 < <
RTSCollisions + + + + + +
Round-Trip Time + + + + + +
LossRate 0 0 0 + + +

Fig. 7. Performanceof LDM comparedto AdaptivePacing

Wesummarizetheperformanceof LDM comparedwith
Adaptive Pacingin the table in Figure7. LDM provides
aboutthe sameor lessthroughputcomparedto adaptive
pacing,but providesgreatlyreducedround-triptimes,loss
ratesandRTS collisions. Theseresultsareespeciallysig-
nificantfor applicationsthataresensitive to highdelays.

V. CONCLUSION

TheRTS/CTSmechanismin IEEE802.11wasdesigned
to mitigate the hiddenterminal problemin wirelessnet-
works. RTS/CTScanreducepacket lossdueto collisions
in theMAC layer andworkswell for infrastructurewire-
lessnetworks. However, in wirelessadhocnetworks, the
side effects of RTS/CTSmechanisminclude congestion
and jamming in the MAC layer, which are hiddenfrom
higher layer protocolssuchasTCP. Consequently, trans-
port layerprotocolswhich do not accountfor MAC layer
delays,suchasTCP, will overestimatetheavailablecapac-
ity andusetoolargeawindow size.Subsequently, thiswill
further congestthe MAC layer, leadingto an increasein
packet lossandround-triptimeanda decreasein through-
put.

This paperpresentsLow Delay Marking (LDM), an
IP layer approachto enhanceTCP performancetowards
lower delayand loss ratewithout sacrificingthroughput.
Building on knowledgeof the optimal TCP window size
discussedin [8], LDM markspackets with the probabil-
ity calculatedwith the estimatednumberof hopsandthe
numberof flows. ThisforcestheTCPflowsto reducetheir
window sizecloserto anoptimalvalue,thusresultingin a
lesscongestionat the MAC layer. LessMAC layer con-
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gestionleadsto fewer collisionsand thereforedecreases
round-triptimesandlossratesfor all flows in thenetwork.

We simulatedandevaluatedLDM over multiple chain
topologieswith a singleandmultiple-flows. The results
show that LDM provides significantly better round-trip
times (up to a 57.6% reduction)and loss rates(up to a
59.5%reduction)while still providing the sameor better
throughputcomparedto regular TCP. LDM alsoprovides
muchbetterround-triptimes(upto a67.2%reduction)and
lossrates(up to a33.8%reduction)comparedto Adaptive
Pacing.

Currently, our evaluationis doneover with thenumber
of hopsandnumberof flowsknown aheadof timeby each
router. Implementationof hop and flow counting tech-
niquespresentedin SectionIII is our currentongoingin-
vestigation.Additionally, evaluationswith morecomplex
topologiessuchascrossesandgrids is alsounderinvesti-
gation.

APPENDIX

I . LRED INVESTIGATION

WeimplementedLink RED(LRED) andAdaptive Pac-
ing from [8] in NS [22]. Unfortunately, we werenot able
to get the exact parametersusedin the simulationsfrom
[8]. We tried variouscombinationsof ��������� , ��������� and����� � without successat reproducingLRED results. In
order to help finding the right parameters,we ran a sin-
gle TCP flow simulation over a 7-hop chain topology.
We graphedthe cumulative distribution of the numberof
RTS retransmissionsperframein Figure8. As theFigure
shows, over 85% of the frameswere successfullytrans-
mittedwithoutany retransmissions.This resultsin asmall
rangeof ��������� and ��������� overwhichLRED canoperate.

ü�ý þuÿ

��� ���

��� �
	

��� 

�

��� �
�

� � � � � � � �
��� �"!�#%$ & ')(�*,+.- / 0�1 2�3�4

Fig. 8. CDFof RTS Retransmissions

Moreover, [8] tunesLRED basedona7-hopchainwire-
lessnetwork topology. This requiresa singeTCP flow
to operatewith a window size of 3 for optimal perfor-
mance. However, packet loss for sucha flow resultsin

TCPtimeoutswhichwoulddecreaseits throughputsignif-
icantly. We suspect,but have not proven, that the bene-
fits to TCPshown in [8] comefrom Adaptive Pacing,not
LRED.

II . CROSS TOPOLOGY

In ordertoevaluateLDM overamorecomplex topology
thana chain,we createda 6-hopcrosstopologyasshown
in Figure9. This experimentinvolvestwo flows: onego-
ing the left to the right and the othergoing from the top
to thebottom. Figure10 depictsthetotal throughputnor-
malizedto thatof regularTCP, thesumof roundtriptimes,
Jain’s fariness[23] of throughputsandroundtriptimesand
thetotalnumberof RTScollisions.

576 8:9<;

=7> ?A@CB

Fig. 9. CrossSimulationTopology

Regular TCP achieves 203 Kbps, restrainedTCP with
a window sizeof 2 achieves 261 Kbps (+28.7%),Adap-
tive Pacing improves throughputto 238 Kbps (+17.4%),
andLDM achieves198Kbps(-2.3%).RestrainedTCPre-
ducesthe numberof RTS collisions by 15.2%over that
of regular TCP, Adaptive Pacingincreasesthe numberof
RTS collisions by 48.1%, and LDM reducesRTS colli-
sionsby 26.7%. RestrainedTCP reducesthe round-trip
time from 604 ms to 121 ms ( < 79.9%), Adaptive Pac-
ing increasestheround-triptime to 912ms(+51.1%),and
LDM reducesthe round-trip time to 315 ms ( < 68.5%),
muchcloserto thatof restrainedTCP. RestrainedTCPhas
the lowest loss rate and original TCP the highest. Reg-
ular TCPprovidesJain’s fairnessindex of throughputsof
0.873,restrainedTCPproduces0.721( < 17.4%),Adaptive
pacing0.755( < 13.5%)andLDM 0.931(+6.7%). Regu-
lar TCP providesJain’s fairnessindex of roundtriptimes
of 0.999,retrainedTCP0.900( < 9.9%),Adaptive Pacing
0.876( < 12.2%)andLDM 0.990( < 0.8%).
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