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Abstract— Becausemedium contention occurs for each
packet that is transmitted in a IEEE 802.11 wireless
network, transmission of a large number of small packets
can be particularly detrimental to performance. As a
result of contention overhead, end-to-enddelay and energy
dissipation increaseand the medium utilization decreases.
In this paper, our goal is to reduce contention through
concatenation of several small packets into a single large
packet, and subsequentlytransmit this large packet. We
proposelPAC, an IP-based packet concatenation protocol
that adaptively selectsan appropriate packet sizebasedon
the route quality. Simulation results show that with IPAC,
contention is reduced by a factor of two, resulting in a
throughput increaseby a factor of two to three.

|. INTRODUCTION

In a multihop network, paclets are relayedby inter-
mediatenodesbetweena sourceand destination.Each
nodein a collision domaincontendsor mediumaccess
for every transmittedpaclet. The transmissiorof a large
numberof paclets may signi cantly deteriorateperfor
mancedueto overheadmposedby mediumcontention.
An increasein contentionresultsin an increasein the
MAC overheadthe numberof retransmissionsverage
bacloff and aggrejateenegy dissipationper nodein a
network thatis highly utilized [1].

Previous researchhasshavn that mediumcontention
can be reducedby a number of approachesThese
include:

1) Reductionof RetmansmissionLimit: Medium con-
tention is lowered by limiting the number of retrans-
missionsat the MAC layer [2]. This approachis shovn
to work well for applicationsthat areresilientto paclet
losses,such as multimedia applications.However, the
approachis detrimentalfor TCP applications,such as
FTR which cannottoleratelosses.In this case,a MAC
layer loss leads to retransmissionsat the upper layer
resultingin additionaldelay and bandwidthutilization.

2) AdmissionContml: Limiting the numberof ows in
the network reducesthe numberof contendingnodes
andresultsin higher mediumutilization [3]. Admission
control schemessuffer from the drawvback of not being
scalableas the delay experiencedby a ow waiting
for admissionincreaseswith the increasein number

of contending o ws. While this delay is tolerated by

certainapplicationssuchas le transfer delaysensitve

applicationswill suffer performancedegradation.

3) Reservation-base@hemes:These schemesexploit

the applicationlayer characteristicin medium access
control. They utilize the periodicity of transmissions
at the application layer to resene time slots, thereby
decreasingmedium contention. However, since these
applicationsrely on the periodic natureof applications,
they are applicableonly to a classof applicationssuch

asVolP.

One of the primary causesof serere contentionand
congestionn a multihop network is the transmissiorof
a large number of small paclets at eachintermediate
node. Studieshave shownn that thereis more overhead
andpower utilized in mediumcontentionthanis needed
to transmitlonger packets and paclkets should be fairly
large to keepthe transmissionoverheadsmall [4], [5].
Concatenationof small paclets is likely to result in
reducedmediumcontentionandimproved performance.
Therefore the aim of this paperis to reducecontention
by transmittinglarger paclets. In this technique,small
paclets are aggregatedinto a large superpaclet. MAC
contentiontakes place only once for the single super
paclet insteadof multiple timesfor the smallerpaclets.
As a result, a node spendslesstime in contentionand
bacloff, which leadsto better medium utilization, and
consequenthhigherthroughput.

In the designof a concatenatiorschemesomeof the
guestionghatneedto beansweredre:(1) Is therea sig-
ni cant numberof small pacletsin a wirelessnetwork?
(2) Does transmissionof a large paclet signi cantly
increasethe likelihood of errors?(3) What s the delay
introduceddueto queuingandconcatenatioperations?
The discovery of an answerto thesequestionsis non-
trivial, however it is essentialfor a well-designedand
practicalconcatenatiorprotocol.

As an answer to the rst question, we obsene
the paclet size distribution from a sample of net-
work trafc tracescapturedfrom a large conference
wireless LAN. This is depicted in Figure 1. The

gure shows that a signi cant fraction of paclets
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Fig. 1. Paclet sizesfrom trafc analysisof the 61st IETF held in
November2004.

in a large wireless network are small in size. This
demonstrateshe availability of paclets for concatena-
tion.

The secondchallengeto be addressedby the concate-
nationschemas the potentialincreasen pacletlossdue
to an increasein bit errorsand collisions. Our solution
usesroute quality asa metricto adaptvely calculatethe
maximum size of the concatenategbaclet. Paclets are
concatenateanly up to an optimal size so as to not
increasethe paclet loss. The third challengefor the
concatenatiorschemeis to minimize the delay intro-
ducedby theschemesuchthattheapplicationconstraints
can be met. Any concatenatiorschemecomeswith a
tradeof that it introduceslatengy. We minimize this
latengy by using an end-to-endconcatenatiorscheme.
The delay introducedby the schemeis quanti ed sys-
tematically

In this paper we proposelPAC, an IP-basedadaptve
PAcket Concatenationscheme.lPAC is distinct from
previous work in that it is both an IP layer scheme
and dynamically adaptve. Throughthe adaptve calcu-
lation of an appropriatepaclet size, paclet loss due to
transmissiorof large pacletsis reducedAs an IP-based
scheme,queuingand concatenatioris performedonly
onceat the source,as a result of which the end-to-end
delayis minimized. To performadaptve concatenation,
a routing metric is used to obtain an indication of
the route quality. The paclet size is calculatedbased
on the value of this routing metric. A high quality
route implies that larger paclets can be sent, whereas
a low quality route indicatesthat larger paclets will
likely suffer a high loss rate. For this reason, the
paclet size computationis closely tied to the route
selection.The routing protocol choosesthe best route
basedon the routing metric, which is also used to

computethe paclet size that will be usedon that route.
The paclet size determinationis describedin detail in
Section IlI.

Simulation studiesshowv that with paclet concatena-
tion, the averagenumberof timesthat a nodecontends
beforeit acquiresthe mediumfor transmissionwhich
we call “Attemptsto MediumAccess”(AMA), decreases
by a factor of two. Consequentlyan improvementin
throughputby a factor of two to threeis obsened. A
systematicstudy of the delayintroducedby the concate-
nationschemen a 3-hopnetwork shaws thatthe end-to-
endpaclet delayincreasedy only 1.3 to 1.6 timesdue
to buffering prior to concatenationwhich is deemedas
an acceptabléncreasen delayfor mostapplications.

The restof the paperis organizedasfollows. Section
Il discusseghe relatedwork on paclet concatenation.
The details of the protocol proposedare discussedn
Sectionlll. Section|V provides a detailed evaluation
using simulations.Finally, the summaryand conclusion
are presentedn SectionV.

Il. RELATED WORK

Previous work on packet concatenatiorschemesan
be cateyorizedbasedn their targetnetwork typeandthe
layer at which they operate.One of the rst solutions
was “Packet Frame Grouping” (PFG) [6]. PFG is a
MAC layer schemeor wirelessLANs thatimprovesthe
performanceof MAC protocolsfor multimedia traf ¢
and short paclets. The principle behind PFG is to
groupsmall packetsandsharethe performanceverhead
betweenthe groupedpaclets. This is done by bursting
the paclets with an SIFS interval betweeneach,once
the mediumis acquired.

PAC-IP is to datethe only existing work on IP layer
concatenatioffi7]. This work notesthatthe mainreason
aggreyation is not currently implementedat the link
layer is becausemodifying the link layer involves a
signi cant effort for standardizatiomnd modi cation of
rmw are. Hence, it proposesconcatenationat the IP
layerin awirelessLAN. Themainideais to concatenate
IP pacletsinto a singlelarge “ConcatenatedCollection”,
which is consideredas an ordinary payloadat the link
layer The recever separateshe original IP paclets by
usingthe information storedin the MAC headerand IP
headers.

PFGandPAC-IP weredevelopedfor WLAN networks
that consistof a single hop. Someof the later work on
concatenatiordescribedink layer protocolsthat target
multihop networks. PAcket Concatenation(PAC) is a
MAC layer schemefor rate adaptve mobile ad hoc
networks[8]. PAC dynamicallycalculateghe numberof
framesto be concatenateds a ratio of the currentdata
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Fig. 2. Queuingand paclet concatenatiorin IPAC.

rate to the lowest supporteddatarate. Adaptive Packet
Concatenatio{APC) is a distributed MAC layer paclet
concatenatiorschemefor multihop sensorand ad hoc
networks.APC adaptiely concatenategacletsusingthe
current transmissionrate [9]. The transmissionrate is
determinedby observingthe receved power of the CTS
frame from the next hop.

Concatenation multihop networks is not a straight-
forward extension of the single hop casebecausethe
link characteristiceanchangesigni cantly in amultihop
path. Hence adaptvity becomesan important require-
ment of the concatenatiorprotocol. PAC and APC are
multihop schemesthat adaptthe payload size to the
link conditions. These schemesfunction at the link
layer. Link layerschemegprovide a highergranularityof
adaptationto the link dynamicssincethey canadaptto
the link quality at eachhop on the path. However, they
come with the trade-of that they introducelateny at
eachhopdueto queuinganddatacopy operationsyhich
in turn affectsthe performanceof delay-sensitie appli-
cations.They alsoslow down the intermediatenodesby
increasingthe processingoad on them.

In this paper we study the performanceof an IP-
basedconcatenatioprotocol.As perour knowledge this
is the rst work that looks at adaptve concatenation
at the IP layer IP-basedschemesconcatenatepack-
ets at the sourceand deconcatenatat the destination,
thuseliminatinghop-by-hoppaclet concatenationlelay
However, they comewith the trade-of that the payload
size calculationis performedonce, at the source,as a
result of which the adaptationto link variationis more
coarse-grainethana link layer approach.

[1l. PROTOCOL DESCRIPTION

The IPAC protocol functions at the IP layer The
underlyingprinciple of IPAC is that pacletsthat are ad-
dressedo acommondestinatiorareconcatenatetiefore
beingpassedo the link layer. This processs shown in
Figure 2. The link layer contendsfor the medium for
this singlelarge paclet. Oncethe IP destinatiorreceves
this paclet, the paclet is deconcatenated.

Therearemultiple importantparametersn the design
of this protocol.The rst parameteis the maximumsize
of a concatenategbaclet, which we call the Maximum
ConcatenationSize (MCS). Each queueis associated
with a MCS valuethatis calculatedbasedon the quality
of the route to the destinationto which the queuecor-
respondsThe secondparameteiis the time interval for
which paclets can be queuedat the senderbeforethey
are concatenatedand delivered, called the Maximum
Concatenationnterval (MCI). Using this parametgrwe
can control the queuingdelay introducedat the source
and ensurea maximumdelay bounddueto IPAC.

The following sectiongprovide detailson the protocol
operations.

Queuing The sender maintains one queue for each
destinationthat it hasa paclet to sendto. IP paclets
are queuedbasedon their destination.To reducethe
overhead of maintaining queuing information at the
sourcethe queuesanbe deletedaftera speci ed period
of time. Each queueis associatedvith a MCS value
dependingon the route quality to the corresponding
destination.The timer module controls the maximum
paclet queuinginterval. The timer is setto the desired
MCI value basedon the delay that can be toleratedby



the recever. A study of MCI valuesand the associated
delayis describedn SectionlV-C.

Dequeuing The paclets are dequeuedat the senderfor
transmissiorin one of the two cases:

The numberof queuedbytesexceedsthe MCS.

The timer expires. In this case,the paclets are

dequeuedor delivery regardlessof the queuesize.
After dequeuingthe pacletsareaggreatedinto a single
superpaclet anda four-byte headelis addedto indicate
the number of concatenatedpaclkets and the size of
each concatenategbaclet. When there is an incoming
paclet that cannotbe queuedbecausehe MCS will be
exceededthe queueis ushed, the dequeuegacletsare
transmittedand the incoming paclet is then queued.If
the incoming paclet size is larger than the MCS, the
gueueis ushed and the paclet is transmittedwithout
being queued.This preventsre-orderingof paclets.

After dequeuinga paclet is passedo the link layer,

whereit is processeds a single IP paclet. The MAC
protocol now contendsfor the medium for the super
paclet insteadof several smaller paclets. This super
pacletis transmittedo the destinationpossiblythrough
multiple intermediatenodes.

DeconcatenationOn receving a paclet, the destination
examinesthe incoming packet and checksfor a concate-
nation header If this headeris not present,the paclet
is deliveredto the transportlayer If a concatenation
headeris present,then the paclet is deconcatentedo
obtainthe smallerpacletsandthe individual pacletsare
deliveredto thetransportayer Theconcatenatioheader
providesthe destinatiorwith the informationneededor
deconcatenation.

AdaptiveMCS Determination Calculationof the size of
the supefpaclet is a critical aspectof the protocol. A
small payload length will increasethe contentionrate
and consequentlydecreasehe throughputand medium
utilization. Large pacletsreducecontentionandincrease
medium utilization in the presenceof a high quality
route. However, large paclets are prone to bit errors
andcollisions,thusincreasingpaclet lossif the routeis
lossy[2]. Thetransmissiorof large paclets,without con-
sideringthe channelquality, increaseghe bit error rate
and paclet loss. Paclket lossesresultin retransmissions,
which further decreasethe throughput. Throughputis
shawvn to be a function of paclet payloadlength,aswell
asthe numberof retransmissiondt is henceimportant
that the concatenationschemedoes not increasethe
numberof retransmissions.

The concatenationsize should be adaptie to the
channeluality. Thesendesshoulddetermineheoptimal

payloadengththatcanbetransmittedvithoutincreasing
the paclet loss. To computethis, we usethe the routing
metric “Weighted Cumulatve Expected Transmission
Time” (WCETT) describedby Draves et al. [10]. For
the sale of completenes& TT andWCETT calculations
arebrie y describedbelon. The ExpectedTransmission
Time (ETT) is calculatedusing the formula:

S

> o

where ETX is de ned as the Expected Transmission
Count, which estimatesthe numberof retransmissions
requiredto sendunicastpaclkets by measuringthe loss

rate of broadcasipaclets betweenpairs of neighboring

nodesThisis ameasuref thelink' slossrate.S denotes
the size of the paclet and B is the bandwidth,so the

fraction g measuresthe link bandwidth. Bandwidth

is measuredusing the technique of paclet pairs as
describedby Draveset al. [11].

WCETT is a pathmetricthatis calculatedasthe sum
of the ETT's of all the hops on the path. This gives
an estimateof the end-to-enddelay experiencedby a
paclet traveling along the path basedon the loss rate
andbandwidth.ThusWCETT for a pathwith n hopsis
given by:

ETT=ETX

WCETT=(@1 ) ETT; +
i=1

wherek is the numberof channelsin the network and
Xj is the sumof transmissiortimes of hopson channel
j- The authorsnotethatthe metricis a tradeof between
delay andthroughputof the path.The rst termgivesa
measureof lateny and the secondterm representghe
impactof bottleneckiinks. The weightedaveragestrikes
a balancebetweenthe two.

The WCETT is a measureof the quality of a pathand
henceit senesasa suitablemetric for choosingpaclet
sizes.In a setof pathsbetweera sourceanddestination,
the pathwith the lowestWCETT valueis mostlikely to
deliverthe maximumnumberof packetswith leastdelay
Becauseéhe pathis of high quality, it is likely thatlarge
paclets,perhapaup to somemaximumsize,canbe sent
over sucha link without increasingthe paclet lossrate.
We performempiricalevaluationsto extractthe mapping
from WCETT valueto paclet sizes.This is describedn
SectionlV-B.

The WCETT metric wasdesignedor static multihop
networks. IPAC leveragesthe WCETT routing metric
as an indication of route quality to dynamically adapt
the paclet lengths.Hencethe concatenatiorsolution is
applicableto a static multihop network. IPAC targets

max X (2)
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Fig. 3. Mappingof WCETT valuesto paclet sizes.

plannedstatic multihop networks suchas a meshback-
bone.However, IPAC is itself orthogonalto any routing
solution,andis oblivious to mobility in the network.

V. PERFORMANCE EVALUATION

IPAC hasbeenimplementedon the Qualnetsimula-
tor. We extendedthe OLSR-INRIA implementationin
Qualnetto incorporatethe WCETT metric. The paclet
concatenationprotocol has been implementedto use
theseWCETT valuesand adaptthe paclet size to the
routing metric. The performanceof IPAC has been
evaluatedthrough extensve simulationsusing Qualnet.
The evaluation methodology simulation environment
andresultsare describedn the sectionsthat follow.

A. EvaluationMethodolay

The simulations consist of 100 nodesin a 1000m
X 1000m area,of which there are 10 pairs of sender
recever nodes. The nodes are placed in a uniform
randomtopologyin the simulationarea.The resultsare
an average of ve seedvalues. Each simulation run
is for a duration of 200 seconds.Each of the nodes
is equippedwith a single IEEE 802.11b radio. The
RTS/CTSmechanisnis turnedoff in all the simulations
expectwhenmentionedotherwise.The routing protocol
usedis OLSR, extendedto selectroutesbasedon the
WCETT metric.A valueof 0.5is usedfor in Equation
2. This is to give equalweight to total path lengthand
bottlenecKinks. A valueof 1 will pick a pathwith the
leastbottleneckbut will notfactorin the pathlength.On
theotherhand, =0will randomlyselectonepathfrom a
setof equivalentpathswithout consideringvhetherthere
is abottlenecKink in the path;thethroughputwill suffer
if thereis a bottlenecklink.

B. Mapping WCETTto Packet Size

A critical aspecbf the protocolis to mapthe WCETT
valuesobtainedto a paclet size. The ef cacy of thecon-
catenatiorprotocoldepend®n this mapping.An optimal
pacletsizeis onethatmaximizesmediumutilization and
throughputwhile avoiding an increasein paclet drops.
The optimal paclet size is directly correlatedwith the
link quality and datarate. Packet sizesgreaterthanthe
optimal sizeresultin a higherlossrate.

We performed empirical evaluationsto obtain this
mapping. The applicationtype usedis CBR trafc. In
eachrun of the simulation, the applicationpaclet size
was varied from 100 bytesto 1500 bytes,incremented
in stepsof 100 bytes. For eachof thesepaclet sizes,
the WCETT value that is computedis recorded. A
datarate of 64 Kbps, typical of voice applicationswas
used. Packet concatenatiorwas not performedin this
experiment.

The goal of the experimentwasto determinea pos-
sible mappingof WCETT to paclet size. Interestingly
for eachWCETT value, it was obsened that therewas
a particularpacket size above which the throughputde-
creasedlueto anincreasen pacletdrops.Thiscon rms
thatthereis a thresholdpaclet size above which the bit
error rate increases.This maximum paclet size above
which a throughputdecreaseavas seenwasrecordedfor
each WCETT value. The 90" percentilevalue of all
the simulation runs was computedand mappedto the
correspondinVCETT value.Figure3 shavs theresults
from the simulations.The WCETT valuesareplottedon
the x-axis and the correspondingoptimal paclet sizes
on the y-axis. The paclet size decreasespproximately
linearly with the increasein WCETT. With WCETT
under0.02 ms, paclet lengthscloseto the MTU (1500
bytes)provide maximumthroughput At WCETT=1ms,
this optimal paclet size decreasego 400 bytes. The
mapping extracted from theseempirical evaluationsis
usedin the remainderof the simulations.

C. EvaluationResults

In this section,the protocol performances evaluated
usingvarioustrafc patternsThroughtheseevaluations,
we can quantify IPAC performancein terms of the
bene ts it offers and quantify the dravbacks such as
delay and overhead. Evaluations are performed with
two traf ¢ patternsCBR andHTTP applicationsThese
applicationgepresentwo classe®f traf ¢ with different
characteristicsCBR, using UDP as the transportpro-
tocol, is sentas best effort. It can be usedto model
voiceapplicationswhich areperiodicanddo nottolerate
large delays.HTTPR, on the other hand, usesTCP at
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the transportlayer and requiresreliability. Thereis no

periodicityof packettransmissiorandit is moretolerable
to delays.The metricsusedandthe protocolperformance
are describedbelown. Simulationswere performedusing

the setup describedin Section IV-A to evaluate the

protocol performancein termsof throughputand delay

for bothUDP andTCPtrafc. Theresultsfor boththese
traf c patternsare shovn below.

Effect of varying MCI value: In this experiment,the
MCI valuesarevariedto studythe end-to-endlelaythey
introducein the system.Thiswill resultin understanding
of the delay causedby the timer, so that the timer
value can be tunedbasedon the delay toleranceof the
application.

In this experiment,ten randomsenderdransmitCBR
pacletsto ten randomrecevers. The sendingrateis set
to 64 Kbps and the paclet size is 160 bytes, which is
typical of voice applicationsThe MCI valuesarevaried
from1l sto100msandtheresultingend-to-endielayis
plotted. Theresultsareshovn in Figure4. A MCI value
of 1 ms resultsin an end-to-enddelay of 83 ms. The
delaysobtainedup to MCI valuesof 10 ms are within
thetolerabledelaylimits for voice applicationsusingthe
popularITU-T G.711codec.

Althoughthedelayvaluesseendependon the network
topology, the resultsindicatethatfor a giventopology a
MCI value canbe chosensuchthat the delay causedby
IPAC doesnot adwerselyimpact the applicationperfor
mance.A highervalue of MCI will, however, increase
the bene ts of concatenation.

OverheadA potentialdravbackof IPAC is theoverhead
introducedby the concatenatiorheader Even thougha
four byte headeris addedby the protocol, overall there
is a signi cant reductionof MAC layer overhead|EEE
802.11baddsa 30 byte headerat the MAC layer, a 4
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byte FCSanda 24 byte PLCP headerThis resultsin 58
bytesof MAC overheadwhich can be considerabldor
small paclets. With IPAC, the MAC and PLCP headers
areaddedfor a singlelarge paclet. The MAC overhead
without IPAC is even more substantialif RTC/CTS
is enabled.With IPAC, RTS/CTS takes place for the
single supefpaclet instead of several small paclets.
This reductionin overheachecomesigni cant whenthe
traf c rateis high and a large numberof small paclets
are available for concatenation.

The overheadreductioncan be obsened from Figure
5. The simulationsconsistof ten random CBR o ws
with 160 byte paclkets and a data rate of 64 Kbps
and RTS/CTS disabled.The overheadis calculatedas
a fraction of the payloadand expressedsa percentage.

UDP Performance

To studythe performanceof UDP trafc, tenrandom
sendergransmitCBR pacletsto ten randomrecevers.
The data rates are varied as 50 Kbps, 100 Kbps, 1
Mbps and5 Mbps. The 50 Kbps datarateresultsin an
underloadedhetwork (27% utilization). The 100 Kbps
and 1 Mbps resultsin a moderateutilization (30-50%)
while the5 Mbpsdataratethenetwork is heavily utilized
(77%). The resultsfrom theseexperimentsare shavn in
Figure 6. Eachof the graphsis further explainedbelow:

Attemptsto Medium Access(AMA): A node contends
for the mediumfor eachpaclet transmissionThe “At-
temptsto Medium Access” metric is a count of the
numberof times a node contendsfor the medium for
the successfultransmissionof a paclet. This count
includesthe retransmissiorattempts.The AMA is an
importantmetric asit translatego the amountof time a
nodespendsn bacloff. A higherAMA countindicates
that a node attempteda greaternumber of transmis-
sions. With each unsuccessfutransmissionattempt, a
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node hasto bacloff. As per IEEE 802.11,the bacloff
counter increasesexponentially with each retransmis-
sion.

AMA hasbeencalculatedas the averagenumberof
timesa nodecontendsfor the mediumduring the entire
lengthof the simulation.As shavn in Figure 6(a), there
is a decreasén AMA with paclet concatenationWhen
the trafc load is high, asin the 1 Mbps and 5 Mbps
casesthedecreasén AMA is signi cant, approximately
50%. Becauseof concatenatiorof small paclets into
a single supefpaclet, there are fewer paclets to send
and the node contendsfewer times. This reducesthe
time spentby a nodein contentionand bacloff. With
low trafc loads,therearefewer pacletscontendingand
hencethe reductionin AMA is not aslarge.

Medium Utilization: This is measureds a ratio of the
time spentby a nodetransmittinga paclet, againstthe
total time spentin transmissiorandbacloff. An increase

in medium utilization usually resultsin an increasein
the throughput(unlessthe mediumis congested)Figure
6(b) shavs that medium utilization increasesdue to
paclet concatenation.This increaseis because,with
fewer paclets to send, the node spendsless time in
medium contentionand bacloff. When the medium is
acquiredthe nodetransmitsaslarge a packet ascanbe
sentwithout increasingthe bit error rate.

Throughput: The increasein end-to-endapplication
layer throughputis shavn in Figure 6(c). Under higher
load, a throughputimprovementup to a factor of two
is obtained.Underlow trafc conditions,the nodesare
sendingfewer paclets, the utilization is low and hence
thereis only a moderateéimprovementin throughput.

Delay: A potential dravback to paclket concatenation
schemess the end-to-enddelay Concatenatiolinvolves
gueuinganddatacopy operationswvhich introducedelay
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The MCI parameterdiscussedn sectionlll is usedto
control the queuingdelay In the above experimentsthe
MCI valuewassetto 10 s, which was selectedbased
ontheresultsfrom Figure4. Figure6(d) shavs the delay

introduceddue to concatenatiornn the above scenarios.

It can be seenthat maximumdelayis introducedwhen
thetrafc is low. Thedelayseenunderhigh traf c loads
is betweenl.3 to 1.6 times the delay seenwhen there
is no packet concatenationThe maximum throughput
benet is also seenat higher trafc loads, implying
that concatenatioris most bene cial under high trafc
conditions.

Effect of RTS/CTS: In this set of simulations, the
RTS/CTS mechanismof |IEEE 802.11 was enabledto
determineits effect on the concatenatiomechanismAs
canbe seenfrom Figure 7, the throughputimprovement
with RTS/CTS is greaterthan the increaseobsened
without concatenationby approximatelya factor of
three. With a large numberof small paclets, there is
a substantialoverheaddue to the RTS/CTS for each
paclet. With concatenatiorthis overheads reducedsig-
ni cantly sincevirtual carriersensings now performed
only once,for the single superpaclet.

TCP Performance

Evaluatingthe protocolperformancen the presencef
TCPtraf ¢ is importantasthe delaycanaffect the TCP
timers, potentially resulting in timeouts. Simulations
were conductedusingthe setupdescribedn SectionlV-
A. The HTTP trafc modelis used,and the think time
is varied to obtain different datarates. The think time
is the amountof time betweenHTTP requestswhich
is often the spentby a user thinking, remainingidle
or decidingwhat to do next. Figures8 and 9 shav the
resultsfor throughputand RTT measurementAs seen
in Figure8, with concatenatiora throughputincreaseaup

Fig. 8. Throughputmeasurementwith HTTP trafc.

Fig. 9. RTT measurementwith HTTP trafc.

to 1.2timesis obtained.The queuingand concatenation
delaysdo not affect the TCP timersadwersely Figure9
compareshe RoundTrip Times(RTT) with andwithout
concatenationThe delay is comparableto the delay
with UDP traf c, approximatelyl.4timesthedelayseen
when concatenatioris not performed.

The results shav that the throughputincreasewith
HTTP traf c is modestascomparedo theincreasewith
CBR.Thisis becaus¢HTTP traf c doesnothave alarge
numberof small sized paclets available for concatena-
tion; TCP typically transmitsMTU sized paclets. As
voice and video applicationsbecomemore widespread,
we anticipatethe transmissionof paclets smallerthan
the MTU, in which caselPAC will becomeincreasingly
bene cial.

V. CONCLUSION

Wireless network trafc consistsof a large number
of pacletswith small payloads.Frequentmediumcon-
tention for a large number of small sized paclets is
expensve, and the medium can be better utilized by
sendinglarge packetsoncethe mediumis acquired.This
paper studiesthe bene ts of concatenatingpaclets at



the IP layer and proposesa solution to adapt paclet

concatenatiorsize basedon the route quality. We have

shawvn thatthereis anoptimal paclet sizecorresponding
to aroutequality which resultsin maximumthroughput.
Above this paclet size,the paclet lossdueto bit errors
increasesWith concatenationan increasein medium

utilization and consequentlyan increasein throughput
is obsened. This improvement becomesincreasingly
signi cant under high trafc loads. Simulation results
shav that the throughputand medium utilization can

increaseby a factor of two to three. As the number
of deployed multihop wireless networks increasesand

voiceandvideoapplicationdbecomewidely used paclet

concatenationill beincreasinglybene cial to network

performance.
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