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Abstract

Performancesvaluation and analysisof wirelessnetworks is
essentiabecauseaestbedexperimentsacilitatea betterunder
standingof network and applicationcharacteristics.This un-
derstandingf performancein turn, resultsin robust protocol
design.In this paperwe presenainexperimentaktudyof mul-
timediatraffic performanceén meshnetworks. We evaluatethe
performancef videoandvoicetraffic throughmulti-hopwire-
lesspathsandstudythe capacityof the meshnetwork. We also
investigatethe impactof differenttraffic and network charac-
teristicson applicationperformance.The impactof different
wirelessnetwork interfacecardconfigurationss examined fol-
lowedby our suggestiongor how to improve performanceWe
believe our studyis beneficiaffor bothwirelessnetwork capac-
ity planningand robust protocol designfor wirelessapplica-
tions andservices.Otherresearchersanalsodrav uponour
traffic measuremergxperiencefor their own meshtestbedex-
periments.

1 Intr oduction

The growing deploymentof wirelesstechnologyandin-
frastructureis enablinga variety of new applications.
Theseapplicationsrequireflexible and robust network
support. For instance,multimediaapplications,which
includevideo streamingVolP andonline gaming,often
demandseamlesseal-timedatadelivery. Theserequire-
ments,in turn, necessitatéhat both the applicationand
the network be ableto adaptto the highly variablena-
ture of wirelesschannelsEvaluationandanalysisof the
performanceof theseapplicationson wirelessnetworks
thereforebecomesncreasinglycritical so that the net-
work andapplicationcharacteristiceanbe betterunder
stood. Suchunderstandinglsofacilitatesrobust proto-
col designfor the future wirelessinternet.

The majority of wirelessresearcthasbeenconducted
using simulationswhich offer an efficient and flexible
meangdo evaluatenew protocolsusingfine-grainedcon-
trol. However, in simulations,MAC protocol models
areoftensimplified,idealwirelesschannelsareassumed

without consideratiorof backgroundhoiseandrandom
interference,and unrealistictraffic tracesare utilized.
Consequentlyevaluationthroughsimulationmaynotre-
flectthe performancebtainedn realnetworks.

As a result of the inaccurag of simulations, mary
researcherdiave begun deploying multi-hop meshnet-
worksfor usein wirelessnetwork protocoldevelopment
andtesting.Testbedexperimentscanbe challengingdue
to theeffort requiredto install, configureandmanagehe
hardware[5]. In addition, performanceresultsare of-
ten affectedby the specificconfigurationsand protocol
settings. Given the significantnumberof possiblepa-
rametershat can affect results,finding a representatie
setof parametewraluesis non-trivial. Furthermorethe
highly varyingcharacteristicsf wirelesdlinks oftenlead
to unstableandunrepeatableesults.Significanteffort is
necessaryo enablerepeatabléestsandto establishad-
equatemethodsfor collectingandanalyzingthe testbed
data.

In this paper we presentour experimentalstudy of
multimediatraffic performancen meshnetworks. Mul-
timedia applicationsare examinedbecausehey repre-
senta growing percentageof Internettraffic 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.ucsbdu/meshet). We evaluatethe
performanceof the delivery of the multimedia data
throughmulti-hop wirelesspathsandstudythe capacity
of themeshnetwork. We alsoexaminetheimpactof dif-
ferenttraffic and network characteristiceon application
performance Specifically we comparethe performance
of burstyvideotraffic with constanbit ratevoicetraffic.
We alsoinvestigatethe impactof differentwirelessnet-
work interfacecardconfigurationsWe believe our study
is beneficialin both wirelessnetwork capacityplanning
andprotocoldesign.We describeour analysiamethodol-
ogy andutilities sothatotherresearchersandrawv upon
our experienceor their own meshtestbedexperiments.



The remainderof this paperis organizedas follows.
Section? briefly introduceghe UCSB MeshNettestbed
and describeshe set of tools we usedfor our experi-
ments. Section3 describeghe experimentalsetupand
theevaluationmetrics.Sectiond presentsheexperimen-
tal resultsand performanceanalysis. Finally, Section5
discussesurobsenationandconcludeghe paper

2 UCSB MeshNetTestbed

The UCSB MeshNettestbeds a wirelessmeshnetwork
deployedon the campusof UC SantaBarbara.The net-
work consistsof 25 nodesequippedwith IEEE 802.11b
wirelessradios. The nodesaredistributedon five floors
of theEngineering building. Thepurposeof thetestbed
is to evaluateprotocolsandsystemslesignedor thero-
bustoperationof multi-hopwirelessnetworks.

The UCSB MeshNettestbedconsistsof two different
typesof nodes. Our experimentsare conductedon one
type of node,calledMeshGateways, which are off-the-
shelfintel Celeron2.4GHzmachinesunningLinux ver-
sion 2.4.20. The machineausewirelessultilities version
16 andthehostapdriverfor communicatingvith theNet-
gate2511PCMCIA 802.11bradios. The 802.11bradios
operatein ad hoc modeand connectthe wirelessmesh
nodes Eachnodeis alsoequippedvith anEtherneinter-
faceto provide Internetaccess$o themeshdevicesandto
allow out-of-bandmanagementf themeshgatevay [5].

We utilize existing tools such as i wpri v to set
the pseudoBSSID andlock the cell becausetherwise
BSSID changeoccurfrequentlyin the testsandsignif-
icantly impactthe results. i pt abl es is alsousedfor
pacletfiltering androuteconfigurationsTo facilitatere-
peatablexperimentsaandaccuratedataanalysiswe also
developedtwo utilities for network monitoringanddiag-
nosis.

Link reliability test tool: We perform link reliability
testsbetweennode pairs. The goalsareto 1) measure
the link quality of individual hops,and 2) identify any
asymmetridinks. To testreliability, the paclet delivery
ratein boththeforwardandbackwarddirectionof alink
are measured.The measurementare doneby sending
periodicbroadcaspaclketsandrecordingthe numberof
pacletssuccessfullyreceved at eachneighborduring a
givenperiodof time. Broadcaspacletsareusedbecause
MAC layer retransmissionslo not occur for broadcast
pacletsandthusthesepaclets can be usedto estimate
the raw paclet delivery rate. A link is consideredsym-
metricif thepacletdeliveryrateonboththeforwardand
reversepathis above 70%. We performeachtest mul-
tiple timesandidentify nodepairsthat have reliable bi-
directionallinks. We usethesenodepairsfor our exper
iments. We alsoverify thereliability of thelinks before

and after eachtestrun to ensurethat the link quality is
consistentvith our long term measurements.

Time synchronization tool: In our performanceanal-
ysis, time synchronizatiorbetweenthe meshnodesis
neededor delayandbandwidthcalculationsThe multi-
mediatraffic cannoteutilizeditself becausé usedJDP
asthetransporfayerprotocol.lt is thusone-way, i.e.,no
ACKs areprovided. Therefore the paclet transmission
delayneedsto be measuredy the destination.Further
becauseasymmetriclinks frequently occurin wireless
networks, roundtrip lateng/ doesnot provide a consis-
tent,accurataneasuremerdf 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 thatthe NTP synchro-
nization precisionis tensof milliseconds This level of
accurag is not sufiicient for our dataanalysis. Thus,
we developeda tool to calculatethe time differenceof
two machinesby utilizing the wired managemenlinks
of themeshnodes.Theselinks connecto thelocal area
network in the Engineerind building. Specifically our
tool transmitsconsecutie 4-byte probepaclketsthatin-
cludethetimestampof the sourcenode.Uponreception
of theseprobing paclets, the destinationnoderecords
the timestampand echosa 4-byte paclket containingthe
time differencebetweerthetwo timestampsAt thesame
time, the sourcealsosends4-byteprobepacletsto mea-
suretheroundtrip lateng. Therealclock differencebe-
tweenthe two nodesis the differencetransmittecby the
destinationrminushalf of the roundtrip lateng. We re-
peattheteststentimes. Our measurementsdicatethat,
in the local areawired network, the averageroundtrip
latengy andthetime differencecalculationhave lessthan
10 psec error.

3 Experimental Setup

In this section,we describeour experimentalsetup,in-
cludingthenetwork configuratiorandtraffic characteris-
ticsof bothvideoandvoiceapplications We alsoexplain
the setof experimentswe performedandthe evaluation
metrics.

3.1 Network Topology

We utilize the reliability test tools describedin Sec-
tion 2 to identify the nodepairswith the mostreliable
bi-directionalconnectionsFromtheresults,we selecta
sequencef five nodeghatform afour-hoppath. Two of
theselectechodesarelocatedin neighboringabsonthe
secondloor andathird nodeis acrosghe hallway. 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 RTPt ool s [1]. We

usert ppl ay for streamingat the sourcenode and
rt pdunp to recordthe pacletsrecevedat the destina-
tion. Voicetraffic follows a constanbit rate(CBR) with

an 80-byte voice paclet transmittedevery 10ms using
G.711codec,resultingin a datarate of 64kbps. Video
traffic, on the otherhand,tendsto be morebursty. Fig-

ure 1 plots a 10-secondsampletraceof a video source.
The sourcetransmitsbetweentwo and threeframesof

dataevery secondwhereeachframeconsistf between
threeandseven 1 K B paclets. Thesepacletsare typi-

cally sentwithin a coupleof milliseconds.H.261codec
is usedfor the video traffic and the averagebit rateis

128kbps.

1500

—+—_Seguence of video packets

e,

e
o
s}
s}

Packet size (byte)

500

o
0 1

9 10

2 3 4 5 6 8
Timeline of packet sequence (second)

Figurel: Samplevideopaclet sizestransmittedby the source.

3.3 MAC Layer Configurations

In our experimentsall nodesoperatan adhoc modeon
Channeb andusea staticroutingtopology Theprimary
configurationparametershatwe vary during the exper
iments focus on the wireless network interface cards.
Specifically we performtestswith the cardoperatingat
afixeddatarate(2M bps) andautorate(auto-rateadapta-
tionatl, 2,5.5and11Mbps). In theauto-ratetests,the
daterateincreasessthe numberof successfullydeliv-
eredpacletsincreasesCornversely thetransmissionmate
decreasesvhen the numberof paclet errorsincreases.
Thismechanisnis calledAuto RateFallback(ARF) and
is specifiedin the IEEE 802.11bstandard6]. We also
investigateheimpactof boththe Requesto Send/Clear
To Send(RTS/CTS)mechanisnandthe maximumnum-
ber of retransmissionsBy default, the maximumnum-
berof retransmissionperpacletis setto sevenfor small
pacletsandfour for large paclets. RTS/CTSis recom-
mendedor largedatapaclets.

1Thereis no specific RTS/CTS thresholdvalue indicatedin the
IEEE 802.11bstandard.

3.4 Experiment Scenariosand Metrics

Our testsare performedat night so that the impact of
randominterferencge.g.,backgrounchoise,peopleand
traffic on otherwirelessnetworks)is minimized.We also
collect resultsduring the day to examinethe impact of
thesefactors.

We conductthefollowing setof experiments:

1. We examinethe impactof auto-rateadaptationof
thewirelesscardby varyingthe datarate settingto
be either fixed or auto-rate. In this scenario,the
RTS/CTSis disabledand the maximumMAC re-
transmissiomumberis setto seven.

2. We studytheimpactof RTS/CTSby comparingthe
performancewith the RTS/CTSfeatureeither en-
abledor disabled. In this scenariothe datarateis
fixed at 2M bps and the maximum numberof re-
transmissionss seven.

3. We investigatethe impact of the numberof trans-
missionsby varying the maximum retransmission
value.In thisscenariotheRTS/CTSis disabledand
thedatarateis fixed.

Themetricsusedto evaluateperformancere:

1. Packetlatency: theend-to-engpackettransmission
latengy.

2. Packetlossrate: the percentagef pacletsthatare
not successfullyecevedat the destination.

3. Inter-flow fair ness indicatedby the variation of
delayor lossamongcompetingflows.

4. Packet jitter : indicatedby the variation of inter-
arrival lateng for pacletsof individual flows.

4 Experiment Results

In this sectionwe evaluatetheperformancef videoand
audiotraffic throughmulti-hop wirelesspathsandstudy
the capacityof the meshnetwork. We alsoexaminethe
impactof differenttraffic andnetwork characteristicen
the applicationperformance.Further we shov the im-
pactof differentwirelessnetwork interfacecard config-
urations.

4.1 Capacity

Table1 shavs the numberof video andvoice flows that
the meshnetwork supportsas the numberof hopsin-
creasesFor videodata,we considedessthan1% paclet
lossacceptablelf amoreresilientcodingschemas uti-
lized, it is possiblethat a higherlossratewill betoler-
able. For voice data,we considerl50ms astheinterac-
tivevoicedelaythreshold3]. Wetestedheperformance
with thetheNIC setto afixeddatarate(2 M bps) andwith
auto-rateadaptation.
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Tablel: Numberof supportedconcurrenflows at acceptable
quality.

Traffic Video \oice

hops l|2|3|4 1|2|3|4

Auto 3093|211 ]|6]3]2
Fixed (2M bps) 106 (3|2 11{4|3]2

Intuitively, the network should supportmore voice
traffic flowsthanvideotraffic becaus&oice usesalower
daterate. However, ascanbe seenin Table1, thisis not
the case. Instead,the paclet sendingrate plays a more
importantrole in determiningthe capacity Specifically
voice traffic hasa higher paclet generatiorrate of 100
pkts/secondwhile the bursty video traffic hasan aver
agerate of about16 pkts/second. The higher sending
rateleadsto network congestionwhile the paclet size
hasnegligibleimpactonthenumberof supportabldlows
in the network. To verify theimpactof paclet sizes,we
alsoperformedexperimentswith 200 bytevoicepaclets.
Thisresultsin abit rateof 160kbps. Theresultsindicate
that the samenumberof flows are supportedegardless
of whethertherateis 64kbps or 160kbps.

Figure2 shavstheaveragepacletdeliverylateng and
lossratefor video traffic with a fixed 2M bps datarate
(Figures2(a) and (d)) and auto-rate(Figures2(b) and
(e)). We do not includethe resultsfor voice traffic be-
causehey aresimilar exceptthatvoicetraffic in general
incurslow delivery lateng dueto smallpacletsizes.

We obsenre that as the length of the transmission
pathincreasesheperformancealegradesandthelatencg
and loss rate increase. However, the increaseis non-
linear dueto the increasednterferencefrom neighbor
ing nodes. The network capacityis constrainedy the
numberof hops. Fromthe results,we alsoobsene that
increasinghetransmissiomateof the carddoesnotnec-
essarilyincreasethe capacity For instance,the num-
ber of flows supportedwith the auto-ratefeature(with
maximumrate = 11Mbps) is closeto that of the fixed
datarate (2 M bps) in multi-hop scenariosgspeciallyfor
voice flows with a large hop count. This resultoccurs
becauseof the increasedcontentionfrom neighboring
nodeswhenthe pathlengthincreasesWith morepaclet
contentionandsubsequenpaclet loss, the cardwill au-
tomaticallyfall backto alowertransmissiomate.

In our experimentswe noticethatthe auto-rateadap-
tation follows a slow-start-like process.All nodesoper
ateatthe lowestdatarateinitially. We alsooccasionally
obsene a surprisinglylow videoflow delivery ratefor a
small numberof flows in the auto-ratescenario.This is
becausauto-ratedoesnotalwayssucceedn adaptingo
a highertransmissiorrate whentraffic is bursty. How-
ever, oncethe card succeedsn adaptationa close-to-
optimalthroughpubf about6 M bps 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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Figure3: Performancavith increasingiumberof videostreams.

wirelessnetworksin the building, we noticerandomin-
terferenceandbackgrounchoiseduringthe daythatsig-
nificantlyimpactstheresults.

4.2

Figures 3(a) and (d) shav the fairnessbetweencom-
petingvideo traffic flows whenthe network is operated
in auto-ratemode. We notice that the lateng variation
amongcompetingflows is significantwhenthe network
is not saturated.Flows starteda couple of secondsaf-
ter the first flows experienceup to threetimesmorela-
teng/ thanearlierflows. Whenthenetwork is congested,
thelossrate of the flows exhibits similar trends. As the
pathlengthincreaseshevariationbecomesnoresignif-
icantdueto theinter-flow contentionbetweemeighbor
ing nodes. The samepatternswith voice dataare also
obsenedduringour experiments.Theseresultsindicate
the phenomenaf “channelcapture”by earlieradmitted
flows resultingin unfairnesgo laterflows[7].

Inter -flow Variation

4.3

Figure4 illustratesthe per paclet delayfor oneindivid-
ual flow on a 2-hopconnection.The gray line indicates
the delay whenthe network is lightly loadedwith four
concurrentflows. The delay variation is in the range
of 5ms to 200ms with anaverageof 48ms. The black
line indicateghedelaywhenthenetwork is moreheavily

Intra-flo w Variation

loadedwith eightconcurrenflows. Hencetherearemore
significantvariationsin the rangeof 6ms and 1200ms
with anaverageof 412ms. This indicatesthatwith dif-
ferentchannekonditions traffic jitter couldseverelyim-
pacttherecevedvideo/wicequality.

4096

1024

2561

64

16

1
—— 8 flows

0 1000
Packet sequence

Figure4: intra-flov paclet variation.

Latency for Individual Flows (ms)

4.4 Impact of RTS/CTS

RTS/CTSis recommendeth the IEEE 802.11standard
to eliminatethe hiddenterminalproblem. The standard
alsosuggestshatfor smallpacketsRTS/CTSshouldnot
beutilizedbecausef its extraoverheadFor largerpack-
ets, RTS/CTSshouldbe beneficialasa collision avoid-
ancemechanismFigures3(b) and(e) showv theimpactof
RTS/CTSby comparinghe performancef videotraffic
with RTS/CTSenabledand disabled. The resultsindi-
catethat even with large video paclets, RTS/CTSdoes
notusuallyoffer a performancémprovementn termsof



reducinglateng/ andloss. Onthe contrary it may actu-
ally limit the capacityof the network. For instance Fig-
ures3(b) and (e) show thatin the 2-hop scenario,only
four flows achieve satisactoryquality whenRTS/CTSis
enabledwhile the network can supportup to six flows
whenthis featureis disabled. Our resultssuggesthat
RTS/CTSshouldnot be usedfor multimediatraffic.

4.5

Figures3(c) and (f) indicatethe effect of changingthe
maximumnumberof MAC layerretransmissionsn the
delay andloss rate of the video traffic. A small maxi-
mum retransmissiorvalue reducegthe transmissioria-
teng/ over eachhop, asshavn in Figure 3(c). Suchre-
duction subsequentlyncreaseghe capacityof the net-
work if lateng is the primary metric in consideration.
The introductionof MAC retransmissionslso signifi-
cantlyimprovesthe paclet delivery rate. As seenin the
onehopscenaridn Figure3(f), thelossratewhennore-
transmissionareenableds constantindicatingpossible
backgroundoiseandinterferenceWhenretransmission
is enabled,the loss rate significantly drops. However,
thereis no oneideal valuefor the maximumnumberof
retransmissionsWhenthe network becomegongested,
thelossratewith no retransmissions actuallyno more
thanthatwith a maximumof sevenretransmissionsThe
differencealsovarieswith the numberof hops. Hence,
investigationof the relationshipbetweenthe maximum
numberof retransmissionandthe numberof hopsof the
pathwould helpto find anoptimalvalueto achieve better
performance.

Impact of MAC Retransmissions

5 Conclusions

In this paper we have presentedur experimentalstudy
of multimedia traffic delivery in the UCSB MeshNet
testbed We have evaluatedheperformancef videoand
voice traffic throughmulti-hop wirelesspathsand stud-
ied the network’s capacity We alsoexaminedtheimpact
of differenttraffic andnetwork characteristicentheper

formance. To summarizewe have madethe following

obsenations: ) )
e The capacityof the network is constraineday the

numberof hopsin thetransmissiompath.

e The numberof flows supportedby the network is
mostly hearily influencedby the paclet sending
rate,not by thedatarateor pacletsize.

¢ Auto-rateadaptatiordoesnotalwaysleadto capac-
ity improvementwhenburstytraffic is present.

e Channelcapture can result in unfairnessamong
competingflows.

e Pacletjitter variationscanbe significantin current
802.11bnetworks. Solutionsareneededo dampen
thevariationfor real-timetraffic delivery.

e RTS/CTSdoesnottypically helpin improving per
formanceof real-timetraffic.
¢ Findinganoptimalvaluefor the maximumretrans-
missionnumbemayhelpimprove performance.
We believe our study is beneficialfor both wireless
network capacityplanningandprotocoldesign.We have
describedur analysismethodologyand utilities sothat
otherresearchersandraw uponour experienceor their
own meshtestbedexperiments We planto continueour
work studyingexperimentakesultsobtainedhroughour
testbed.Specifically we wantto explorethe techniques
of reducingpacletjitter in multimediadeliveryandapply
moreadvancedcodecschemesndsubjectve evaluation
methodgo our traffic analysis.
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