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Abstract— End-hosts on wir elessad hoc networks typi-
cally use TCP astheir transport layer protocol. Being de-
signed for wired networks, TCP can perform poorly over
wir elessnetworks. Work that hasproposedwaysto improve
TCP performance over wir elessnetworks has concentrated
primarily on improving TCP throughput only. Emerging
applications, such as interactive multimedia and network
games,require reduceddelay at leastas much asincreased
throughput. In this paper, we proposeLDM !, an IP layer
gueue marking mechanismthat estimatesthe 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 improving
thr oughput under many configurations.

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

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 networks andthuscanperformpoorlyin
ad hoc wirelesservironmentsincluding IEEE 802.11[1]
networks, asnotedin mary researctpaperg2], [3], [4],
[31, [6], [7]. [8].

TheMediaAccesLontrol(MAC) layerof IEEE802.11
wirelessad hoc networks usesthe Carrier SenseMulti-
ple Accesswith Collision Avoidance(CSMA/CA) with a
Request-to-Send/Cletr-Send(RTS/CTS)mechanisnto
avoid datapaclet collisions. The RTS/CTSpre-echange
greatly reducesdatapaclet collisions due to the hidden
terminal problembut also causesomeside effectswhen
the MAC layerbecomesver-saturated.The primaryrea-
sonsfor TCP performancelegradationarethe contention
delaysandcontentiondropsthatthe RTS/CTSmechanism
causesyhich have beenidentifiedasRTS/CTSjamming
[9] andRTS/CTS-induceadongestiorf10].

Previous researchon the improvementof TCP perfor
manceover wirelessad hoc networksincludesthe investi-
gation of link breakageand routing failure relatedprob-
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lemssuchasin [2], [4], [6], link layer solutions, such
asin [3], [8], MAC layer solutions,suchasin [5], and
TCP protocolmodifications,suchasin [7]. A few recent
paperspresentechniquego improve TCP throughputby
controlling the total numberof pacletsin flight. Fu et
al. [8] presentalink layerapproachlLink-RED (LRED),
thatlimits the TCP sendingwindow to reduceMAC layer
collisions, and Adaptive Pacing (AP), which addsa ran-
domdelaywhensendingpacletsto reducethe probability
of MAC layercollisions. Chenetal. [5] attempta similar
improvementby limiting TCP'swindow sizedirectly.

Most proposedmpraovementdo TCP arelink layerop-
timizationswhich aredifficult to deplgy sincethey aretied
to network card-specifialevice driversratherthanthe op-
erating system. Furthermore,improved throughputhas
beenthemostcommonmetric,especiallyastraditionalap-
plicationssuchasFile Transfer(FTP)andelectronicmail
demandmaximumthroughput.However, emeging appli-
cationssuchasstreamingmultimediaandnetwork games,
demandowerround-triptimes.Moreover, we projectwith
the steadyincreasein maximumwirelessnetwork band-
width (currentlyup to 54 Mbpsfor the 802.11gstandard),
end-to-enddelayswill becomdncreasinglyimportantrel-
ative to throughput.

We proposea techniquewe call Low Delay Marking
(LDM) which modifiesthe paclet queuemanagerat the
IP layerto improve TCP performance.The goalis to im-
prove round-triptimes,lossratesandcollisionswith mini-
mal degradation(andperhapsven someimprovement)to
TCPthroughput.Our choiceof anlP layermodificationis
to facilitate easierdeploymentsinceoperatingsystemup-
gradesand patchescanbe usedindependentiyof a hard-
warechangen thewirelessnetwork devices.

Therestof this paperis organizedasfollows: Sectionll
reviews backgrounditeraturesuchasthe hiddenterminal
problem,LRED andAP; Sectionlll focusesonthe LDM
mechanisms;SectionlV describesthe simulation setup
andanalyzeghe simulationresultsandcompareshemto
AP; andSectionV summarizesurfindingsandmentions
somepossiblefuture work.



Il. BACKGROUND

This sectionbriefly introducesbackgroundrelevant to
ourresearchincludingthe hiddenterminalproblem, TCP
with Explicit CongestiorNotification(ECN),andtheLink
RED and Adaptive Pacing algorithmsfor dealing with
wirelessMAC layerretransmissions.

A. TheHiddenTerminalProblem
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Fig.1. SimulationTopology

Figurelillustratesthehiddenterminalproblemin IEEE
802.11wirelessLocal AreaNetworks. Nodel andnode3
are within the transmission(or power) rangeof node2,
but areout of rangeof eachother Hence,while they can
both receve transmissiongrom node 2, they cannotre-
ceive eachothers transmissions.If node1l and node 3
simultaneouslystart transmissiorto node 2, their trans-
missionscollide.

To mitigatethe hiddenterminaleffect, IEEE 802.11[1]
mandateanRTS-CTSpre-exchangebeforeary datapack-
etscanbe sent. In the abore scenario,if nodel senses
anidle channelandsendsan RTS to node2, its intended
destinatiomode,all nodeswithin nodel’s rangehearthe
RTS andbacloff. Whennode2 respondsvith aCTSmes-
sage,all nodeswithin nodes2 range,including node 3,
becomeawareof theimminentdatatransmissiorandalso
bacloff, thussolving the hiddenterminal problem. RTS
and CTS framesalsocontaindurationinformation,called
a Net Allocation Vector(NAV), on how long the dataex-
changewill take. This allows othernodesthat heareither
theRTS or CTSframesto determineéhow long thechannel
will bebusy, andhencebacloff accordingly

An RTS sendemay receve no CTS eitherbecausets
RTS paclet collided with anothertransmissiorat the re-
ceiveror because¢herecever’'s NAV indicatedthatthenet-
work is notavailable. The sendeiof the RTS paclet even-
tually times out and doesan exponentialbacloff before
re-sendinghe RTS, up to a limit of seventimes, aspre-
scribedby the IEEE 802.11standardSinceRTSandCTS
pacletsaresmallin comparisorio datapaclets,thewasted
bandwidthincurredwhenRTS andCTS pacletscollide is
minimal. However, RTS collisionsincreasenetwork load
which ultimatelyresultsin largercontentiondelaysdueto
repeatedexponentialbacloffs and RTS contentiondrops

whenthe numberof retransmissionsxceedghe specified
thresholdof seven.

Moreover, TCP left unconstrained,can saturatethe
MAC layerandcausenumerousRTS collisionsanddrops,
producinglessthan optimal throughputand high round-
trip times. To briefly illustratethatanunconstrained CP
producedessthan optimal performance and hencemo-
tivate our proposedenhancementsye ran NS-2 simula-
tionsthatrestrictedthe maximumwindow sizeof a single
TCPsendeiin a7-hopadhocnetwork usinglEEE 802.11.
Figure 2 shaws the effect of the maximumTCP window
size on throughputand round-triptime. The default, un-
constrainedl CP flow 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-triptime alsoincreasesisthe maximum
TCPwindow sizeincreasesameasur®f performancéhat
hasnot beenexaminedby previousresearcherfs], [5].
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Fig. 2. ThroughputandRound-Tip Time vs. Maximum TCP
Window Size

B. Explicit CongestionNotification

Traditionally TCP hasrelied on droppedpacletsatthe
router as an indication of network congestion. Whena
TCP senderrecevesthreeduplicateacknavledgmentsit
assumes paclet hasbeenlost andit reducesdts window



size. However, whenthe congestiorwindow of the TCP
sourceis belav four, it cannotreceve threeduplicateac-
knowledgmentsoadroppedoaclet triggersaretransmis-
siontimeoutanda possiblesubsequengxponentialback-
off thatcausesignificantthroughputdegradation.

[11] proposedExplicit CongestiorNotification (ECN)
asa TCP improvementin which paclets are marked in-
steadof dropped.Marking usestwo bits in the IP header:
oneto indicatethatthenend-hostis capableof detecting
marks and the other by a congestedP router to signal
congestion.If arouterdetectscongestionjt markspack-
etsthatare ECN capableinsteadof droppingthem. The
TCP destinatiorechosthe mark (the ECN bit) backto the
sourcewhich thentakesthe samesetof actionsit would
take if thedroppedpacletshadbeendetectedThekey ad-
vantageof markingis thatthe TCP sourcerecevesthe ex-
plicit congestiorindicatormuchsoonethanwhenpaclets
aredropped.

The critical point for our work is that for ad hoc net-
workswith a smalldiameter(about20 hopsor fewer), the
window sizeof a TCP flow needsto be smallfor optimal
performanceasshav in Sectionll-A. With thesesmall
window sizesanlP routerthatdropsapacletfromaTCP
flow forcesatimeoutsincethesendercannotgetthreedu-
plicateacknavledgments With thesesamewindow sizes,
an IP routerthat marksa paclet from a TCP flow allows
the TCP sourceto continuetransmittingat a reducedrate
sincethree duplicateacknavledgmentsare not required.
We assumehat all future TCP sourceswill be ECN en-
abled.

C. Link REDandAdaptivePacing

RandomEarly Detection(RED)[12] is anActive Queue
ManagemenfAQM) schemehat usesthe averagequeue
lengthto determinethe droppingor marking probability
of pacletsin thequeue.Theprobabilityis O if theaverage
gueuesizeis lessthanming,, linearly increasegrom 0 to
max, from ming, to maxy, andis 1 whenthe average
gueuesizeexceedsnazyy,.

LRED [8] is a datalink layer stratgy basedon RED
that keys on the averagenumberof IEEE 802.11retries
insteadof queuelength. Analogousto RED, LRED does
not drop ary paclets whenthe averagelink layer retries
is lessthanming, andlinearly increasegrom 0 to 1 from
ming, 10 maxy,. LRED thendropspacletswith the min-
imum of the drop probability basedon link layer retrans-
missionsor the parameternaz,. LRED canachieve the
optimal window size desiredby TCP flows on wireless
LANSs for someconfigurationsbut it shareSRED’s tuning
weaknessegjotedin [13], [14], [15]. Moreover, the fact
that LRED dropspaclets makesit difficult to configure

whenTCPwindows aresmall,asdescribedn Sectionll-
B andif markingatthelP layerbasedon MAC layerdata
posegossiblenetwork layerviolations.

Along with LRED, [8] presentsAdaptive Pacing (AP)
which is activatedby LRED whenthe averagenumberof
retriesis lessthanmin,, anddeactvatedwhentheaverage
numberof retriesexceedsnin,y,. AP increaseSAC layer
bacloff intervals by the retransmissiorime of one data
frameevery time an ACK frameis receved. Our analysis
in [16] indicateghatmostof thethroughpuimprovements
from LRED coupledwith AP aredueto AP andnotLRED.
Unfortunately the downsideof AP is that the additional
bacloff time betweentransmissiongncreasegound-trip
times.

This sectionpresentghe Low Delay Marking (LDM)
algorithmwhichis runateachnodealonga TCPflow ona
multihopadhocwirelessnetwork asillustratedin Figurel
Eachnodecountsthe numberof flows traveling throughit,
asexplainedin Sectionlll-C, andmaintainsperflow state
informationon the numberof hopsper flow, asdescribed
in Sectionlll-B. For eacharriving paclet, the nodecom-
putesthe optimalwindow sizefor theflow, asdescribedn
Sectionlll-A, andmarksthepacletwith themarkingprob-
ability requiredto meetthis window size,asdescribedn
Sectionlll-D. Figure3 summarizegshe LDM algorithm.
In the algorithm, f; is the i-th flow; h; is the numberof
wirelesshops f; makesin going from sourceto destina-
tion; park 1S themarkingprobability calculatedoy the IP
paclet queuemanagement; is the total numberof flows
going throughthe node; w,,; is the optimal window size
for f;; andp is the paclet thatarrived atthe node.

PROPOSED MECHANISM

ateachnode,on receving pacletp
identify flow f; to which p belongs
estimateh; for f;
estimaten
calculatew,y;
calculatep, ok
markp with probability p,,ark

Fig.3. TheLDM Algorithm

A. OptimalWindow Sizeof a TCP Flow

[7] and[8] derive expressiondor the optimal TCPwin-
dow sizeasa functionof the numberof hopsbetweerthe
sourceand destinationnodesin a multihop wirelessnet-
work. Summarizingtheseresults,a TCP flow achieves
maximumthroughputwhenits window sizeis aboutone-



fourth of the numberof hopsin a wirelessnetwork chain.
This restrictedwindow size limits the numberof paclets
in the network, therebyreducingMAC layer congestion
(RTS/CTScollisions). However, in determiningthis opti-

mal TCPwindow size,neither[7] nor[8] take into account
the numberof flows. Intuitively, the aggregate window

sizeamongall flows shouldbe one-fourthof the number
of hops(h). Thus,eachflow shouldhave awindow sizeof

one-fourthof the numberof hopsdivided by the number
of flows (n):

(1)

Wopt =

SIS

B. Numberof Hopsfor a Flow

To estimatethe numberof hopsfrom the sourceto a
destinationfor a flow, eachnodekeepsperflow statein-
formation, where a flow is identified by an IP source-
destinationpair. For eachactie flow, a noderecordsthe
averagetime-to-live (TTL) valuesin the datapaclets it
routes. It also obsenres destination-sourcacknavledg-
mentpacletsfor the sameflow andrecordstheir average
TTL value. Sincethe default TTL valuessetby modern
operatingsystemaretypically 128 or 256, eachnodecan
computethe numberof hopsfrom the nodeto the source
andthe numberof hopsfrom the nodeto the destination,
thus determiningthe total numberof hopsfor eachflow
from sourceto destination. For example,if a hodeob-
senesa datapaclet with a TTL value of 250 andthena
correspondingicknavledgmentpaclet with a TTL value
of 251, it cancomputethe numberof hopsfor that flow
(hi) as(256 — 250) + (256 — 251) = 11.

C. Numberof Flowsat a Node

Basedon Morris’ calculations[17]the numberof flows
at a node can be countedusing a fixed-lengthbit vector
v. Whena paclet arrives, it is hashedbasedon source-
destinatioraddressndportnumberandthecorresponding
bit in v is set. Thecountof bitsin v is anapproximatiorof
the numberof active flows. The bitsin v areclearedat a
ratesoasto resetevery bit in v everyfew secondsWhena
bit is clearedthecorrespondingerflow stateinformation
kept (for example,numberof hopsfor the flow) is also
cleared. This methodof tracking flows is very accurate
whenthe numberof bits in v is significantly larger than
the numberof flows andit doesnot requireary 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),we usetherelation-
ship betweenmarking rate (p) and window size (w) de-
rivedin [17]:

076

p= (2

w?

Fromalgorithmsdescribedn the previous sectionsand
the stateinformation kept on eachactive TCP flow, an
LDM node calculatesthe optimal window size for each
TCPflow and,usingEquation2, the appropriatamarking
probabilityto achiere thatwindow sizeas:

0.76 _ 12.16 x n?
(&)2 h2

However, aw,p; of 1 resultsin amarkingmarkingprob-
ability of 0.76 which, even with paclet marking, causes
timeouts. Therefore,if w,y; is calculatedto be 1 or less,
anoptimalwindow sizeof 2 is usedfor w,,; instead.

Equation3 representghe overall marking probability
that needsto be appliedto eachflow. We proposethat
eachadhocnodecontributesto thistotal equally although
alternatepolicieswherethefirst nodein arouteappliesthe
full marking probability arealsopossible.Sincea paclet
hasto gothroughh — 1 nodesfrom sourceto destination,
LDM distributesthe probability evenly over h — 1 nodes.
Let pnoge be the pernode marking probability We can
relatepnode t0 Prark DY:

®3)

Pmark =

Pmark = 1 — (1 _pnode)(hil)

1
(1 - pmark) h—1

Pnode = <1 -

Thus,theoverallmarkingprobability p,,q,% is thesame
asthe probability of the paclet not beingmarked through
all h—1 nodeswith probabilityof p,,,q4.. UsingEquatiord,
eachnodecalculateghe pernodemarkingprobability for
all incomingpaclets.

For evaluationpurposesthe mechanismslescribedn
Sectionlll-B andSectionlll-C have beenhard-codednto
the simulation code usedto evaluateLDM, with imple-
mentationand evaluationof the perflow recordkeeping
beingfuturework.

DPnode =

(4)

1
12.16 x n2\ *1
h2



IV. EVALUATION

Thissectiondiscussesursimulationsetupandanalyzes
the experimentalresults. Experimentspresentednclude
default TCP performanceT CP performancevith window
restrictions, TCP performancewith adaptve pacing,and
TCP performancevith the LDM algorithm.

A. SimulationSetup

To evaluatethe effectivenesf LDM, theNS-2simula-
tor [22] wasenhancedo includecodefor the LDM algo-
rithm asdescribedn Sectionlll. Dueto theunavailability
of Adaptive Pacingcodefrom [8], we alsohadto imple-
ment Adaptive Pacingin NS-2 so asto be ableto com-
pareit with LDM. The simulatedwirelessad-hocnetwork
topologyusedin our investigationds shawvn in Figure 1.
In generalthereareh + 1 wirelessnodes, Ny throughVy,
connectedover an IEEE 802.11chaintopology Default
IEEE 802.11layer settingsare usedwith a wirelessca-
pacity of 2 MbpsandAODV routing. All flowsuseTCP-
NewRenowith maximumwindow sizeof 32, exceptin the
window constraineatase.

The experimentgeportedin this paperinclude: regular
TCPR, which representgurrentpracticein ad hoc network
performance;TCP with a manually constrainedvindown
sizewhich representshe optimal performanceby manu-
ally constrainingeachTCP flow with full network knowl-
edge;Adaptive Pacingwhereall MAC framesaredelayed
by anadditionalamount,asdescribedn Sectionll-C, and
LDM, the marking mechanismpresentedn Sectionlll.
Eachof thesecasesvassimulatedwith 7 hop, 15 hopand
24 hopadhocchaintopologiesnvhereall nodesareimmo-
bile. Eachsimulationwasrun five times,with the graphs
depictingthe averagesand minimum and maximumval-
uesshavn with error bars. While the graphsreportper
formancein absolutetermsfor round-triptime, lossrate,
andtotal numberof RTS collisions, throughputhasbeen
normalizedto that of regular TCP caseto help clarify the
performancalifferences.

B. SingleFlow

The first experimenthasa single TCP NewRenoflow
going througha multihop chain wirelessnetwork. Fig-
ure4 presentshenormalizedhroughputthelossrate,the
round-triptime andthe numberof RTS collisions.

Over the 7-hop chain, regular TCP flow achie/es 193
Kbps throughput, TCP with a restrainedwindow size
of three averages260 Kbps (+29.5%), Adaptive Pacing
improves throughputto 234 Kbps (+17.1%), and LDM
achievesathroughpuiof 232Kbps(+11.2%).Thenumber
of RTScollisionsstaynearlythesamewith restrained CR,

but Adaptive pacingcauses48.6%increaseandLDM re-

ducesRTS collisions by 9.9%. RestrainedT CP reduces
the round-trip time from 323 ms to 148 ms (—54.1%),
Adaptie Pacingincreaseghe round-triptime to 489 ms

(+51.4%)andLDM reduceghe round-triptime to 162ms
(—52.0%), closeto the restrainedTCP level. The re-

strainedT CP hasthelowestlossrateandtheoriginal TCP

thehighestossrate.Both Adaptive PacingandLDM have

slightly higherlossratescomparedo the restrainedT CP

but LDM offers a lower lossrate comparedtio Adaptive

Pacing.

With the 15 hop chaintopology regular TCP achie/es
184 Kbps,restrainedl CP with window sizeof 5 achieves
209 Kbps (+15.2%), Adaptive Pacingimproves through-
put to 213 Kbps (+19.8%)and LDM achieves 185 Kbps
(+4.5%).Restrained CPreduceghe numberof RTS col-
lisions by 28.7%, Adaptive Pacing has aboutthe same
numberof RTS collisions while LDM reducesRTS col-
lisions by 17.9%. Restrainedl CP reduceghe round-trip
time from 491 msto 265 ms (—46.1%),Adaptive Pacing
increaseghe round-triptime to 692 ms (+41.0%),LDM
reducegheround-triptime to 327 ms (—33.3%),closeto
the restrainedTCP. RestrainedTCP hasthe lowest loss
rate andregular TCP the highest. Both Adaptive Pacing
andLDM have slightly higherlossratescomparedo re-
strainedTCP but LDM offers a lower lossrate compared
to Adaptive Pacing.

Overthe 24 hopchain,regularTCPachieres 176 Kbps,
restrainedr CPwith awindow sizeof 7 achieres201Kbps
(+13.6%), Adaptive Pacing improves throughputto 228
Kbps (+28.4%),and LDM achieres 173 Kbps (+1.8%).
Restrainedl CP reducegshe numberof RTS collisionsby
25.8%overthatof regularTCR, Adaptive Pacinghasabout
thesamenumberf RTScollisions,andLDM reducedRTS
collisionsby 15.1%. Restrainedl CP reduceghe round-
trip time from 626 msto 394ms(—37.0%),Adaptive Pac-
ing increasesheround-triptime to 887 ms(+41.8%),and
LDM reducesthe round-trip time to 459 ms (—26.6%),
muchcloserto thatof restrainedl CP. Restrained CP has
the lowestloss rate and original TCP the highest. Both
Adaptive PacingandLDM have slightly higherlossrates
comparedo restrainedlr CP but LDM offers a lower loss
ratecomparedo Adaptive Pacing.

C. Multiple Flows

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

Over the 7 hop chain,regular TCP achieres 179 Kbps,
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restrainedl CPwith awindow sizeof 1 achieve 262Kbps The numberof RTS collisionsincreasedy 7.2% for re-
(+51.6%), Adaptive Pacing improves throughputto 231 strainedT CR, Adaptive Pacingincrease&TS collisionsby
Kbps(+33.4%),andLDM achieves220Kbps(+29.22%). 72.6%,andLDM staysaroundthesameasrestrainedrCP



(9.8%). Restrainedl CP reduceghe round-triptime from

464msto 148 ms(-68.1%),Adaptive Pacingincreaseshe

round-triptimeto 489ms(+51.4%),andLDM reduceghe

round-triptime 237 ms (-49.0%), closerto the restrained
TCP Restrainedl CP hasthe lowestlossrateandregular

TCP the highest. Both Adaptive Pacingand LDM have

slightly higherlossratescomparedo restrainedlT CP but

LDM offers a lower lossrate comparedo Adaptive Pac-

ing.

Over the 15 hop chain,regular TCP achieve 148 Kbps,
restrainedT CP with window size of 2 achiere 213 Kbps
(+29.9%), Adaptive Pacing improves throughputto 215
Kbps (+35.2%),and LDM achieres 188 Kbps (+14.0%).
The numberof RTS collisionsdecreaseby 11.5%for re-
strained TCR, Adaptive Pacing increaseghe numberof
RTS collisions by 15.7%, and LDM reducesRTS colli-
sionsby 21.8%. Restrainedl CP reducesthe round-trip
time from 755 ms to 330 ms (-56.31%), Adaptive Pac-
ing increasesheround-triptime to 976 ms (+29.3%),and
LDM reduceghe round-triptime by to 320 ms (-57.6%),
closeto restrainedTCP. LDM hasthelowestlossrateand
original TCP the highest. Both Adaptive Pacingandre-
strainedTCP have slightly higherlossratescomparedo
LDM, but Adaptive Pacingoffers a higherlossratecom-
paredto restrainedl CP.

Overthe 24 hopchain,regularTCPachieres176 Kbps,
restrainedr CPwith awindow sizeof 2 achieres202Kbps
(+18.9%), Adaptive Pacing improves throughputto 227
Kbps (+29.1%),and LDM achieres 186 Kbps (+6.2%).
The numberof RTS collisionsis reducedby 8.9%for re-
strainedT CR, Adaptive Pacinghasaboutthe samenumber
of RTS collisions, and LDM reducesRTS collisions by
15.3%. Restrainedl CP reduceghe round-triptime from
866msto 486 ms(-43.9%),Adaptive Pacingincreaseshe
round-triptime to 1155ms (+33.4%),LDM reduceshe
round-triptimeto 529ms(-38.9%),muchcloserto there-
strainedTCP. Restrained’ CP hasthe lowestlossrateand
original TCPthe highest.Adaptive Pacinghashigherloss
ratescomparedo therestrainedf CPwhile LDM offersa
slightly higherlossrate comparedo the restrainedTCP,
yetalower lossratecomparedo Adaptive Pacing.

D. Summary

We summarizeéheperformancef LDM comparedvith
regular TCP from SectionlV-B and SectionlV-C into a
tablein Figure6. A ‘+’ denotescasesvhereLDM’ s per
formanceis betterby morethan10%,a ‘0’ whereLDM’s
performances with within 10%,anda ‘-’ whereLDM is
worseby morethan10%. Fromthetable,LDM provides
aboutthe sameor betterthroughputcomparedo regular
TCP but providesa muchlower round-triptime, lossrate

Cateyory SingleFlow Multiple Flows
Hops 7 15 24| 7 15 24
Throughput + 0 0|+ + 0
RTS Collisions 0O + +|0 + +
Round-Fip Time | + + + ||+ + +
LossRate + + o+ ||+ + +

Fig. 6. Performancef LDM comparedo RegularTCP

andnumberof RTS collisions.

Category SingleFlow Multiple Flows
Hops 7 15 24| 7 15 24
Throughput O - -0 - —
RTS Collisions + + + ||+ + +
Round-Fip Time | + + + ||+ + +
LossRate 0O 0 O+ + +

Fig. 7. Performancef LDM comparedo Adaptive Pacing

We summarizeéheperformancef LDM comparedvith
Adaptive Pacingin thetablein Figure7. LDM provides
aboutthe sameor lessthroughputcomparedto adaptve
pacing,but providesgreatlyreducedound-triptimes,loss
ratesandRTS collisions. Theseresultsare especiallysig-
nificantfor applicationghataresensitve to high delays.

V. CONCLUSION

TheRTS/CTSmechanisnin IEEE802.11wasdesigned
to mitigate the hiddenterminal problemin wirelessnet-
works. RTS/CTScanreducepaclet lossdueto collisions
in the MAC layer andworks well for infrastructurewire-
lessnetworks. However, in wirelessad hoc networks, the
side effects of RTS/CTS mechanisminclude congestion
and jammingin the MAC layer, which are hiddenfrom
higherlayer protocolssuchas TCRP. Consequentlytrans-
port layer protocolswhich do not accountfor MAC layer
delayssuchasTCR will overestimateheavailablecapac-
ity andusetoolargeawindow size.Subsequent/ythiswill
further congestthe MAC layer, leadingto an increasen
pacletlossandround-triptime anda decreasén through-
put.

This paperpresentsLow Delay Marking (LDM), an
IP layer approachto enhancel CP performanceowards
lower delay and loss rate without sacrificingthroughput.
Building on knowledgeof the optimal TCP window size
discussedn [8], LDM markspaclets with the probabil-
ity calculatedwith the estimatechumberof hopsandthe
numberof flows. Thisforcesthe TCPflowsto reduceheir
window sizecloserto anoptimalvalue,thusresultingin a
lesscongestiorat the MAC layer LessMAC layer con-



gestionleadsto fewer collisions and thereforedecreases TCPtimeoutswhichwould decreasés throughputignif-

round-triptimesandlossratesfor all flowsin the network.

We simulatedand evaluatedLDM over multiple chain
topologieswith a single and multiple-flovs. The results
shav 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
throughputcomparedo regular TCP LDM alsoprovides
muchbetterround-triptimes(upto a67.2%reduction)and
lossrates(upto a 33.8%reduction)comparedo Adaptive
Pacing.

Currently our evaluationis doneover with the number
of hopsandnumberof flows knovn aheadf time by each
router Implementationof hop and flow countingtech-
niguespresentedn Sectionlll is our currentongoingin-
vestigation.Additionally, evaluationswith morecomple
topologiessuchascrossesandgridsis alsounderinvesti-
gation.

APPENDIX
I. LRED INVESTIGATION

Weimplemented.ink RED (LRED) andAdaptie Pac-
ing from [8] in NS [22]. Unfortunately we werenot able
to getthe exact parameteraisedin the simulationsfrom
[8]. We tried variouscombinationof ming,, maz, and
max, Without successat reproducingLRED results. In
orderto help finding the right parametersye ran a sin-
gle TCP flow simulation over a 7-hop chain topology
We graphedthe cumulative distribution of the numberof
RTSretransmissionperframein Figure8. As the Figure
shaws, over 85% of the frameswere successfullytrans-
mittedwithoutary retransmissionsT his resultsin asmall

rangeof min,, andmazy, overwhich LRED canoperate.
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RTS Retransmissions

Fig. 8. CDF of RTS Retransmissions

Moreover, [8] tunesLRED basedna7-hopchainwire-
less network topology This requiresa singe TCP flow
to operatewith a window size of 3 for optimal perfor
mance. However, paclet lossfor sucha flow resultsin

icantly. We suspectbut have not proven, that the bene-
fits to TCP shavn in [8] comefrom Adaptive Pacing,not
LRED.

Il. CROSS TOPOLOGY

In orderto evaluateLDM overamorecomple topology
thana chain,we createda 6-hopcrosstopologyasshavn
in Figure9. This experimentinvolvestwo flows: onego-
ing the left to the right andthe othergoing from the top
to the bottom. Figure 10 depictsthe total throughputnor
malizedto thatof regular TCP, thesumof roundtriptimes,
Jainsfarinesq23] of throughputaindroundtriptimesand
thetotal numberof RTS collisions.

Flow 1

Flow 2

Fig. 9. CrossSimulationTopology

Regular TCP achieres 203 Kbps, restrainedT CP with

a window size of 2 achieres 261 Kbps (+28.7%), Adap-
tive Pacingimproves throughputto 238 Kbps (+17.4%),
andLDM achieres198Kbps(-2.3%). Restrained CPre-
ducesthe numberof RTS collisions by 15.2% over that
of regular TCR, Adaptive Pacingincreaseshe numberof

RTS collisions by 48.1%, and LDM reducesRTS colli-

sionsby 26.7%. Restrainedl CP reducesthe round-trip
time from 604 msto 121 ms (—79.9%), Adaptive Pac-
ing increasesheround-triptimeto 912ms(+51.1%),and
LDM reducesthe round-trip time to 315 ms (—68.5%),
muchcloserto thatof restrainedl CP. Restrained CP has
the lowestloss rate and original TCP the highest. Reg-

ular TCP providesJains fairnessndex of throughputsof

0.873 restrainedCPproduce®.721(—17.4%),Adaptive
pacing0.755(—13.5%)and LDM 0.931(+6.7%). Regu-
lar TCP provides Jains fairnessindex of roundtriptimes
of 0.999,retrainedTCP 0.900(—9.9%), Adaptive Pacing
0.876(—12.2%)andLDM 0.990(—0.8%).
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