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Abstract
Performanceevaluationand analysisof wirelessnetworks is
essentialbecausetestbedexperimentsfacilitatea betterunder-
standingof network andapplicationcharacteristics.This un-
derstandingof performance,in turn, resultsin robustprotocol
design.In thispaper, wepresentanexperimentalstudyof mul-
timediatraffic performancein meshnetworks.We evaluatethe
performanceof videoandvoicetraffic throughmulti-hopwire-
lesspathsandstudythecapacityof themeshnetwork. Wealso
investigatethe impactof differenttraffic andnetwork charac-
teristicson applicationperformance.The impactof different
wirelessnetwork interfacecardconfigurationsis examined,fol-
lowedby oursuggestionsfor how to improveperformance.We
believeourstudyis beneficialfor bothwirelessnetwork capac-
ity planningand robust protocol designfor wirelessapplica-
tions andservices.Otherresearcherscanalsodraw uponour
traffic measurementexperiencefor their own meshtestbedex-
periments.

1 Intr oduction

Thegrowing deploymentof wirelesstechnologyandin-
frastructureis enablinga variety of new applications.
Theseapplicationsrequireflexible and robust network
support. For instance,multimediaapplications,which
includevideostreaming,VoIP andonlinegaming,often
demandseamlessreal-timedatadelivery. Theserequire-
ments,in turn, necessitatethat both the applicationand
the network be able to adaptto the highly variablena-
tureof wirelesschannels.Evaluationandanalysisof the
performanceof theseapplicationson wirelessnetworks
thereforebecomesincreasinglycritical so that the net-
work andapplicationcharacteristicscanbebetterunder-
stood. Suchunderstandingalsofacilitatesrobustproto-
col designfor thefuturewirelessInternet.

Themajority of wirelessresearchhasbeenconducted
using simulationswhich offer an efficient and flexible
meansto evaluatenew protocolsusingfine-grainedcon-
trol. However, in simulations,MAC protocol models
areoftensimplified,idealwirelesschannelsareassumed

without considerationof backgroundnoiseandrandom
interference,and unrealistic traffic tracesare utilized.
Consequently, evaluationthroughsimulationmaynot re-
flect theperformanceobtainedin realnetworks.

As a result of the inaccuracy of simulations,many
researchershave begun deploying multi-hop meshnet-
worksfor usein wirelessnetwork protocoldevelopment
andtesting.Testbedexperimentscanbechallengingdue
to theeffort requiredto install,configureandmanagethe
hardware [5]. In addition, performanceresultsare of-
ten affectedby the specificconfigurationsandprotocol
settings. Given the significantnumberof possiblepa-
rametersthat canaffect results,finding a representative
setof parametervaluesis non-trivial. Furthermore,the
highly varyingcharacteristicsof wirelesslinks oftenlead
to unstableandunrepeatableresults.Significanteffort is
necessaryto enablerepeatabletestsandto establishad-
equatemethodsfor collectingandanalyzingthe testbed
data.

In this paper, we presentour experimentalstudy of
multimediatraffic performancein meshnetworks. Mul-
timedia applicationsare examinedbecausethey repre-
sent a growing percentageof Internet traffic and ap-
plications. Theseapplicationsdemandmore stringent
service quality with low delay and jitter. Specifi-
cally, we perform tests consisting of video streams
and voice traffic over the UCSB MeshNet testbed
(http://moment.cs.ucsb.edu/meshnet). We evaluatethe
performanceof the delivery of the multimedia data
throughmulti-hopwirelesspathsandstudythecapacity
of themeshnetwork. Wealsoexaminetheimpactof dif-
ferent traffic andnetwork characteristicson application
performance.Specifically, we comparetheperformance
of burstyvideotraffic with constantbit ratevoicetraffic.
We alsoinvestigatethe impactof differentwirelessnet-
work interfacecardconfigurations.Webelieveourstudy
is beneficialin bothwirelessnetwork capacityplanning
andprotocoldesign.Wedescribeouranalysismethodol-
ogy andutilities sothatotherresearcherscandraw upon
ourexperiencefor their own meshtestbedexperiments.



The remainderof this paperis organizedas follows.
Section2 briefly introducestheUCSBMeshNettestbed
and describesthe set of tools we usedfor our experi-
ments. Section3 describesthe experimentalsetupand
theevaluationmetrics.Section4 presentstheexperimen-
tal resultsandperformanceanalysis.Finally, Section5
discussesourobservationandconcludesthepaper.

2 UCSB MeshNetTestbed

TheUCSBMeshNettestbedis a wirelessmeshnetwork
deployedon thecampusof UC SantaBarbara.Thenet-
work consistsof 25 nodesequippedwith IEEE 802.11b
wirelessradios.Thenodesaredistributedon five floors
of theEngineeringI building. Thepurposeof thetestbed
is to evaluateprotocolsandsystemsdesignedfor thero-
bustoperationof multi-hopwirelessnetworks.

TheUCSBMeshNettestbedconsistsof two different
typesof nodes.Our experimentsareconductedon one
typeof node,calledMeshGateways, which areoff-the-
shelfIntel Celeron2.4GHzmachinesrunningLinux ver-
sion 2.4.20. Themachinesusewirelessutilities version
16andthehostapdriverfor communicatingwith theNet-
gate2511PCMCIA 802.11bradios.The802.11bradios
operatein ad hoc modeandconnectthe wirelessmesh
nodes.Eachnodeisalsoequippedwith anEthernetinter-
faceto provideInternetaccessto themeshdevicesandto
allow out-of-bandmanagementof themeshgateway[5].

We utilize existing tools such as iwpriv to set
the pseudoBSSID and lock the cell becauseotherwise
BSSIDchangesoccurfrequentlyin the testsandsignif-
icantly impact the results. iptables is alsousedfor
packetfiltering androuteconfigurations.To facilitatere-
peatableexperimentsandaccuratedataanalysis,wealso
developedtwo utilities for network monitoringanddiag-
nosis.

Link reliability test tool: We perform link reliability
testsbetweennodepairs. The goalsare to 1) measure
the link quality of individual hops,and2) identify any
asymmetriclinks. To testreliability, thepacket delivery
ratein boththeforwardandbackwarddirectionof a link
aremeasured.The measurementsaredoneby sending
periodicbroadcastpacketsandrecordingthenumberof
packetssuccessfullyreceivedat eachneighborduring a
givenperiodof time. Broadcastpacketsareusedbecause
MAC layer retransmissionsdo not occur for broadcast
packetsand thus thesepacketscanbe usedto estimate
the raw packet delivery rate. A link is consideredsym-
metricif thepacketdeliveryrateonboththeforwardand
reversepath is above 70%. We performeachtestmul-
tiple timesandidentify nodepairsthathave reliablebi-
directionallinks. We usethesenodepairsfor our exper-
iments.We alsoverify thereliability of the links before

andafter eachtestrun to ensurethat the link quality is
consistentwith our long termmeasurements.

Time synchronization tool: In our performanceanal-
ysis, time synchronizationbetweenthe meshnodesis
neededfor delayandbandwidthcalculations.Themulti-
mediatraffic cannotbeutilizeditself becauseit usesUDP
asthetransportlayerprotocol.It is thusone-way, i.e.,no
ACKs areprovided. Therefore,the packet transmission
delayneedsto be measuredby the destination.Further,
becauseasymmetriclinks frequentlyoccur in wireless
networks, roundtrip latency doesnot provide a consis-
tent,accuratemeasurementof one-waydelay. Therefore,
time synchronizationis critical for meshtestbedexperi-
ments.

We initially applied the Network Time Protocol
(NTP) [4] to eliminatethe clock skew amongthe mesh
nodes.However, our resultsshow thattheNTP synchro-
nizationprecisionis tensof milliseconds. This level of
accuracy is not sufficient for our dataanalysis. Thus,
we developeda tool to calculatethe time differenceof
two machinesby utilizing the wired managementlinks
of themeshnodes.Theselinks connectto thelocal area
network in the EngineeringI building. Specifically, our
tool transmitsconsecutive 4-byteprobepacketsthat in-
cludethetimestampof thesourcenode.Uponreception
of theseprobing packets, the destinationnoderecords
the timestampandechosa 4-bytepacket containingthe
timedifferencebetweenthetwo timestamps.At thesame
time, thesourcealsosends4-byteprobepacketsto mea-
suretheroundtrip latency. Therealclock differencebe-
tweenthetwo nodesis thedifferencetransmittedby the
destinationminushalf of the roundtrip latency. We re-
peattheteststentimes.Our measurementsindicatethat,
in the local areawired network, the averageround trip
latency andthetimedifferencecalculationhavelessthan
10 ������� error.

3 Experimental Setup

In this section,we describeour experimentalsetup,in-
cludingthenetwork configurationandtraffic characteris-
ticsof bothvideoandvoiceapplications.Wealsoexplain
the setof experimentswe performedandtheevaluation
metrics.

3.1 Network Topology

We utilize the reliability test tools describedin Sec-
tion 2 to identify the nodepairswith the most reliable
bi-directionalconnections.Fromtheresults,we selecta
sequenceof fivenodesthatform afour-hoppath.Two of
theselectednodesarelocatedin neighboringlabson the
secondfloor anda third nodeis acrossthehallway. The



othertwo nodesarelocatedon the third floor. We then
updatetheroutingtablesof thesenodeswith staticroute
entriesto form pathsfrom oneto four hops.

3.2 Application Traffic

We examinethe performanceof multimediatraffic over
the mesh network. Specifically, we use UDP video
and voice streamsrecordedwith RTPtools [1]. We
use rtpplay for streamingat the sourcenode and
rtpdump to recordthepacketsreceivedat thedestina-
tion. Voicetraffic followsa constantbit rate(CBR)with
an 80-bytevoice packet transmittedevery 	�

��� using
G.711codec,resultingin a datarateof ����������� . Video
traffic, on the otherhand,tendsto be morebursty. Fig-
ure 1 plots a 10-secondsampletraceof a video source.
The sourcetransmitsbetweentwo and threeframesof
dataeverysecond,whereeachframeconsistsof between
threeandseven 	
��� packets. Thesepacketsaretypi-
cally sentwithin a coupleof milliseconds.H.261codec
is usedfor the video traffic and the averagebit rate is
	�������� �!� .
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Figure1: Samplevideopacket sizestransmittedby thesource.

3.3 MAC Layer Configurations

In our experiments,all nodesoperatein adhocmodeon
Channel6 anduseastaticroutingtopology. Theprimary
configurationparametersthatwe vary during theexper-
iments focus on the wirelessnetwork interface cards.
Specifically, we performtestswith thecardoperatingat
afixeddatarate(��"#����� ) andautorate(auto-rateadapta-
tion at 1, 2, 5.5 and 	�	$"#����� ). In theauto-ratetests,the
daterate increasesasthe numberof successfullydeliv-
eredpacketsincreases.Conversely, thetransmissionrate
decreaseswhen the numberof packet errorsincreases.
Thismechanismis calledAuto RateFallback(ARF) and
is specifiedin the IEEE 802.11bstandard[6]. We also
investigatetheimpactof boththeRequestTo Send/Clear
To Send(RTS/CTS)mechanismandthemaximumnum-
ber of retransmissions.By default, the maximumnum-
berof retransmissionsperpacket is setto sevenfor small
packetsandfour for large packets. RTS/CTSis recom-
mendedfor largedatapackets1.

1There is no specific RTS/CTS thresholdvalue indicatedin the
IEEE802.11bstandard.

3.4 Experiment Scenariosand Metrics

Our testsare performedat night so that the impact of
randominterference(e.g.,backgroundnoise,peopleand
traffic onotherwirelessnetworks)is minimized.Wealso
collect resultsduring the day to examinethe impactof
thesefactors.

We conductthefollowing setof experiments:
1. We examinethe impactof auto-rateadaptationof

thewirelesscardby varyingthedataratesettingto
be either fixed or auto-rate. In this scenario,the
RTS/CTSis disabledand the maximumMAC re-
transmissionnumberis setto seven.

2. We studytheimpactof RTS/CTSby comparingthe
performancewith the RTS/CTSfeatureeither en-
abledor disabled.In this scenario,the datarateis
fixed at ��"#���!� and the maximumnumberof re-
transmissionsis seven.

3. We investigatethe impactof the numberof trans-
missionsby varying the maximumretransmission
value.In thisscenario,theRTS/CTSis disabledand
thedatarateis fixed.

Themetricsusedto evaluateperformanceare:
1. Packet latency: theend-to-endpackettransmission

latency.
2. Packet lossrate: thepercentageof packetsthatare

not successfullyreceivedat thedestination.
3. Inter -flow fair ness: indicatedby the variation of

delayor lossamongcompetingflows.
4. Packet jitter : indicatedby the variation of inter-

arrival latency for packetsof individualflows.

4 Experiment Results

In thissection,weevaluatetheperformanceof videoand
audiotraffic throughmulti-hopwirelesspathsandstudy
thecapacityof the meshnetwork. We alsoexaminethe
impactof differenttraffic andnetwork characteristicson
the applicationperformance.Further, we show the im-
pactof differentwirelessnetwork interfacecardconfig-
urations.

4.1 Capacity

Table1 shows thenumberof videoandvoiceflows that
the meshnetwork supportsas the numberof hops in-
creases.For videodata,weconsiderlessthan 	�% packet
lossacceptable.If a moreresilientcodingschemeis uti-
lized, it is possiblethat a higher lossratewill be toler-
able. For voicedata,we consider	�&�

��� asthe interac-
tivevoicedelaythreshold[3]. Wetestedtheperformance
with thetheNIC settoafixeddatarate(��"#���!� ) andwith
auto-rateadaptation.
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(b) AverageLatency (auto-rate).
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(c) AverageLatency (day& night).
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(e) AverageLossRate(auto-rate).
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Figure2: Performancewith increasingnumberof videostreams.

Table1: Numberof supported,concurrentflows at acceptable
quality.

Traffic Video Voice
hops 1 2 3 4 1 2 3 4

Auto 30 9 3 2 11 6 3 2
Fixed(/1032 465 ) 10 6 3 2 11 4 3 2

Intuitively, the network should support more voice
traffic flowsthanvideotraffic becausevoiceusesa lower
daterate.However, ascanbeseenin Table1, this is not
the case. Instead,the packet sendingrateplaysa more
importantrole in determiningthecapacity. Specifically,
voice traffic hasa higherpacket generationrateof 100
pkts/second,while the bursty video traffic hasan aver-
agerate of about16 pkts/second.The higher sending
rate leadsto network congestion,while the packet size
hasnegligible impactonthenumberof supportableflows
in thenetwork. To verify theimpactof packet sizes,we
alsoperformedexperimentswith ��
�
 bytevoicepackets.
This resultsin a bit rateof 	1��
������!� . Theresultsindicate
that the samenumberof flows aresupportedregardless
of whethertherateis ������� �!� or 	1��
������!� .

Figure2showstheaveragepacketdeliverylatency and
loss rate for video traffic with a fixed ��"#����� datarate
(Figures2(a) and (d)) and auto-rate(Figures2(b) and
(e)). We do not includethe resultsfor voice traffic be-
causethey aresimilar exceptthatvoicetraffic in general
incurslow delivery latency dueto smallpacketsizes.

We observe that as the length of the transmission
pathincreases,theperformancedegradesandthelatency
and loss rate increase. However, the increaseis non-
linear due to the increasedinterferencefrom neighbor-
ing nodes. The network capacityis constrainedby the
numberof hops. Fromthe results,we alsoobserve that
increasingthetransmissionrateof thecarddoesnotnec-
essarilyincreasethe capacity. For instance,the num-
ber of flows supportedwith the auto-ratefeature(with
maximumrate= 	�	$"#� �!� ) is closeto that of the fixed
datarate(��"#���!� ) in multi-hopscenarios,especiallyfor
voice flows with a large hop count. This result occurs
becauseof the increasedcontentionfrom neighboring
nodeswhenthepathlengthincreases.With morepacket
contentionandsubsequentpacket loss,thecardwill au-
tomaticallyfall backto a lower transmissionrate.

In our experiments,we noticethat theauto-rateadap-
tation follows a slow-start-like process.All nodesoper-
ateat thelowestdatarateinitially. We alsooccasionally
observe a surprisinglylow videoflow delivery ratefor a
smallnumberof flows in theauto-ratescenario.This is
becauseauto-ratedoesnotalwayssucceedin adaptingto
a higher transmissionratewhentraffic is bursty. How-
ever, oncethe card succeedsin adaptation,a close-to-
optimalthroughputof about��"#����� canbeachieved[2].

Figures2(c) and (f) comparesthe performanceob-
tainedduringthedayandatnightfor videoflowstravers-
ing two hopswith auto-rate.Interestingly, althoughour
testnodesoperateon a differentchannelthanthe other
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(a) Flow Latency.
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Figure3: Performancewith increasingnumberof videostreams.

wirelessnetworks in thebuilding, we noticerandomin-
terferenceandbackgroundnoiseduringthedaythatsig-
nificantly impactstheresults.

4.2 Inter -flow Variation

Figures3(a) and (d) show the fairnessbetweencom-
petingvideo traffic flows whenthe network is operated
in auto-ratemode. We noticethat the latency variation
amongcompetingflows is significantwhenthenetwork
is not saturated.Flows starteda coupleof secondsaf-
ter the first flows experienceup to threetimesmorela-
tency thanearlierflows. Whenthenetwork is congested,
the lossrateof theflows exhibits similar trends.As the
pathlengthincreases,thevariationbecomesmoresignif-
icantdueto theinter-flow contentionbetweenneighbor-
ing nodes. The samepatternswith voice dataarealso
observedduringour experiments.Theseresultsindicate
thephenomenaof “channelcapture”by earlieradmitted
flows resultingin unfairnessto laterflows [7].

4.3 Intra-flo w Variation

Figure4 illustratestheperpacket delayfor oneindivid-
ual flow on a 2-hopconnection.Thegray line indicates
the delaywhen the network is lightly loadedwith four
concurrentflows. The delay variation is in the range
of &$�7� to ��
�
$�7� with an averageof ���$�7� . The black
line indicatesthedelaywhenthenetwork is moreheavily

loadedwith eightconcurrentflows. Hencetherearemore
significantvariationsin the rangeof �
��� and 	1��
�
$�7�
with anaverageof �!	��
��� . This indicatesthatwith dif-
ferentchannelconditions,traffic jitter couldseverelyim-
pactthereceivedvideo/voicequality.
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Figure4: Intra-flow packet variation.

4.4 Impact of RTS/CTS

RTS/CTSis recommendedin the IEEE 802.11standard
to eliminatethehiddenterminalproblem. Thestandard
alsosuggeststhatfor smallpacketsRTS/CTSshouldnot
beutilizedbecauseof its extraoverhead.For largerpack-
ets,RTS/CTSshouldbe beneficialasa collision avoid-
ancemechanism.Figures3(b)and(e)show theimpactof
RTS/CTSby comparingtheperformanceof videotraffic
with RTS/CTSenabledanddisabled. The resultsindi-
catethat even with large video packets,RTS/CTSdoes
notusuallyoffer aperformanceimprovementin termsof



reducinglatency andloss. On thecontrary, it mayactu-
ally limit thecapacityof thenetwork. For instance,Fig-
ures3(b) and(e) show that in the 2-hopscenario,only
four flowsachievesatisfactoryqualitywhenRTS/CTSis
enabled,while the network cansupportup to six flows
when this featureis disabled. Our resultssuggestthat
RTS/CTSshouldnotbeusedfor multimediatraffic.

4.5 Impact of MAC Retransmissions

Figures3(c) and(f) indicatethe effect of changingthe
maximumnumberof MAC layerretransmissionson the
delayand loss rateof the video traffic. A small maxi-
mum retransmissionvalue reducesthe transmissionla-
tency over eachhop,asshown in Figure3(c). Suchre-
ductionsubsequentlyincreasesthe capacityof the net-
work if latency is the primary metric in consideration.
The introductionof MAC retransmissionsalso signifi-
cantly improvesthepacket delivery rate. As seenin the
onehopscenarioin Figure3(f), thelossratewhennore-
transmissionsareenabledis constant,indicatingpossible
backgroundnoiseandinterference.Whenretransmission
is enabled,the loss rate significantly drops. However,
thereis no oneideal valuefor the maximumnumberof
retransmissions.Whenthenetwork becomescongested,
thelossratewith no retransmissionsis actuallyno more
thanthatwith amaximumof sevenretransmissions.The
differencealsovarieswith the numberof hops. Hence,
investigationof the relationshipbetweenthe maximum
numberof retransmissionsandthenumberof hopsof the
pathwouldhelpto find anoptimalvalueto achievebetter
performance.

5 Conclusions

In this paper, we have presentedour experimentalstudy
of multimedia traffic delivery in the UCSB MeshNet
testbed.Wehaveevaluatedtheperformanceof videoand
voice traffic throughmulti-hop wirelesspathsandstud-
ied thenetwork’scapacity. We alsoexaminedtheimpact
of differenttraffic andnetwork characteristicsontheper-
formance. To summarize,we have madethe following
observations:8 The capacityof the network is constrainedby the

numberof hopsin thetransmissionpath.8 The numberof flows supportedby the network is
mostly heavily influencedby the packet sending
rate,not by thedatarateor packetsize.8 Auto-rateadaptationdoesnotalwaysleadto capac-
ity improvementwhenburstytraffic is present.8 Channelcapturecan result in unfairnessamong
competingflows.8 Packet jitter variationscanbesignificantin current
802.11bnetworks.Solutionsareneededto dampen
thevariationfor real-timetraffic delivery.

8 RTS/CTSdoesnot typically helpin improving per-
formanceof real-timetraffic.8 Findinganoptimalvaluefor themaximumretrans-
missionnumbermayhelpimproveperformance.

We believe our study is beneficialfor both wireless
network capacityplanningandprotocoldesign.Wehave
describedour analysismethodologyandutilities so that
otherresearcherscandraw uponour experiencefor their
own meshtestbedexperiments.We planto continueour
work studyingexperimentalresultsobtainedthroughour
testbed.Specifically, we want to explore the techniques
of reducingpacketjitter in multimediadeliveryandapply
moreadvancedcodecschemesandsubjectiveevaluation
methodsto our traffic analysis.
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