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Abstract—
The two key resourcesin an IP Telephonynetwork are the In-

ternet Telephony Gateways (ITGs) and the IP network. These
resourcesmust be effectively managedto simultaneouslyprovide
goodQoSto callsand maximizenetwork resourceutilization. This
paper presentstwo main contributions. First, we design a call
admission policy basedon congestionsensitive pricing. As the
load increases,this policy preferentially admits users who place
a higher value on making a call while simultaneouslymaintaining
a high utilization of network resources. We derive the function
mapping congestionto price for the admissionpolicy that maxi-
mizesrevenue.Second,wedesigna call redirectionpolicy to select
the bestITG to serve the call. The policy balancesload to impr ove
network ef�ciency and incorporates QoS sensitivity to impr ove
call quality. Simulation resultsshow the following: (i) Congestion
pricing basedadmissioncontrol lowers call blocking probability,
increasesprovider revenue,and impr oveseconomicef�ciency over
a static �at-rate admissioncontrol scheme.(ii) Congestionsensi-
tivity in the redirection policy balancesload acrossall the ITGs
while QoS sensitivity impr oves call audio quality. (iii) Incorpo-
rating price sensitivity in the redirection policy impr ovesthe eco-
nomic ef�ciency, i.e., ensuresthat userswho pay more get higher
QoS. The techniquesstudied in this paper can be combined into
a singleresourcemanagementsolution that can impr ove network
resourceutilization, provide differ entiated service, and maximize
provider revenue.

Index Terms—
IP Telephony, Call Admission Control, Congestion sensitive

pricing, QoSsensitive routing, Blocking probability, Economicef-
�ciency, Revenue.

I . INTRODUCTION

While InternetTelephony (IP Telephony) encompassesmany
differentarchitecturesandservices,thekey ideais thetransport
of real-timevoice traf�c over the Internet. The IP Telephony
architecture[1] allows the entireend-to-endpathto be routed
overtheInternet.In thiscase,theendpointsareregularpersonal
computers(PCs)thatareequippedwith IP Telephony software.
TheIP Telephony architecturealsoallowsoneor boththeend-
pointsto beconnectedto thePSTN(PublicSwitchedTelephone
Network). For thesecases,a portion of the end-to-endpath
is routedover the Internet. This requiresinteroperabilitybe-
tweentheInternetandthePSTNwhich is achievedusinggate-
ways that act as applicationlevel interfacesbetweenthe two
networks.Thesegatewaysarereferredto asInternetTelephony
Gateways(ITGs) [2].
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In the PSTN,voice traf�c is carriedover dedicatedcircuits
establishedusingtheSignalingSystemNumber7 (SS7)proto-
col [3]. Asaresult,theonlydelaysufferedby thevoicetraf�c in
thePSTNnetwork is thepropagationdelaywhich is �x edonce
thecircuit hasbeenestablished.On theotherhand,theInternet
is still inherentlya best-effort network andprovidesno end-to-
endbandwidthguarantees.Thus,transportingpacketizedvoice
over theInternetcanresultnot only in variabledelaysbut also
losseswhichcancausepooraudioqualityat thereceiver.

Oneimportantfeatureof IP Telephony is that it providesa
rich signalingarchitecturethat canextendup to the endpoints
whenthey arePCsenabledwith IP telephony software.Thisnot
only enablesnew services[4] but alsoallows serviceproviders
to providedifferentiatedservicesby offering tieredservicelev-
els eachwith a differentguaranteeon QoS[5]. A differenti-
atedservicearchitecturewould allow serviceprovidersto im-
plement�e xible anddynamicpricing policies that can maxi-
mizeprovideref�ciency (revenue)andnetwork ef�ciency (uti-
lizationof network resources).

Thekey resourcesin anIP Telephony network aretheIP net-
work andInternetTelephony Gateways(ITGs). Congestionin
theIP network increasesdelaysandlossof audiopacketswhich
degradesthequality of thereceivedaudio.As a result,pathsto
differentITGs canhave differentQoS.ITG resourcesinclude
theprotocolprocessingcapacityandthenumberof voiceports.
Congestionat the ITG can add to overall audio packet delay
andincreasecall blockingdueto unavailability of voiceports.
In orderto implementthedifferentiatedarchitecturethekey is-
suesare (1) a call admissionalgorithm, (2) a load balancing
algorithm,and(3) QoSsensitivecall redirection.

In this paper, we investigatethe above issuesaspart of an
integratedresourcemanagementschemefor IP telephony net-
works. First, we study a congestionsensitive pricing based
call admissionschemein which the price charged for a call
increaseswith congestionat the gateway. This createsan in-
centive for usersto placecallsat a later time. We give a price-
congestionfunctionfor theadmissioncontrolpolicy thatmaxi-
mizesprovider revenue.This schemeis comparedwith a Flat-
ratebasedAdmissionControl(FAC)schemeandaschemewith
No AdmissionControl (NAC) asbaselinecases.Next, we de-
sign a call redirectionpolicy to selectthe ITG bestsuitedto
serve thecall basedon thenumberof voiceportsin useat the
ITG andthereal-timemeasurementof pathquality. Thispolicy
(CQR)balancesloadto improvenetwork ef�ciency, andincor-
poratesQoS sensitivity to improve call quality. The scheme
canbetunedto becomemoresensitive to gateway load,which
decreasescall blocking probability, or moresensitive to QoS,



which improvescall audio. We improve this schemeby using
priceto tradeoff betweenthesetwo factorsin orderto improve
economicef�ciency. This scheme(PCQR)is comparedwith a
RandomRedirection(RR)scheme,in whichtheITG is selected
at random.

Theevaluationof thecall admissionandredirectionschemes
is doneundera realisticworkloadbasedon standardtelephony
models.Thisevaluationis performedwith respectto threemea-
sures,namely, network ef�ciency, provideref�ciency, andeco-
nomicef�ciency. Network ef�ciency correspondsto theblock-
ing probability andthe utilization of network resources.Eco-
nomicef�ciency re�ects thecorrelationbetweenthepricepaid
by usersandthe QoSreceived,andprovider ef�ciency corre-
spondsto the total revenuegeneratedby eachof theschemes.
Simulationresultsshow the following: (i) Congestionpricing
basedadmissioncontrol lowers call blocking probability, in-
creasesprovider revenue,and improves economicef�ciency
overastatic�at-rate admissioncontrolscheme.(ii) Congestion
sensitivity in the redirectionpolicy improves the capacityby
balancingload,while QoSsensitivity cangreatlyimprove call
audioquality. (iii) Pricesensitivity in theredirectionpolicy can
be usedto improve the economicef�ciency. Finally, we also
investigatetheeffectof network topology, levelsof background
traf�c, andtherelativepercentageof RTPandbackgroundtraf-
�c on theresults.

Therestof thepaperis organizedasfollows. In SectionII we
discusstheIP Telephony architecture,in particular, thevarious
networkentitiesandtheprotocolsthatareusedin IP Telephony.
In SectionIII, we introducecall admissioncontrol in the form
of congestionsensitive pricing andconducta simplequeuing
analysisto investigatethe effect of differentmethodsof con-
gestionsensitive admissioncontrol. In SectionIV we present
a generalizedredirectionmodelandour call redirectiontech-
nique.In SectionV, we discusstheexperimentalsetup,thepa-
rameters,andthevariousperformancemeasuresthathavebeen
usedin thecomparative analysis.The resultsarediscussedin
SectionVI. Finally, in SectionVII, we concludewith a sum-
maryof theresultsandsomefutureresearchdirections.

I I . IP TELEPHONY ARCHITECTURE

Figure1 showsthecomponentsof anIP Telephony architec-
ture andthe mannerin which it inter-operateswith the PSTN
system. A key entity in the architectureis the IP Telephony
Gateway (ITG) which provides interoperabilitybetweenPC-
basedIP Telephony usersandPSTNendpoints.An ITG oper-
atesat theapplicationlevel, with connectivity to thePSTNon
onesideandtheInternetontheother[2]. To connectto aPSTN
endpoint,anIP host�rst connectsto anITG, which terminates
theIP portionof thecall andinitiatesa PSTNcall to thePSTN
endpointby allocatingoneof its many circuits (voiceports)to
thecall. To performthefunctionasanapplicationlevel proxy
eachITG is capableof initiating andterminatingIP Telephony
signalingprotocols,suchasH.323[6] and/ortheSessionIniti-
ationProtocol(SIP)[7], andalsotheSignalingSystem7 (SS7)
protocol[3].

With largenumbersof ITGs, discovery andselectionof the
suitableITG to servicea call is an importantproblem. In this
study, we assumethe TRIP (Telephony Routing over IP) ar-
chitecture[8] for thegateway location,gateway discovery, and
gateway routing problems. The key entitiesde�ned in TRIP

includetheAdministrativeDomain(AD), theITG, andtheLo-
cation Server (LS). The Internet is viewed as a collection of
ADs thatareconnectedby multiple backbonenetworks. Each
AD containsoneor moreITGs, oneor moreLSs, andusers,
whicharecustomersthatinitiate calls.

Given an ITG anda list of ITG attributes,the LS [1] �nds
the bestITG for a particularcall. Towardsthis end,eachLS
maintainsa databasecontaininginformationaboutall theother
ITGs. This databaseis built usingadvertisementsthat areex-
changedby theLSs. Eachadvertisementcontainsmultiple at-
tributes,including(i) phonenumbersservicedby the ITG, (ii)
the IP addressof the ITG, (iii) the AD identi�cation number
of the ITG, and(iv) thenumberof availablevoiceportsat the
ITG. Additional information like servicefeatures,protocols,
andcodecssupportedby the ITG may alsobe part of the ad-
vertisement.In addition,theLS acquiresandrecordsstatistics
regardingtheaveragecall quality achievedfrom callsoriginat-
ing in its AD to theITGs in thesystem.

A typicalcall setupsequencewith referenceto Figure1 con-
sistsof thefollowing steps:

1) Whena userinitiatesa call, a clienton behalfof theuser
sendsarequestto theLS providing thedestinationphone
numberandotherparametersincludingtheQoStheuser
requiresandthepricetheuseris willing to pay.

2) TheLS doesa local databaselookupto determinewhich
ITG will servicethecall. This operationcanhave oneof
threeoutcomes:(i) TheLS �nds thatthepricerequested
by theuseris lessthantheadmissionprice. In this case,
the call is deniedandappropriateinformationis passed
back to the client. (ii) The price offeredby the useris
higherthantheadmissionpriceandtheLS �nds anITG
whichcanservicethecall, in which caseit returnstheIP
addressof theselectedITG to theclient. (iii) The price
offeredby theuseris higherthantheadmissionprice,but
noneof the ITGs have availableresourcesto servicethe
call. In this casealsothecall is deniedandtheclient is
informedof thenon-availability of resources.

3) If the previous stepsucceeds,the client initiates a SIP
transactionto begin a sessionwith theselectedITG. The
ITG and client then perform initial sessionagreements
andsetupan RTP sessionto transferaudiodata[9]. On
thePSTNsidethe ITG usestheSS7protocolto setupa
circuit to thedestination.

In IP Telephony, callsmayoriginateandterminatein either
the PSTNor IP networks. Furthermore,part or all of the call
pathmaytake placeover theIP infrastructure.Any routingal-
gorithmusedto determinethepathmusttake into accountthe
desiredQoSandthecostof thecall to boththenetworkprovider
andthe user. We presenta call routing architecturewith high
network ef�ciency (i.e., low blocking probabilitiesand high
network utilization) and high economicef�ciency (i.e., it al-
locateshigherQoSpathsto userswho placea greatervalueon
goodaudioquality).

I I I . CONGESTION SENSITIVE PRICING-BASED CALL
ADMISSION CONTROL

Congestionsensitive pricing is implementedin the PSTN
in the form of time-of-daypricing. However, unlike in the
PSTN,congestionsensitivepricing in IP Telephony canbeim-
plementedmuch moredynamicallyparticularly for net-to-net
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Fig. 1. IP Telephony architecture.

andnet-to-phonecallswherethenetwork provider canexploit
thehigh quality userinterfaceto indicatethecostof makinga
call.

In thisstudy, weassumeacooperativeenvironment,in which
a singleresourcemanagementschemeis implementedover all
ITGs in the network [10]. This would correspondto an IP
Telephony serviceprovidedby anISPwith Points-of-Presence
(PoPs)in anumberof differentgeographicalareas.We assume
thatthetotal costof thecall is basedon thedurationof thecall
anda perunit time chargewhich remainsthesamethroughout
thecall1.

In our congestionsensitive pricing-basedcall admission
scheme,referredto as CAC, the admissionprice dependson
thetotalnumberof voiceportsin useateachof theITGs in the
system. EachITG occasionallysendsits currentload adver-
tisementsto its LS, which is responsiblefor propagatingthis
informationto theotherLSsin thesystem.EachLS calculates
the total numberof voiceportsin useover all thegatewaysin
thesystemfrom theseadvertisements,andusesthisvalueto de-
terminethe admissionprice accordingto the price-congestion
functiondiscussedbelow. TheLS offersalowerpriceto callers
whentherearemany voiceportsfree, i.e., whenthesystemis
under-utilized,andincreasestheadmissionpriceasthenumber
of portsin useincreases.For simplicity, weassumetheuserof-
fersabid duringcall setupuniformly distributedbetween5 and
15centsperminute,or between15and45centsfor anaverage
3-minutecall.

Thereare two importantaspectsof this scheme. The �rst
is the mannerin which the congestionis measured. In this
study, we measurethe congestionusing an exponentialaver-
agingscheme[6]. The averagenumberof voice ports in use
at eachITG is recalculatedevery time a connectionis madeto
or leaves from the ITG. The secondimportantaspectof this
schemeis the function that mapsthe congestionto the price
thatthesystemoffers,referredto astheprice-congestionfunc-
tion[12].

A. AnalyticalModel
We develop a queuing model to determine the price-

congestionfunction that maximizesrevenuegeneratedby the
provider2. Thenetworkconsistsof � voiceportsandismodeled

�

When the call is madefrom a PC, the caller may be provided real-time
information on the cumulative cost basedon which the caller may limit the
durationof thecall [11]. In thisstudy, wedonot considersuchascenario.

�

Determiningthe price-congestionfunction with the bestperformancein a
real-world IP Telephony systemis averydif�cult problemdueto thecomplex-
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Fig. 2. Statetransitiondiagramof thenetwork underCAC.

asa � server losssystem.Arrival of call requestsfollow aPois-
sonprocesswith rate

�

. Without lossof generality, we assume
theuseris unawareof thecurrentsystempriceandthateachcall
requestcomeswith aprice� thattheuseriswilling topaywhich
is uniformly distributedbetween����� 	�

� and��������

� centsper
minute,or between����� 	 and������� for a threeminutecall.

In CAC, asmorevoice portsareutilized, fewer users'bids
will begreaterthanthepricechargedby thesystem,causinga
largernumberof callsto beblocked.This correspondsa queu-
ing systemwith discouragedarrivals. The probability a user
will bediscouragedandnotacceptedinto thesystemis statede-
pendentanddependson theprice-congestionfunction. Let ���

be theprobability that in state � an arriving call is rejectedby
thesystembecausetheuser's bid is lower thanthecurrentad-
missionpricefor thatstate,denotedby ��� . Hence,����������� �

is theprobabilitythata call is acceptedinto thesystemandthe
effectivearrival ratein state� is �!�#"

�

.
Usingstandardtechniques[13], it canbeshown that �$� , the

probabilitythatthesystemis in state� , is givenby
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The total revenueis equalto the probability of the system
beingin a particularstate,multiplied by therevenueearnedin
thatstateandthedurationof time underwhich thesystemwas
operating.Therefore,thetotalnormalizedrevenueL earnedby
thesystemoversomeduration M is givenby:

ities in usermodeling. However, this analysisallows us to more rigorously
compareCAC with theotheradmissioncontrolschemes.
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Note that L is not equalto the actualrevenue,as it is cal-
culatedbasedon �
� . The actual revenuemay be calculated
by substituting � � for � � , where �9� is the admissionprice
in state � . Since the user's bid is uniformly distributed be-
tween ������� and ����� 	 , it is easily shown that � � is equalto
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We considerthe following three typesof price-congestion

functions:
1) Linear: Here � � is a linear function of � , i.e., � �8�

�

" �

4��

.
�

was�x edat � , and � wasvariedto determine
thelinearfunctionthatgeneratesthemaximumrevenue.

2) StepwiseLinear: We considera stepwiselinear function
of theform �9� ���

.	�

� 
��

0 , where � is a functionrelating
� to thepriceand 
 is thehorizontallengthof thestep.In
our study, we choose
 ��� andvary � to determinethe
stepwisefunctionthatmaximizesrevenue.

3) Exponential: Here we consideran exponential price-
congestionfunctionof theform �
����
'"��

�#E �

4��

. Both �

and
�

arevariedto determinethefunctionthatmaximizes
therevenue. 
 waschosento make the � interceptclose
to zero.

0 10 20 30 40 50 60
Utilization [trunks]

0

0.2

0.4

0.6

0.8

1

No
rm

ali
ze

d P
ric

e C
ha

rge
d

Fig. 3. Exponentialprice-congestionfunctionthatmaximizesrevenue.

0 5 10 15 20 25 30 35 40 45 50 55 60
Number of Trunks in use

10

15

20

25

30

35

40

45

50

Co
st 

of 
ga

tew
ay

 us
ag

e [
ce

nts
]

Fig. 4. Price-congestionfunctionusedin this study.

Fromtheanalysisweobservethatwhentheofferedloadand
thenumberof voice portsarevaried,theexponentialfunction
outperformsthe other two functions. We also note that that
thestepwiselinear functionperformsalmostaswell astheex-
ponentialfunction. Finally, eachof the bestperformingfunc-
tions begins charging the maximumsystemprice well before

thesystemreachespeakutilization. Thisshowstheimportance
of maintainingexcesscapacityto servicehigh payingcallers
duringtimesof heavy loadin expectationof laterburstsof traf-
�c. The exponentialfunction that yielded the maximumrev-
enueis shown in Figure3. Our CAC implementationutilizes
thediscretizedexponentialprice-congestionfunctionshown in
Figure4. This approximationis necessaryto limit �uctuations
in theadmissionprice.

B. BaselineSchemes

We consider two admissioncontrol schemesas baseline
cases.First, we considera Flat ratebasedAdmissionControl
(FAC) scheme.In this schemethe admissionprice is a �x ed
per unit time charge. The cost per minutedoesnot vary and
is setat 10 centsper minute. Sincethe averagecall holding
time is assumedto be a negative exponentialdistribution with
a meanof 3 minutes,theaveragecostof eachcall is 30 cents.
In this scheme,the advertisementsaresentout only whenthe
ITG entersor leavesa statein which it is fully utilized. This
is opposedto sendingoutadvertisementswhenever thenumber
of voiceportsin usechanges.Second,weconsideranalternate
baselinecasein which all callsareadmitted,referredto asNo
AdmissionControl(NAC). Underthisscheme,theaveragecall
priceis setto 15centsperminute.

IV. REDIRECTION SCHEMES

TheLS maintainsa tableof theaveragepathquality to, and
thecurrentnumberof voiceportsin useat eachgateway in the
system. Admitted calls areassignedto differentgatewaysby
selectingan entry from this table. Thereareseveral schemes
which theLS mayuseto performthis assignment.In this sec-
tion,we�rst introducetwo existingsimpleredirectionschemes.
We comparetheseschemesto a simple RandomRedirection
(RR) techniquethat selectsthe servicingITG at random. We
thenpresenta generalizedredirectionmodelbasedon thebest
featuresof eachof theschemes.

A. CongestionSensitiveRedirection(CR)

Congestionsensitive redirectionhasbeenpreviouslyusedto
balanceload on a connectionlevel granularityacrossa setof
replicaservers [31] [14] [15]. We adaptthesetechniquesfor
usein our system.We considera CongestionSensitive Redi-
rection(CR) schemein which calls areredirectedto the least
loadedITG in the system.Unlike RR, CR candampenoscil-
lationsandcanmoreeffectively balanceacrossheterogeneous
gateways.However, it reliesonpropagationof loadinformation
which maybeout of dateandis hencelessresilientto sudden
overloads.

EachITG advertisesits congestion,measuredasthenumber
of voiceportsin use,to its localLS.TheLS thenpropagatesthis
informationto theotherLSs. A LS mayhave out-of-datestate
informationfor a particulargatewaydueto delayedor dropped
advertisements.To reducecontrol traf�c, anITG advertisesits
loadto its localLS wheneverthecongestionrisesaboveor falls
below a threshold.In this study, we choseto placethresholds
at multiplesof 5 voiceports.Experimentalresultsshowedper-
formancehadlittle sensitivity to thedistribution or numberof
thesethresholds.



B. QoSSensitiveRedirection(QR)

In the current best-effort Internet, audio packets can be
droppedor delayeddependingon thepathquality betweenthe
sourceandthe destination.This will affect the quality of the
received audio. Other factors,suchas jitter, protocol errors,
and codecdelaysalso affect the received audio quality [16]
[17]. We considera QoSSensitive Redirection(QR) scheme
in whichcallsareredirectedto theITG whichhasrecentlypro-
vided the bestQoSto callers,in an attemptto maximizecall
QoS.For simplicity, weassumethatthemajorityof QoSdegra-
dationtakesplacebetweenAdministrativeDomains(ADs),and
notin thenetwork pathbetweentheclientandits AD. Although
the accessnetwork sometimesaccountsfor signi�cant quality
degradationin today's Internetdue to underprovisioning, no
redirectionschemecanmitigatethis lossin quality.

Oneimportantaspectof this schemeis themechanismused
to measurethe quality of the received audio as a function of
thelossesanddelaysof audiopacketsin thenetwork [18] [19]
[20]. In this study, we usetheMeanOpinionScore(MOS) for
audioquality [19]. This measureis basedon scoresgiven by
participantson thequality of the receivedaudioasthe typeof
codecandpacketlossratesarevaried.Wecalculatethereceived
audioquality asa function of thenumberof lost RTP packets
basedon thestudydonein [19].

Thestatisticsof packet lossareobtainedthroughtheSender
ReportsandReceiver Reportsin the RTCP protocol,which is
part of the RTP session[9]. EachITG maintainsa window
of thesereportsto all other ITGs in the network. Thesepath
qualitiesarethenusedto estimatetheMOS.

C. CongestionandQoSSensitiveRedirection(CQR)

We de�ne a generalizedredirectionscheme,calledConges-
tion andQoSSensitive Redirection(CQR), that combinesthe
bestfeaturesof eachof theseschemes.To thebestof ourknowl-
edge,this work is the �rst to proposesucha scheme.Thekey
ideabehindCQRis to chooseagatewaybasedonboththenum-
berof voiceportsin useandtheexpectedqualityof thereceived
audio, in a mannerthat is resilient to suddenoverloadcondi-
tions.Wede�ne theRedirectionMetric (Rdm)for gateway

2

as
follows:
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Where �%� is thelatestestimateof thenumberof voiceportsin
useatgateway

2

, and 
 � is thelatestestimateof theaudioqual-
ity at gateway

2

. Both 
 � and �%� arenormalizedto a value
between0 and 1 by dividing their measuredvaluesby their
maximumpossiblevalues.TheLS calculatestheRdmfor each
ITG in thesystem,sortstheITGsin orderby Rdm,andchooses
randomlyfrom the � ITGs with lowestRdm. Note that when

� is equalto the numberof gatewaysin the system,CQR be-
comesRR.When �%� � , CQRbecomesCR,andwhen �%� � ,
CQRbecomesQR.Wecanhenceusethevariable� to tradeoff
betweenloadbalanceandprotectionagainstsuddenoverloads,
and the variable � to tradeoff betweencall quality and load
balance.We alsoconsidera versionof CQR in which betais
inverselyproportionalto theuser'sbid, calledPrice-basedCQR
(PCQR).In particular, weset � �

.��

� ��
 0 

� � , where
 is the
user'sbid price. Theaim is thatuserswith high bidsshouldbe
allocatedhigherquality paths,anduserswith low bids should
beredirectedsoasto balancetheload.

V. SIMULATION MODEL

Theexperimentalsetupusedin ourstudyadoptsthearchitec-
tureproposedin TRIP [8]. Our simulationarchitecture,shown
in Figure1, is implementedasa modi�ed versionof the ns-2
simulator[21] [22]. Over the basefunctionality implemented
in ns-2,we implementedanITG module,anLS module,anda
usermodulebasedon thedescriptiongivenin SectionII.

A. UserandServerModels

This experimentalstudyis basedon a usermodel in which
usersexpectto get the bestquality of servicethat is available
for somemaximumprice that they arewilling to pay. During
connectionsetup,the useroffers a particularprice, which the
LS usesto performcall admission.If thecall is admitted,the
LS then redirectsthe call to an ITG that hasavailable voice
ports.

B. Network& SystemParameters

Fig. 5. TheQwestNationalIP backbonefrom 1999.

Theresultspresentedbelow arebasedon the following net-
work andsystemparameters.

1) Simulationanalysisis carriedoutontwo network topolo-
gies: (1) The Qwest United StatesIP backbonefrom
1999 as shown in Figure 5 with an AD placedat each
of the14Points-of-Presence(PoPs)[23], and(2) theEx-
cite@HomeOC-48IP backbonewith an AD at eachof
the29 @Work SuperNodes[24]. The topologycharac-
teristicsdiffer in several respects,for example, the av-
eragedistancebetweenITGs in the Qwestnetwork is
lower. Unlessotherwisestated,resultsareacquiredfrom
theQwestnetwork topology.

2) The call arrival in eachAD follows a Poissonprocess
with rate

�

calls per second. This parameteris varied
to studythesensitivity of the resultsto theofferedload.
Call holdingtimefollowsanegativeexponentialdistribu-
tion with mean180seconds.Theseparametersarebased
onstandardtelephony traf�c models.

3) EachITG has56voiceports.
4) Thebackgroundtraf�c in eachlink follows a Paretodis-

tribution with a shapeparameterof 1.2 and with mean
link utilization uniformly distributed from 30% to 60%
[25]. Sensitivity to thelevel of backgroundtraf�c is con-
sidered.

5) The voice traf�c is modeledby an exponentially dis-
tributed”on-off” Markov modulatedprocessutilizing a



G.723codec[6]. RTP traf�c is tunedto constitute1% of
thetotal traf�c [26]. Sensitivity to this percentageis also
studied.Finally, we considereda playbackbuffer of 300
ms, anda packet is consideredlost if it is not received
within 300msof beingsent.TheInternationalTelecom-
municationsUnion (ITU) de�nes this valueto bethere-
quiredmaximumdelaytime for voicecommunication.

6) TheITGs arereplicatedandcallscanbeservicedby any
ITG. Furthermore,all calls costthe same,i.e., unlike in
thePSTN,thereis no differencebetweenlocal callsand
toll calls.

7) � is the �lter gain used in the exponential averaging
schemeto computerthe meannumberof voice portsat
anITG. In this studywe set �/���

J

� .

C. PerformanceMetrics

To comparethe variousmanagementstrategies we usethe
following threeperformancemeasures.

1) Provider Ef�ciency: This is the total revenuegenerated,
andis measuredas the total call revenueaveragedover
all ITGs.

2) EconomicEf�ciency: A managementstrategy is eco-
nomically ef�cient if it ensuresthat callerswho placea
higher value on servicesare allocatedresourcesbefore
callersthatplacealowervalueonthoseservices.Further-
more,callerswith higherbidsshouldbeallocatedhigher
quality pathsoveruserswith lower bids. A strongcorre-
lation betweenprice paid andQoSachieved shows that
userswho arewilling to paya high pricetendto beallo-
catedpathswith goodservicequalityoveruserswhooffer
a lower bid, which causesuserbene�t to be maximized
in our usermodel[27]. We usesimplelinear regression
techniquesto �nd thecorrelationcoef�cients betweenthe
pricechargedto theuserandtheblockingprobabilityand
receivedaudioquality.

3) Network Ef�ciency: This is thecall blockingprobability.
A call can be blocked dueto two reasons:(1) It could
beblockedat theLS. This couldhappenif theLS cannot
�nd an ITG that canservicethe call. Note that the call
could be blocked eitherbecauseall ITGs arebusy, i.e.,
no freevoiceportsat any of theITGs (NFP),or because
thereis no ITG that is willing to servicethe call at the
priceofferedby theuser(OPR).(2) It couldbe blocked
at the ITG (GRC).This couldhappenif theLS hasout-
dated/incorrectloadinformationabouttheITG. Thus,the
LS initiatesa call setupto anITG which actuallyhasno
voiceportsavailable. GRCandNFP blocksarelessde-
sirablethanOPRblocks,asthey arenot causedby price
basedadmissioncontrol andmight causea high paying
userto bedeniedservice.
Weadditionallymeasuretheaverageservicedistanceand
averageaudioquality achievedby callersin eachof the
schemesto investigatehow well resourcesare utilized.
Theservicedistanceis de�ned to bethenumberof inter-
mediatenetwork hopsbetweentheuserandtheITG used
to servicethecall.

a) AverageServiceDistance:This is theaveragedis-
tancein termsof the numberof hopsbetweenthe
userandtheITG thatservicesthecall.

b) ReceivedAudio Quality: This is theaverageaudio
quality in termsof MOSmeasuredat thereceiveras
discussedin SectionIV-B.

VI . RESULTS AND DISCUSSIONS

We collectperformancemetricsin a mannerthatensuresthe
systemreachesasteadystate.Whileexperimentsareconducted
for 90 minutes,theresultspresentedin this paperarebasedon
systemstatesampledduringthelast60 minutesof eachexper-
iment.This is doneto eliminatetheeffectsof coldstart[28].

A. AdmissionControl

An admissioncontrolschemehasthreedesirableproperties.
It shouldmaximizenetwork ef�ciency by allowing as many
callsaspossibleinto thesystem.It shouldmaximizeeconomic
ef�ciency, i.e., asresourcesbecomelimited it shouldpreferen-
tially admit userswho placea highervalueon makinga call.
It shouldmaximizeprovider ef�ciency by generatingasmuch
revenueaspossible.In thissectionwecompareFlatAdmission
Control (FAC) and CongestionSensitive Admission Control
(CAC). We �x the redirectionschemeasQoSSensitive Redi-
rection (QR). We refer to the resultingschemesas QR+FAC
andQR+CAC, respectively.

1) NetworkEf�ciency: Unlike in thePSTN,wecanusethe
rich signalingnetwork to implementcomplex pricing policies.
To achievegoodnetwork ef�ciency andmitigateoverloadcon-
ditions,we usecongestionsensitive pricing to performcall ad-
mission.
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Fig. 6. Averageblockingprobabilityasa functionof offeredload.

Figure6 comparesthecall blockingprobabilityasafunction
of the offeredload for the two managementschemes.TableI
tabulatesthevariouscomponentsof theblockingprobability.

In QR+FAC, theblockingprobabilityof a call is about50%,
regardlessof theofferedload. Sincethepriceof a call is �x ed
at 30 centsandtheuser's bid is uniformly distributedbetween
15 and45, half of the calls are blocked in this scheme.The
effective voiceport utilization is low andtherearealwaysfree
portsavailablefor userswho offer higherbids. Consequently,
asseenin TableI, all callsblockedin this schemeareblocked
dueto overprice,i.e.,OPRblocks.

In QR+CAC, the price changesdynamicallywith load. At
low loads,the averageprice is low, allowing morecalls to be
servicedthanin QR+FAC. With higherofferedload, thenum-
ber of blocked calls increases.However, ascanbe seenfrom
Figure6, theblockingprobability for QR+CAC never exceeds



TABLE I
COMPARISON OF DIFFERENT TYPES OF BLOCKING PROBABIL ITIES (P(OPR/NFP/GRC) � BLOCKING PROBABIL ITY DUE TO OPR/NFP/GRC).

Management Load= 0.3 Load= 0.5 Load= 0.7 Load= 0.9
Strategy P(OPR) P(NFP)+ P(OPR) P(NFP)+ P(OPR) P(NFP)+ P(OPR) P(NFP)+

P(GRC) P(GRC) P(GRC) P(GRC)
QR+FAC 0.480 0 0.477 0 0.489 0 0.479 0

CQR+CAC 0.002 0 0.144 0 0.154 0 0.261 0

that of QR+FAC. This happensbecausethe price-congestion
function of QR+CAC admitsa large numberof calls, causing
a highersystemutilization. Althoughthesystemhashigh uti-
lization, the price-congestionfunction effectively preventsthe
systemfrom overload,andhenceno calls areblocked dueto
NFP(nofreevoiceports)or GRC(gatewayrejectedcall setup).
At low loads,theprice-congestionfunctiongeneratesa low ad-
missionprice,allowing almostall callsto beadmitted.
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Fig. 7. Averagereceivedaudioqualityof callsasa functionof load.
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Fig. 8. Averageservicedistanceof callsasa functionof load.

2) EconomicEf�ciency: At high loads,congestionarises
in termsof high demandfor voice ports at the ITGs, which
increasesthe call blocking rate. Our systempreferentiallyal-
locatesvoiceportsto userswith high bidsover userswith low
bidsby increasingthecall admissionpriceduringtimesof over-
load. We considertwo metricsto comparethe economicef�-
ciency of the differentmanagementschemes:the relationship
betweenadmissionprobabilityandpricepaid,andtheaverage
audioquality achieved.

� Average QoSAchieved: Figures7 and 8 show the rela-
tionship betweenthe averagereceived audioquality and
servicedistanceasa function of the load for eachof the

resourcemanagementschemeswith price basedadmis-
sion control. We observe that QR+FAC providesexcel-
lent quality for all calls, sinceall calls areterminatedlo-
cally due to the large numberof OPRblocks underthis
schemeas shown in Figure 8. QR+CAC also provides
an excellent audio quality, as low paying calls tend to
be blockedandhigh payingcalls canbe satis�ed locally.
The received audio quality doesnot vary with load, as
our price-congestionfunction doesa good job of block-
ing a larger numberof low paying calls when load in-
creases.This keepsthe systemfrom becomingoveruti-
lizedandhenceforcescallsto usepathswith poorquality.
As load increases,the greaterthe demandfor high QoS
paths,andhencethe smallerthe percentageof calls that
can be handledlocally. However, a large percentageof
callsthatwouldhavebeenallocatedpathswith poorqual-
ity areblocked,keepingaudioqualityconstantacrossload.
QR+CAC providesloweraudioquality thanQR+FAC due
to the highersystemutilization. All the high QoSpaths
becomeallocatedforcing calls to travel fartherfrom the
local ITG.

� RelationshipbetweenPrice and AdmissionProbability:
We measurethe relationshipbetweentheuser's bid price
andthe probability that the useris admittedinto the sys-
tem by calculatingthe correlationcoef�cients of the two
variables. In QR+FAC, all calls with a bid price greater
than30 centsareadmitted,andall othercallsareblocked
by the system. This results in a strong correlationof
0.866regardlessof offered load. However, this correla-
tion is achievedby unnecessarilyblockinga largenumber
of calls. We �nd that QR+CAC also had a very strong
relationshipbetweenthetwo variables.However, thecor-
relationcoef�cients for this schemeareslightly lessthan
thanthat of QR+FAC underall loadsdueto the fact that
the admissionprice �uctuateswith load. A suddenburst
of call traf�c causestheadmissionpriceto raise,blocking
high payingusers.If a statistical�uctuation suddenlyde-
creasestheamountof call traf�c, theadmissionpricewill
drop,allowing morelow payingcalls to be admittedinto
thesystem.In thismanner, callerswith alow bidnow have
a methodto “sneakin” andacquirea setof voiceportsat
a low price. More detailedinformationis availablein our
technicalreport[28].

3) Provider Ef�ciency: We achieve provider ef�ciency by
makingthe admissionprice congestionsensitive. This allows
usto run thesystemat high utilization andallocatevoiceports
to userswho arewilling to paymore. In Figure9 we compare
the total revenuegeneratedfrom eachscheme.For QR+FAC,
therevenueincreaseslinearly with load. This is not surprising
to �nd sincein this model pricesdo not �uctuate with load.
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Fig. 9. Total revenueasa functionof load.

Sinceacall is equallylikely to beblockedregardlessof loadin
this scheme,the total revenuewill bea functionstrictly based
on thenumberof callscominginto thesystem.

In QR+CAC we�nd asimilareffect: themoretraf�c coming
into thesystemincreasesthenumberof calls thatarehandled,
causingrevenueto increase.Thetotalrevenuegeneratedby this
schemeis higherthanthatof QR+FAC for high load,sincethe
admissionpriceincreaseswith load.Thetotal revenueis higher
thanthat of QR+FAC for low load for a lessintuitive reason.
At low loads,we block muchfewercallsthanin QR+FAC. Al-
thoughwetendto chargealowerpricepercall,weservicemore
calls andhencegeneratemorerevenue.Our analysisexplains
this result: the admissionprice for a particularsystemload is
designedto generatethemaximumamountof revenue.

B. RedirectionSchemes

Oncea call is admittedinto the network it shouldbe redi-
rectedto the gateway bestsuitedto provide service. Sucha
redirectionschemehastwo desirableproperties.First, it should
maximizenetwork ef�ciency by achieving a balancedloadand
dampeningoscillations.Second,it shouldmaximizeeconomic
ef�ciency by ensuringthat calls with high bids acquirehigh
quality pathsaheadof callswith lower bids. In this sectionwe
comparethefollowing redirectionschemes:RandomRedirec-
tion (RR), CongestionandQoSSensitive Redirection(CQR),
andPrice-basedCQR(PCQR).We useNo AdmissionControl
(NAC) for all resultsshown in this section.We refer to there-
sulting schemesas RR+NAC, CQR+NAC, and PCQR+NAC,
respectively.

1) NetworkEf�ciency: To maximizenetwork ef�ciency, it
is necessaryto have a load balancingpolicy to prevent oscil-
lationsin call traf�c to eachof the ITGs. This policy mustbe
distributed in nature,as it must run acrossmultiple LSs with
potentiallyout of dateinformation. We henceusecongestion
sensitive redirectionto balancecall traf�c over thesetof ITGs,
therebyincreasingthenumberof callsthatcanbeadmittedinto
thesystem.

In Figure10,wemeasuretheblockingprobabilityof thetwo
redirectionschemes.We use � to tunethe relative weightsof
congestionandQoSsensitivity (notethat CQRwith � � � is
thesameasCR).RR+NAC doesnot take � asa parameterand
henceis shown asa �at line.

As the level of congestionsensitivity is increasedin thehy-
brid scheme,the call blocking probability decreasessigni�-
cantly. The strictly QoS sensitive schemecausesmany calls
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to be routedto a few ITGs in thecenterof thenetwork topol-
ogy that provide goodQoSto all callers. Suddenincreasesin
call traf�c maketheseITGsmorelikely to saturate,resultingin
larger numbersof blocked calls dueto GRC. Larger amounts
of congestionsensitivity causethe loadto bemoreevenly dis-
tributedacrossthesetof ITGs, therebydecreasingtheblocking
probability. Hence,someamountof congestionsensitivity is
necessaryin theredirectionschemein orderto increasesystem
capacity.

Surprisingly, the call blocking rate increasesslightly aswe
increasetherelative weightof congestionsensitivity from � �

�

J

�

to � � �

J

� . This happensbecauseaddingQoSsensitivity
causescalls to be routedto closerITGs. Advertisementssent
by theseITGs arelesslikely to be droppedor delayedby the
IP network, andhencecallsdirectedtowardtheseITGsareless
likely to resultin a blockedcall. Furthermore,althoughwe see
smallervaluesof � resultin betterperformance,smallervalues
also causean increasedsensitivity to suddenoverloadcondi-
tions. Experimentalresultsshowed � � � to be a reasonable
tradeoff.

At highloads,statistical�uctuationscancauseall voiceports
at certainITGs to saturatedueto suddenin�ux esof calls.This
changein systemstateis re�ected as NFP and GRC blocks.
Thiscanbeexplainedby notingthatthesystemcanexist in one
of thefollowing two states:(1) Whenthereis at leastoneITG
with no freevoiceports. In this caseno incomingcall will be
blocked. (2) Whennoneof the ITGs have freevoiceports. In
this caseall incomingcalls will be blocked. NFP blockscan
only occur if the systemis in State2. Becauseof the large
amountsof backgroundtraf�c, advertisementsindicating that
the ITG is full canget droppedor delayed,andhencestate2
tendsto bemanifestedby GRCblocks. Thelargerelative per-
centageof GRCtypeblocksemphasizestheimportanceof con-
gestionsensitivity in a redirectionschemewhentheIP network
is heavily loaded.

2) EconomicEf�ciency: The IP network is not homoge-
neousandhence�o ws traversingdifferentpathsin thenetwork
may experiencewidely varying levels of QoS.Flows passing
throughcongestedareasof the IP network sustainhigh packet
loss,therebydecreasingcall quality. Oursystemallocateshigh
quality pathsto userswith high demandover userswith less
demandby performingcall redirectionbasedonprice.

1) Average Call QoS: Figure11 shows the averageaudio
quality achieved in the hybrid schemewithout call ad-
missioncontrol. We noticethatQoSsensitivity cansig-
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ni�cantly increasetheaveragecall quality. For example,
qualityincreasesfrom apoorMOSof 3 to agoodMOSof
4.5 for CQRwhen � � � . This happensbecausetheLS
canleverageQoSsensitivity to distinguishbetweenITGs
with nearlyequallevelsof congestionbasedon their re-
spectivepathqualities.Althoughsmallervaluesof � im-
prove performance,they decreaseresilienceto sudden
overloadconditions.Figure12 showshow QoSsensitiv-
ity canimprove resilienceto IP network congestion.We
alsoobserve thatcongestionsensitivity offereda similar
bene�t in termsof blocking probability underincreased
offeredload. It is interestingto notethatarelativeweight

� in therange
�

�

J

�

J J

�

J

�	�

offersbotha very high QoSand
a very low blockingprobability. This shows thatwe can
achieve the bene�ts of congestionsensitivity with QoS
sensitivity in a singlehybrid redirectionscheme.Addi-
tional experimentsshowed that thereexisteda goodop-
eratingpoint for the systemundera variety of different
parameters,althoughthebestvalueof � varied.

2) RelationshipbetweenPriceandAudioQuality: Wemea-
surethe relationshipbetweenthe bid price of the user
and the audio quality achieved by calculatingthe cor-
relationcoef�cients of the two variables. In RR+NAC,
all calls are terminatedat an ITG independentlyof the
bid price. Hence,all calls receive the sameaverageau-
dio quality and so the correlationcoef�cients are close
to zerounderthis scheme.The correlationcoef�cients
underCQR+NAC arealsocloseto zerofor thesamerea-
son. We �nd thataddingpricesensitivity to the redirec-
tion methodin PCQR+NAC resultsin correlationcoef�-

cientscloseto 1. Thishappensbecauseuserswith higher
bids areassigneda lower valueof � underthis scheme,
resultingin higher quality calls. Low paying usersare
redirectedto more distantITGs, leaving higher quality
pathsavailablefor high payingusersanddecreasingthe
blocking probability for all users. Furthermore,we no-
tice that the correlationimproves with load under this
scheme.At low load, most ITGs hadsmall numbersof
voiceportsin use.This causestheQoSsensitivecompo-
nentof theschemeto havea largereffect, therebygiving
goodQoSto all callsanddecreasingthecorrelation.Note
that this is a desirableresult,asat low loadscongestion
sensitive redirectionbecomesunnecessary. Furthermore,
theseschemesareparticularlysusceptibleto overloaddue
to thelackof call admissioncontrol.Sincethelargenum-
berof blocksoccursindependentlyof price,economicef-
�ciency is alsoreducedin thesensethatmany high pay-
ing calls areblocked. This shows the importanceof an
effectiveadmissioncontrolscheme.More detailedinfor-
mationis availablein our technicalreport[28].

3) Provider Ef�ciency: RR+NAC and CQR+NAC gener-
aterevenuethatriseslinearly with load. This happensbecause
we chargeall callersthesame�x edrate. In PCQR+NAC, we
achieve provider ef�ciency by charging usersmorefor access
to higherqualitypaths.Thisallowsthesystemto generatemore
revenuefrom thesepathsfrom userswith high bids,while still
generatingrevenuefrom userswith low bidson thelowerqual-
ity paths.Thisschemegeneratesmorerevenuethanall theother
redirectionschemesunderhigh load. This is becausethesys-
tem is always providing a wide rangeof pricesfor incoming
calls.For example,if a callerwith a high bid entersthesystem
it will likely behandledat thehomeITG which will allow the
systemto chargethemaximumpossibleamountfor thecall. In
addition,we block very few calls, andof thosewhich arenot
blockedwe canchargeapriceverycloseto thebid.

C. Sensitivityto theNetworkParameters
To investigatethesensitivity of our main resultsto changes

in network parameters,we vary the network topologyandthe
percentageof RTPtraf�c of thetotal traf�c load.Thefollowing
is asummaryof themainobservations.

� We carriedout simulationsbasedon the Excite@Home
topologymentionedearlier. The largernetwork diameter
causestheaverageservicedistanceto risefor all schemes.
However, the averageaudio quality also increaseswith
load.Dueto thelargernumberof ITGsin thesystem,each
LS hasa largernumberof entriesfor ITGs with a partic-
ular load,andcanchoosethe bestfrom a wider rangeof
path qualitiesto serve the user. Furthermore,the larger
network diametercausesthe numberof GRC blocks for
CQR+NAC to increasesigni�cantly with load, causing
revenueto drop. Calls that would have beendirectedto
ITGsvia apoorQoSpathtendto getblocked�rst, causing
theaveragereceivedaudioquality to improvewith system
loadunderthis scheme.

� RTP traf�c is by naturelessbursty than the Paretodis-
tributedbackgroundtraf�c. Hence,aswe increasetherel-
ative percentageof RTP traf�c, the averagereceived au-
dio quality achievedby eachof themanagementschemes
increases.However, the averagereceived audio quality



in PCQR+NAC decreases,aseachLS now hasa smaller
numberof entriesfor ITGs undera particularload. This
causesthecongestionsensitivecomponentof CQRto have
a largereffect, therebyforcing a largernumberof calls to
bepushedto ITGs offering a poorQoS.Furthermore,in-
creasingtheofferedloadcausestheaveragecall quality to
decrease.SinceRTP traf�c now constitutesa larger per-
centageof total network traf�c, increasingthenumberof
calls in the systemhasa signi�cant effect on IP network
load. This effect is smallestfor theschemeswith admis-
sioncontrol,dueto thelargenumberof OPRblocks.

VI I . CONCLUSION

Theunderlyingclient-serverarchitecturein IP Telephony al-
lows serviceproviders to enablenew servicesand ef�ciently
managenetwork resources.In this paper, we presenteda com-
parativestudyof a few simplebut representativeresourceman-
agementstrategiesthattakeinto accountbothnetwork resource
congestion,the QoS requirementsof the users,and the price
that theusersarewilling to payfor a certainQoS.For thecur-
rent best-effort Internet,we introducedtwo congestionsensi-
tive call redirectionmechanisms.We introducedanadmission
controlpolicy thatchangespricebasedonnetwork resourceuti-
lization to avoid systemoverload.Theresultsshow thatadding
QoSsensitivity to congestionsensitive redirectionmaximizes
resourceutilization while simultaneouslymaximizingtheeco-
nomicef�ciency, i.e., it provideshigherQoSto userswho are
willing to payfor it. We comparedahybrid redirectionscheme
that takesinto accountthe fact that thequality of receivedau-
dio dependson the characteristicsof the path chosenby the
network with a simple�at andcongestionsensitive redirection
techniques.

Therearemany itemsthatneedfurtherinvestigation.Firstly,
therearedifferentwaysto combineCSandQoSsensitivity into
a single resourcemanagementmodel; theseapproachesneed
to becomparedto determinetheir relative strengthsandweak-
nesses.Secondly, theproblemof ITG placementin wide area
networksneedsto beaddressed.Thirdly, thestudyneedsto be
carriedout usingmorerealisticusermodels.Finally, it would
be of someinterestto simulatea competitive network where
managementschemescandiffer ateachadministrativedomain.
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