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ABSTRACT

Variousstudieshavesuggestedenhancingtheperformanceoflarge-scalesystems,suchasmission
criticalcommunicationsystems(MCCSs).However,fewhavemodelledandevaluatedtheperformance
ofsuchsystemsinawaythattargetsoverallsystemperformanceinrealtime.Moreover,itisnot
enoughtodefinetheKeyPerformanceIndicators(KPIs)forasystemwithoutusingthemforsystem
performancemeasurementandperformanceevaluation.TheSessionInitiationProtocol(SIP)andIP
MultimediaSubsystem(IMS)bothhaveasetofKPIs,suchastheregistrationprocessdelay,thatcan
beusedtomeasureandthusoptimizeoverallsystemperformance.Thisarticlearticulatesdifferent
optionsforsystemsimulationandevaluation.Theregistrationprocessaffectsperformanceandreflects
theoverallsystemperformance.Thearticleshowshowtheregistrationprocessisdelayedandhow
theoverallsystemscalabilityarenegativelyimpactedbysystemoverload.
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INTRodUCTIoN

IPMultimediaSubsystems(IMS)(3GPP,2006)andSessionInitiationProtocol(SIP)(Rosenberg,
2002)performanceplayamajorroleinmultimediacommunicationnetworksbyalteringtheKey
PerformanceIndicators(KPIs)relatedtotheQualityofExperience(QoE)metricsoftheend-to-end
service.RegistrationRequestDelay(RRD)isoneoftheSIPKPIsthatalsoinfluencebothIMSKPIs
andenduserQoE.Therefore,itiscrucialtoevaluatetheperformanceofbothSIPandIMSbasedon
theRRDmetricinordertogiveanindicationoftheoverallsystemcapacityandscalabilitypotential.

5Gcommunicationsisthenewtechnologythatwillintegratemultipleaccesstechnologyinto
oneintegratedsolutionadoptedbyallvendorsandmanufacturers.Endusersanddeviceswillbeable
tocommunicateseamlesslywithfewerrestrictionsandmoreoptionscomparedtooldertechnologies
Scalabilityisamongthechallengesthatlimittheexploitationofthefullcapabilitiesofthecurrent
technologies.Manyrecentstudieshavetriedtoovercomethescalabilitychallengeassociatedwith
the5Gstandardsset.AnewintegratedsolutionwithexternalSIPapplicationthatisaccessedover
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LTEwithdifferentvoicecodecsisintroducedinotherstudies(Haibeh&Hakem,2017).However,the
solutionproposedlacksthesupportofstandardisedadoptedsolutionsthusintroducingcomplexities
inimplementations.InasimilarSIPperformanceevaluationanenhancementtrial(Subramanian&
Dutta,2009),transactionstatesoftheSIPserverarecharacterisedtomodeltheperformanceofthe
server.InthetrailM/M/cqueuingmodelwasusedalongwithabenchmarkingperformanceindicator
that reflects system performance. The trial showed that the multi-threaded architecture utilising
parallelprocessingofSIPmessagesprovidesamorescalableandefficientsolutionforlargernumber
ofclients.However,thestudywasbasedonsimpleSIPserversthatdonotreflectmorecomplicated
processingrequiredbymultimediaservicesthattendtousemorethanoneSIPserver.

Anotherstudy(Ono&Schulzrinne,2008)usedtheStreamControlTransmissionProtocol(SCTP)
asatransportprotocolforSIPmessagesinsteadofTCPandUDP.Theimplicationsofusingdifferent
transportprotocoloverSIPscalabilityandperformanceispresentedanditisshownthatSCTPhasa
negativeimplicationoverSIPscalabilityduetotheaddedoverhead.Otherresearch(Yavas,Hokelek,
&Gunsel,2016)hasfocusedontheschedulingmechanismstopreventSIPsystemoverloadandto
increaseitsscalability,theproposedsolutionusesapriority-basedmechanismtodynamicallyestimate
thebehaviouroftheserverandprovideamorescalablesolutioncomparedtotheconventionalSIP
servers.Again,thisstudyevaluatesonesingleSIPserver.

Thispaperanalyseshowoverallsystemcapacityandscalabilityisaffectedbyadditionaltraffic
generatedwhenmoreuserstrytoaccessthesystemsservices.Thiscouldhappeninamissioncritical
communicationsystemduringnaturaldisasterorlarge-scaleattack,resultinginasuddenincrease
inthenumberofusers.

Itwasfoundthat,withinlimits,thesystem’sabilitytoprocesstheregistrationrequestspertime
unitincreasesexponentiallywhenthenumberofusersisincreased.Oncethelimitisreachedhowever,
thenumberofprocessedrequestsstartstodecreaseandeventuallydegradeleadingtosystemfailure.
Thesimulationresultsshowthatthesystemwasabletohandleamaximumof7,400registrationsper
second,aworkloadthatcouldoccurduringanationwidedisasterwithmanyuserstryingtoaccess
theMissionCriticalSystem(MCS).

TheneedforamoredetailedstudyofotherSIPandIMSKPIstoprovideabetterunderstanding
oftheoverallsystemperformanceisthusclear.Thestudywillenablefurtherprogresstowardssystem
performanceenhancementandoptimizationinordertoavoidsinglepointoffailureofthesystem.

ReSeARCH MeTHodoLoGy

Apreviouslydevelopedresearchmethodology(Creswell,2009)wasfollowedforboththequalitative
andquantitativeapproacheswhensettingtheparametersforallmeasurementsandsimulations.The
methodologyfordecidingthequalitativevaluesthatneedtobeinvestigatedcanbesummarizedas
follows:

1. Determinethechallengesthatneedtobeinvestigatedwithinthescopeofthestudy.Whilethe
projectembedsseveralchallenges, thefocuswasplacedonthesignallingdomainespecially
betweentheenduserandthecorenetworkandthesignallinginterfacebetweenthecorenetwork
andIMS.

2. DeterminethebenchmarkforwhatisconsideredacceptableSIPperformanceanddecideonthe
metricsthatwillbemeasuredandusedtojudgeandcomparetheperformanceofsetup.

3. Decidetheappropriatesimulationtoolstogeneratetheresultsfrommultiplesourcesthatmeet
theappropriatecomparisoncriteriabasedontheselectedtool.

4. Determine the key factors that affect the SIP signalling, in addition to multimedia services
operationinLTEandIMSthataffecttheoverallQoSfortheMissionCriticalsystem.
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TheQuantitativeMethodologytoacquiretheneededmeasurementsissummarizedasfollows:

1. Developatest-bedfortheIMStodeterminetheperformanceofthesystem.Thendecidethe
performance metrics that need to be measured in order to facilitate comparison with other
implementationsandscenarios.

2. Develop a virtual machine to generate virtual clients along with IMS in order to facilitate
comparisonbetweentheperformanceofthesystemwiththerealrunningtest-bed.

3. DevelopasimulationprojectforbothLTEandIMSoverOPNETtobenchmarktheirperformance
againstthetest-bedimplementationperformancemetrics.

4. Determinethevariables,models,scenariosandparametersinOPNETthatneedtobeadjusted
andanalysedtoenableoverallsystem’sperformanceevaluation.

Insummary,asshowninfigure1,therearethreesimulation/testingoptions.
Thissectionpresentsthetest-bedsandsimulationresultsthatrelatedtotheproject.First,IMS

test-bedscenarioandresultsaregiven.Secondly,theOPNETsimulationscenariosandresultsare
demonstrated.Thirdly,thelimitationsandchallengesofbothexperimentsarediscussed.

TeST-Bed eXPeRIMeNT

Figure2showstheexperimentaltopologyofthetest-bed.Thetest-bediscomposedoffourmain
parts: thePacketGenerator; IMScorewhich isbasedonOpen-IMS-Coremodel (Fokus,2004);
PacketAnalyser,andDomainNameServer(DNS).Thepartsfunctionandoperationareasfollows:

• PacketGenerator:Thepacketgeneratorisresponsibleforsimulatingvirtualclientsthatthen
generateconcurrentcallsthataretransmittedinaserialorparallelmannerbyatheoretically
unlimitednumberofusers.DuetothefocusonSIPandIMSperformance,thePacketGenerator
isdesignedtosendSIPRegisterMessage(asdefinedbyRFC3261)inadditiontoSIPinviteand
byemessages.AllthemessagesaretransportedusingtheUDPwherethesenderportaddress
isdynamicallyallocatedsoastoavoidusingrestrictedportsatthesenderorserversides.The
GUIinterfaceofthePacketGeneratorenablestheusertoselectapredefinedsetofusersandthe
ProxyIPaddress.Finally,theSIPrequest-sendingpatternisselectedtobeeitherserialorparallel.

• IMSNetwork:TheIMScoreisbasedonOpen-IMS-Core(Fokus,2004)developedbytheFOKUS
InstituteforOpenCommunicationSystem.TheserverembedtheIMSCallSessionControl
FunctionsCSCFs;suchasPCSCF,I-CSCF,andS-CSCF,inadditiontothehomeSubscriber

Figure 1. Available simulation and testing tools
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StationHSS.Allareconsideredpartofthecorearchitectureforthenextgenerationofnetworks
asspecifiedby3GPP.ThepurposeoftheexperimentistotestthecapacityoftheIMSintermsof
themaximumnumberofusersthatcanbeadoptedbythesystemwithoutcausingstabilityissues.

• PacketAnalyser:ThepacketssentbythePacketGeneratoraremonitoredusingWiresharkas
apacketanalyseratthesenderside.Thetracefilesextractedfromthepacketanalyzerhelpin
calculatingtheKPIvaluesforbothSIPandIMS.

• DNS:anexternalDomainNameServer(DNS)toresolvetheIPaddressesofallserversinthe
systemsetup.

BasedontheprevioussetuptheexperimentaimedtoevaluatetheSIPperformanceovertheIMS
usingeitherawiredorawirelessconnectivitywiththeserver.Forthispurpose,theregistermessage
delaywascalculatedbyrunningWiresharkatthepacketgeneratorsideandcalculatingthedifference
betweenthesentregistrationrequesttimeandthe2.00OKresponsereceptiontime.Thedatawas
thenexportedusingMATLABandanalysedtheProbabilityDensityFunction(PDF)andCumulative
DensityFunction(CDF)curvescalculated.Theseprovideabetterunderstandingofthevariancein
Registrationdelaywithinthesamescenarioandamongdifferentrunningscenarios.

Figure3showstheGUIinterfaceforthePacketGenerator.Theuserfirstselectsapredefinedsetof
users’databasesandtheProxyIPaddress(whichistheIMSserverIP).Inaddition,thedomainname
isinsertedandtheSIPrequestsendingpatternselected(eitherseriesorparallel).PressingREGISTER
initiatesthesendingoftheregistrationrequests(oneperuser)consecutivelyanddynamically.The
packetssentbythePacketGeneratoraremonitoredusingWiresharkatthesendersidewhilethelog

Figure 2. Experiment test-bed
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screenatthepacketgeneratorrecordsthetimestampofthesentrequestsandreceivedresponses,
whichhelpsincalculatingtheend-to-endapplicationdelay(thetimebetweenpeerapplicationlayers).

Basedontheprevioussetup,theexperimentaimedtoevaluatetheSIPperformanceoverthe
IMSusingeitherwiredorwirelessconnectivitytotheserver.Forthispurpose,theregistermessage
delayiscalculatedbyrunningWiresharkatthepacketgeneratorsideandcalculatingthedifference
betweenthesentregistrationrequesttimeandthe2,00OKresponsereceptiontime.Thedataisthen,
usingMATLAB,exportedandmanipulatedinordertogeneratecurvesforabetterindicationofthe
varianceinRegistrationdelaywithtime.Theexperimentwasrepeatedmultipletimes,eachtimethe
numberofuserswasincrementedinboththewiredandwirelessscenarios.

ReSULTS

Inthisscenario,thepacketgeneratorwaswireddirectlytotherouterandthenumberofuserssending
theregistrationrequestwereincrementedinstepsof200intherangefrom100to1,300users.Figure
4showsthePDFandCDFoftheregistrationdelayfor100whileFigure5showsthePDFandCDF
for500users.

Figure 3. Packet generator GUI
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Figure 4. CDF and Density functions of the Registration delay for 100 users

Figure 5. CDF and Density functions of the Registration delay for 500 users
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Fromfigures4and5, it isclear that theregistrationdelayfor500usersmore thandoubled
comparedtothatachievedfor100users,andincreasedevenfurtherwhenincreasingthenumberof
usersineachstep.Similarly,sevenvaryingscenarioswereimplementedusingthetest-bed.Inthe
firstscenario,100userregistrationrequestsweretransmitted,whileinthesubsequentscenariosthe
numberofuserswasincrementedinstepsof200until1,300userswereconsideredintheseventh
scenario.Totestthescalabilityofthesystem,thenumberofuserswasgraduallyincreasedinorder
togainabetterunderstandingoftherelationbetweenthenumberofusersandtheKPIvaluesfor
bothSIPandIMS.

Figure 6 shows the Probability Distribution Function (PDF) and figure 7 the Cumulative
DistributionFunction(CDF)fortheRRDofthefirstscenariowithonly100userseachsendingone
registrationrequestatatimeinsequentialorder.Asshowninfigure7,90%ofRegistrationrequests
needlessthan40mstobecompletedwhichmeetstherequirementsofmissioncriticalapplications
andreal-timeservices.Asshowninfigure6,thehighestfrequencyoftheregistrationtrialsneedson
average20mstobecompleted.Thisisconsideredthebest-casescenarioandwasusedasabenchmark
fortheotherscenariosinordertoenablecomparisonofboththeRRDtimeandthepercentageof
trialsthatfinishatcertaintimethreshold.

Similarly,thePDFsandCDFsforallsevenscenariosweregeneratedasshowninfigure8and
9.It isclear thatwhenthenumberofclients increases, thesystemneedsmoretimetoservethe
registration requests.Thishappensdue toaccumulationofbothSIPandDIAMETERsignalling
messagesinthequeuesoftheCSCFsinterfaces(especiallyinS-CSCF)andtheHSSinterface.Both
S-CSCFandHSSareconsideredbottleneckpointsofcongestionthatareaffectedsignificantlyas
thenumberofregistrationrequestsincrease.Thisleadstoaqueuingdelaythatemergesrapidlyin
thesysteminterfaces,whichcaneventuallycausesystemfailure.

Twoperformancemetricswereusedtofacilitatecomparisonofthesevenscenarios.Thefirst
wasthetimeneededtoprocesssuccessfully90percentofrequests,referredtoas90%completion
time(90CT).Whilethesecondwasthepercentageofsuccessfullycompletedregistrationrequests
within40msseconds(whichisthemaximumRRDtimeneededtoprocess90%ofrequestsinthe
100-usersscenario),referredtoas40msCompletionRatio(40msCR).

Figure 6. PDF of RRD for 100 users
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Figure 7. CDF of RRD for 100 users

Figure 8. PDF of RRD values for all scenarios
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Table1showstheaverageRRDvaluesalongwith90CTand40msCRforeachscenarioandthe
registrationrequestspersecond(RRps)processingrate(whichisthenumberofregistrationrequests
thataresuccessfullyprocessedbythetest-bedperunittime).TheRRpsvaluesreplicatearealworld
disasterscenario,wherethousandsofusersmaysendregistrationrequesttogainaccesstothesystem
-whichissupposedtobescalableandreliable-atthesametime.

Basedontheresults,itcanbeseenthattheRRpsincreasesexponentiallyasthenumberofusers
increasesuptoalimit(of1,100users)beforebeginningtodecrease,leadingeventuallytosystem
degradationandfailure.ThisisshownclearlybyRRpsforbothscenarios6and7,wheretheRRpsof
scenario7ismuchlessthantheRRpsforscenario6althoughthenumberofusershasincreasedby200.

Asexpected,the90CTincreasesasthenumberofusersrises,startingfrom40msforscenario1
throughto150msforscenario7.Thisistobeexpectedduetotheincreasedprocessingtimeneeded
fortheadditionalreceivedregistrationrequest.Moreover,itwasfoundthatthe40msCRdecreases
withanincreasednumberofusers.Comparingthevalueswithscenario1(thebenchmark)shows
thatonly15%ofregistrationrequestsneededlessthan40msRRDvaluetobecompleted,which
againimpliesthatthesystemisnotabletoprocessthereceivedrequestwithinverystricttimelimit.

Figure 9. CDF of RRD values for all scenarios
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oPNeT SIMULATIoN

TofacilitateinvestigationoftheLTEsystem,especiallytheSIPsignallingperformanceoverLTE
communicationnetwork,theOPNETsimulatorwasusedtocreateascenariowithmultipleusers
initiatingcalls.ThisenabledtheSIPperformancemetricstobeusedtomeasuretheefficiencyofthe
systemanditscapacitytolerance.Figure10showsthecreatedsetup.

Simulation Setup and Scenarios
In this researchstudy,OPNETModellerprovides therequired levelofsimulationcapabilities to
implement and model different multimedia applications over LTE. The system design that was
implementedandinvestigatedisshowninfigure10andisbasedontheconfigurationparameters
showninTable2.TheimplementationoftheLTEnetworksystemisbasedonasingleEvolvedPacket
Core(EPC)thatservestwoeNBs,eachwithfourclients.TheclientsineNB1makeSIP-basedVoIP
callstotheclientsineNB2throughtheEPCinaNormaldistributioncallgenerationsystem,using
afixed-lengthcall.TheEPCisthenconnectedtotheSIPserver,whichreflectstheperformanceof
theP-CSCFintheIMS,thatmanagetheregistration,callinitiationandcallterminationprocesses
usingtheSIPsignalingsystemusingtheIPcloud.Inthisreseach,thesimulationswereperformed
withoutanybackgroundtrafficintheLTEsystemandtheIPnetwork.Thisenablesustostudythe
actualperformancelevelforSIP-basedVoIPapplicationswithinabesteffortenvironmentwhich
helpswiththeresultsaccuracy.Itshouldbenotedthatthisresearchhasnotconsideredanyclients
mobilityperformanceimplicationoversignallingdelays,itisleftasafutureworktodiscussitfurther.

Thesimulationimplementationshasconsideredfourscenariosbasedonthedesignshownin
figure10andthesimulationparametersshowninTable2.Thefirstscenariorepresentsthebasic
implementationforVoIPapplicationsoverLTEusingasinglepairofUEsbetweenclientA-1in
eNB1andclientB-1ineNB2.Thisscenarioexaminesthebest-caseimplementationoftheassigned
networksystemwithonlyonesinglecallatatime.Thesecondscenariohasanadditionalconnection
withmultiplecallswithanotherpairofUEs(clientA-2andclientB-2)addedtothefirstscenario.
Asimilarthingistrueofthethirdscenario,whereadditionalpairsofcallsareadded(clientA-3and
clientB-3).Finally,thefourthscenariohasyetanotheradditionalpairbetweenclientA-4andB-4.This
gradualincreaseinthepairsofSIP-basedVoIPcallsallowedtheperformanceoftheSIPsignalling
systemoverLTEbasedcommunicationswithadditionalVoIPcallsbetweendifferentclientstobe
checked.ThehighestloadofVoIPcallsisrepresentedinthefourthscenariothatconsumeshigher
bandwidthoverLTEwhereallclientsineacheNBarecallingonesingleclientintheothereNB.
Therefore,theresultsoftheseimplementedscenarioscanbecomparedandstudiedthroughoutthe
researchstudyintermsoftheperformanceforSIPsignallingandefficiencyforLTEsystem.

Table 1. Calls statistics from simulation results

Scenario no. RRps RRD Avg. 
Value

90CT (ms) 40msCR (%)

Scenario1(100users) 1,800 20 40 100%

Scenario2(300users) 3,600 28 47 80%

Scenario3(500users) 5,900 44 65 40%

Scenario4(700users) 4,900 22 55 73%

Scenario5(900users) 5,500 64 105 23%

Scenario6(1100users) 7,400 77 125 17%

Scenario7(1300users) 5,800 88 150 15%
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Simulation Results
AsthemainconsiderationsinthisstudyareSIPsignallingandLTEperformanceformissioncritical

systems, the results focus on the call setup time and the related LTE performance metrics. The
optimumnumberofinitiatedcallsforeachpairofcallsfallsbetween150and180for30minutes
ofsimulationtimewithauniformbaseddistributionsystemforcallsinitiation.Table3showsthe
numberofrejectedcallsintheoverallsystemforthefourscenarioswiththeimplementednormal
basedsystem.Thenumberofrejectedcallshasincreasedwiththeincreasednumberofinitiatedcall
pairs.ForcallsimplementedfromCallerA-1,thenumberoffailedcallsinitiationprocesseshad
beenincreasedwiththeincreasednumberofcallpairswithscenariosS2,S3,andS4,wherethetotal
initiatedcallsoverallscenariosis56.Thisincreasedfailrateduringthecallinitiationstageismainly
relatedtotheinferiorprocessingperformanceoftheSIPservers’andLTEsystemperformance.

Table 2. Simulation parameters in OPNET

A. LTE Network System

NumberofSimulations 4 SimulationSeedNumber 128

SimulationDuration: 30Minutes=1800Seconds

NumberofEPC: 1 BackgroundTraffic 0%

NumberofeNB: 2 NumberofnodesforeacheNB: 4

AntennaGainforeNB: 15dBi eNBMaximumTransmission
Power:

0.5W

eNBReceiverSensitivity: -200dBm eNBSelectionThreshold: -110dBm

B.Applications:SIPBasedVoIP

VoIPCalls
(Unlimited)

CallDuration Caller Callee

10Sec NodeA NodeB

Maximum
Simultaneous
Calls

SIPServer UserAgent
(Caller/Callee)

VoiceCodec:

UnlimitedCall/Second 1callattime
betweeneach
pair

GSM13Kbps

CallsStartTimeOffset: Normal(150sec,100sec)

CallsInter-repetitionTime: Normal(20sec,5sec)

Figure 10. System design and implementation for SIP-based VoIP applications over LTE network system in OPNET
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Call Setup Performance
ThepurposeofstudyingthecallsetuptimeistofacilitateanalysisoftheSIPsignallingperformance
duringthemainSIPsignallingstageoverdifferentcallsessions.Aslongasthecallsetuptimefor
themajorityofinitiatedSIP-basedcallswereintheacceptablerange,theperformanceoftheSIP
signallingsystemfallsinitsacceptablelevel(D.Malas,2011)(Voznak&Rozhon,2010).Figure11
representstheaveragecallsetuptimeforallsuccessfulVoIPcallsforthefourimplementedscenarios.

Theresultsshowthatthescenariowithonlyonepairofcallshadthelowestaveragecallsetup
with times ranging frombetween46and47ms, and increasedup to48.5mswhen the scenario
involvedtwopairs.WiththreepairsofVoIPcalls,theaveragecallsetuptimeincreasedfrom47ms
to49.5ms.Thelongestcallsetuptimeregisteredwasforthefourthscenarioinwhichfourpairsof
VoIPconnectionswereactiveatthesametime.ThesesimultaneouscallsaffectedtheSIPsignalling
performanceandincreasedtheaveragedelaybyupto50.5ms.Ingeneral,thecallsetuptimefor
successfully initiatedcallsover all scenarios is still at anacceptable levelwhenconsidering the
performanceoftheSIPsignallingsystem.ThiswasduetoimplementingtheLTEnetworksystem
withouthavingextraoverloadsduetoaddedbackgroundtraffic.

Table 3. Calls statistics from simulation results

SIP calls statistics for the Implemented Scenarios

Scenario S1: 
1Pair

S2: 
2Pairs

S3: 
3Pairs

S4: 
4Pairs

NumberofCallsRejectedintheoverallsystem 45 95 152 218

NumberofCallsInitiatedfromCallerA-1 56 56 56 56

NumberoffailedcallsinitiationforcallsfromCallerA-1 27 30 38 34

Figure 11. Call setup delay



International Journal of Interactive Communication Systems and Technologies
Volume 9 • Issue 1 • January-June 2019

29

LTE Downlink Packets Dropped
TheLTEparametersoftheimplementedsystemhaveadirecteffectontheperformanceoftherunning
applications.Real-timeapplicationscanbeenhancediftheLTEsystemperformancebehaviourhas
beenconsidered.Theaveragenumberofpacketsdroppedstartsbetween1and3packets/secforthe
singlepairscenarioandincreasestobetween6and18packets/secforthefourpairsscenarioasshown
inFigure12.ThedownlinkpacketsdroppedofLTEsystemhasadirectlinktosuccessfulrateofthe
SIPsessionsinwhichitisdirectlyproportionallyincreasing.

TheLTEsystemdelaysinthetransferreddatabetweenLTEcomponentsaffecttheperformance
forreal-timeapplications.TheaverageLTEdelayswithoneandtwopairsofVoIPcallsisbetween
2msand2.7ms,asshowninFigure13.TheaverageLTEdelaysforthreepairsofVoIPcallsisfrom
2.4msto3.5ms,andbetween2.5msand4.3mswithfourpairsofcalls.Thelongestdelaysmostly
occuratthesystemstart-uptimeandstabiliselaterduringthesimulationtime.

CoNCLUSIoN

Based on the test-bed results, it has been shown that the scalability of the system is negatively
affectedbytheincreasingnumberofregistrationrequestssenttothesystem.ItwasfoundtheRRps
increasesexponentiallywhenthenumberofusersisincreased(uptoalimit1,100users)beforethe
RRpsstartstodecreaseleadingeventuallytosystemdegradationandfailure.Thisisclearlyshown
byRRpsforbothscenarios6and7,wheretheRRpsofscenario7ismuchlessthantheRRpsfor
scenario6(althoughthenumberofusersincreasedby200users).

Basedonthesimulationresults,itisclearthatthereisincreasingdelayinthecallsetuptime
whentheLTEcommunicationsystemisused.Thisdelayincreasesasthenumberofservedclient
alsoincreases,whichindicatesthattheDelayrequirementorthemaximumnumberofusersthat
canbeservedata timemaynotmeet themissioncriticalservicerequirements.Hence, theneed
fordecreasingthegapofcallsetupdelayforcommercialbroadbandsystemscomparedwithother
dedicatedmission-criticalcommunicationssystemsisofgreatimportanceandconsideredoneof
themainchallengesformission-criticalcommunications.Thismeansthatthereisaneedforanew

Figure 12. Average packets dropped
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mechanismthatminmisesaccessdelayoverheadbyexploringtheLTEandIMSdomainsinaddition
totheinterfacesbetweenLTEandIMSandtheinterfacebetweenLTEandUserElement.

Thesimulationhasbeenimplementedusingstaticmobilenodes(thatis,thepositionsofthe
nodesarefixed).Hence,thereisnohandoffaddedcomplexityforthenodesmovingbetweentwo
celldomains.Ifmobilityweretobeconsidered(thatdoesnotimplymovingnodesonlybutrathera
dynamictopology)thensupportforhandoffmechanismsbetweenthesubscriberstationsanddifferent
basestationswouldneedtobeconsidered.Therefore,further testingofdifferentcommunication
scenariosforanend-to-endconnectivityoverLTEcommunicationsystemisneeded.Forsuchdynamic
topology,theneedformeasuringtheoverallperformanceofthesystemintermsofSIPsignalling
anddatastreamingdelayiscrucial.

Figure 13. Average LTE delays in second for caller A-1 node
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