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Abstract

This article addresses the problem of designing capacity management and routing
mechanisms to support telephony over an IP network. For this service, we propose
two distinct architectural models. The first relies on enhaneements to the basic [P
infrastructure to support integrated service transport and QoS routing. The second
assumes that the IP network can support an averlay virtual private network with
dedicated capacity for the VolP service, thereby allowing standard capacity man-
cgoement and routing mechanisms from circuitswitched networks to be reused. We
evaluate the performance of these two architectural models and their associated
policies via simulations using cenfiguratien and usage data derived from opero-

tional nelworks.

here hag been substantial interest in the reeent past in
migrating telepliony service away from circuit-switched
netwarks onte an 11™-based packel-switched nctwork
f : infrastructure, One critieal issue to be resolved in
achicving this migration is how (o support the qualily of scr-
vice (Qo8) requirements of a hiph-quality telephony service
over an TP network. A telephony service requires stringent
bounds on end-to-cnd packet delay, jitter, and loss. Insuring
that these requirements are met requires the use of resource
management mechanisms, such as scheduling and admission
conirol, in the network. A telephony service also requires thai
the probability of blocking otfercd calls be tairly small (<1
pereent), This requires the use of capacily planning snd provi-
sioning mechanisimg to ensure that the network has adeguate
capacity to handle the expected lrallic volume, and routing
mechanisms to ensure that the affered traffic is routed over
the netwark in a maanner that makes the most efficient use of
available network capacity.

The design of capacity planning, routing, and resouree man-
agement mechanisms that are suited o the requirements of
telephony traffic has been very weil addressed in the readm of
the circuit-switched neiworks that have traditionally carried
tetephone teaffic [1]. Sophisticated capacity planning, routing
mechanisms, and resource management mechanisms have also
been developed in IP networks, Iowever, since Uthe services
that run en IP networks have dilferent QoS reguirements and
tralfic characteristics than telephony, these mechanisms cannot
easity be modificd to support voice-over-1P (Voll") services.

This work was done while Partho P, Mishre wos with AT Laby-
Researc, and Hrznr Savan was visiting AT Labs-Research.
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In this article we examine how the capacity management
and routing mechanisims used in 11 networks can be augment-
ed to support an TP telephony service, We focus on a particu-
lar style of IP telephony service in whicl the 1P nelwork is
used for “lrunking” voice traffic between telephony switches,
such as private branch exchanges (PRXs}, local exchange car-
ricer swilches, or long distance tol! switches. For this service,
we evaluate the performanee of two distinet architectural
models for capacily management.

T the first model, we assume that the backbone 11° network
is enhanced Lo support an 1P integrated scrvices framewark
12]: TP endpoints express the Qo8 requirements and tralfic
characteristics for a voice call vsing Resource Reservation Pro-
tocal {R8VP) [3], and all routers on the end-to-cnd path usc
the information in the RSVI' message Lo perform admission
control, The routing, of the RSV signaling messages follows
the path determined by the TP routing policy. We evatuale
three routing policics: Shortest Path Tirst (81°F), Shortest
Awvailable Path First (SAPL), ind Widest Available Path First
(WADLE). In SPF, a vaice call is routed along the shortest path
between the [P endpoints. B capacily is not available on this
path, the eall is blocked. in the SAPT and WAPT policies, the
nctwork atlempis (o route the call alonp alternate paths when
capacity i not available on the shortest path.

In the sccond model, we assnme that the voice service is
provided with its own virtual private nelwork{ VI'N), consisi-
ing of a set of virtuat leased lines (VI8) [4-6] Intercomicel-
ing the lelephony switches over the [P network, The routing
of VI.Ls over the underlying 1P newtwork is along the shortest
path, as measared by the hop count, between the two switch-
cs. Bach VL has a specilic copacity associated with ity as long
as the volume of tralTic generated by the eustomer does not
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exeecd this capacily, the service provider guarantees bounded
packet loss and delay. Since VLI are Tunctionally sinilar to
dedicated links. capacity management and routing can be
done in a manner analogous o circuit-switched networks. We
evaluale Tour rouling policies: Dircet Path Only (DPO), Suc-
cess 1o the Top (871°T), State-Dependent Routing (SPR), and
Approximate State-Dependent Routing (ASDR). In DPO &
call is admitted only when there is adequale capacily on the
direet path of the call (i.e., the VLI between the ingress and
epress telephony switches). In the other palicies, a call is
admitted when there is adequale capacity on either the dircet
path or an alternate path consisting of two VILs that inler-
conneel the ipress and egress switches,

We evaluate the performance of the two capacity manige-
menl models and the various assoeiated routing policies using
simulations. To ensure that our simulation results are realistic,
we use configuration and usage data that are derived tfrom
operational carrier netwerks, The simulated 1P network is
bascd on an ISP network topotogy, and the [P telephony tral-
fic is simwlated vsing traces derived from actual cailing pat-
terns om the carrier’s long distance nelwork, "[he specific
results reported in this article are based on simulating o 16-hr
interval using the set ol calls placed on the long distance net-
work between midnight and 4 p.m. on Monday, May 17, 1999,

The rest of this article is ovganized as follows. We briclly
review the rouling algorithims currently used in voice {(circuit-
switched) and duata (1P) networks, Next, we deseribe Lwo
architeetural models Tor supporting telephony services over an
1 network, and the associated capacity management and
routing oplions, ‘Uhe article then presents simulation resulls
evaluating 1he performance of cach of these options. We then
comclude the arlicle,

Routing Policies Used in Existing
CircuitSwitched and IP Networks

The design of the routing policics used in existing circuit-
switehed and 1P nciworks has been strongly influenced by the
strueture ol the network topolopy. Most circuit-switched net-
works uscd to carry voice trallic have evolved to a topology
consisting of a core nelwork with full mesh connectivity
between o set ol foll switches and an aceess network with a
hierarchical tree-like structure, Simple static routing tech-
niques (with provision for Failover rontes) are used in the
access network, More complex routing techniques are used in
ihe core, which is much more richly conncceted, thereby pro-
viding o richer chuice of routing aptions.

In the core network, cach pair of ol switches has a set of
links providing direct comueelivity, The simplest possible root-
ing policy, DPO, is to accepl a call only when there s ade-
quate capacity on the direet path between the originating and
terminating toll switches. However, since the link capacities
are typically provisioned based on estimated call arrival pat-
terns, it is always possible that these capacities could be
exceeded due to a transient overload, resulting in eall block-
ing. To reduce the call blocking prabahility, most routing
algorithms also consider allernale routes betfore blocking a
call. An allernate route typically consists of a4 two-hop route,
where the call from switch ¢ to switeh § is routed through an
mlermediate switch, k. Since a call routed over two hops oceu-
pics double the network capacity, two-hop paths are used only
when the dircet path is unable 1o admit the call, While, it is
possible to consider even longer alternate paths, the addition-
al perlformance gains are marginal, In a core network consist-
ing of # switches, there are # — 2 two-hap paths between any
pair of switches. For cach (4, §) swilch pair, a routing policy

has to determine the sequence in which it will try Lo route a
call over cach of these alternate paths and how many alter-
naic paths it will try before blecking the call. Ldeally, o routing
policy shauld quickly discover an alternate path thal has ade-
quale capacity Lo minimize call setup latency. I is also desir-
able Lo spread out the offered load evenly among all the
wvailable links 1o make the most efficient use of network
capacity. ’

Acsimple but naive alternate routing poliey would be o
scarch through the set of alternate routes in a predetermined
order. For example, assume Wl the set ol switches s num-
bered 1 through &, ard a call is being st up between switches
fand §. The routing policy might starl the search [or allernate
roules by Tirst trying (o route the call through swiich 1, then
switch 2, and so0 on. For such a policy, the links incident on
the lower-uumbered swilches are likely Lo be heavily loaded,
while those for higher-numbered switehes will varely be
required Lo carry alternate routed iralfic. Sucl an approach
would also require evaluatiog a larger number ol alternate
routes, on the average, bedore a catl can be aceepted. This
increases the call setup latency, Clearly, this policy is not very
efficient. A simple variation of this naive policy, which
addresses some ot these problems, is to randomize the start-
ing point of the scarch, This mukes il more likely thal the
offered load duce to aliernate routed calls will be distributed
cvenly across atl the links. Another varianl is 1o precomputc a
sequence in which Lo Ury the intermediate points Tor each (4, §)
pair hased on histovieal load information,

Acstmple and eifective routing paliey that has been used in
operational netwarks is ST Lor each (4, /) pair, STT keeps
track of the identity of the node k throngh which an alternaic
call was Tust successfully routed, Whenever o new call from §
10 J necds to be aliernate roned, ST first tries to route via k.
I there is no capacity on this alternate path, 8177 uses the
randamized search procedure described carlicr to pick a new
alteenate path. The intuition bebind §1°0 i that it a particular
alternate path has been used suceessfully fn the reeent past, it
is il likely to have avaitable capacity.

AlLof the policies discussed s Car do not take inle consider-
ation the existiog state of a4 lHnk. For instance, suy That a call
from swilel 7 o switeh § needs W be allernate-path routed, and
{hat the eapacity available on Jinks (¢, &), (8, 1), and {4, f} is ade-
quale for 10 calls, while the capucity available in (7, £) is ade-
guate for only one call. A routing policy that chooses o try the
path <, {, k= first will cause link (7, §) 1o become saturated,
This may in tuen cause a call arviving on  for £ (o he alternate
routed or Mocked, To address this problem, state-dependent
rouling policies have been delined that make vse of eurrent
link loads in sclecting an alternate path. In 813 the originating
switch § determines the available capacity ou each ol iis links, It
also queries the destination switch 1o determine the available
capacitics on all links incident on j. Fhe call is then routed over
an intermediate switch £ sueh that min{Avait(z, 1), Avail(/, /1) is
maximum over all nodes. Uhos, SDIR ics 1o minimize the like-
lihoed of fercing o Tuture eall 1o he aiterate routed/Mocked.
SR, us deseribed ubove, requires instantangous load informa-
tion. An approzimale version of SDR, ASDR, studied in this
article, makes the routing deeision hased on predicted link
loads derived vsing periodic link state updates,

Allernate path routing algorithms such as ST, SDR, and
ASDR can demonstrate fisstability under heavy loads, Sup-
pose, for instanee, that cach link has offered load close o its
provisioned load. [Fa small transient uverload were (o cause
a call to be alternate vouted, this alternate routed eall may
luke up one unit of capucily cach on two links which are
ticemselves running at close to provisicned capacity, This in
turn may cause lwo calls which could have been dircet rout-
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ed on those links to be alternate rovted, This can cascade
guickly into a situation where Lhe network is carvying hail
the original traffic valume and is still saturated since every
call is alternate routed. To address this potential instability,
cirenit-switched uetwurks use alternate-path routing in com-
bination with trunk reservation techniques [T}, In trunk
reservation, a certain amount ol capacity on cach trunk
(referred (o as the irunk reservation parameter) is reserved
for the use of direet routed calls. Whent the available capaci-
ty on a link falls below irs trunk reservation parameter, the
link will refuse to admit any aliernate rouled traffic, although
it will still admit direet routed tratfic. I has been observed
that o trunk reservation of cven 10 ealls can extend Lhe
cffeetive operating range of alternate routing algorithms to a
wide range of offered loads,

In comparison to the routing strategics for circuit-swilched
(voice) networks, rouling in 1P networks bas traditionally
cmployed anly a single forwarding path at a time belween a
pair of 1P routers, The distance vector or link stale routing
protocols, such as Border Gateway Protocol (BGP) or Open
Shortest Path First (O8PT), used in 1P networks assign a
weight (or cost metric} to cach link and then route traltic
adonyg 1he least weight path (shortest path) between every
sourge—destination pair. The consequence is that there {s only
one path chosen at any particular point in time belween a
source—destination pair. In case (he available capacity on Ut
path is lower than the amount of traffic helween the speciiied
source—destination pair, packets will be dropped even if an
alternate path exists Lo ronte the overtlow tratfic. By basing the
weights/cost metvic on the link capacilics along the path, it is
possible 1o hias the routing procedure o select higher-capacity
paths, which may alleviate this problem, but there may cxist
sitvationy where no individual path has sulTicient bandwideh to
carry all the trallic between a source—destination pair, Certain
cxtensions to OSPT offer a limited form of multipath routing
capability, These cxlensions allow a router to split the traffic
Jor @ source—destination pair between all the minimum weight
paths for that souree—desiination pair, By a careful choice of
weights, it is possible 1o configure more than one shortest
paths between a specilied source-destination pair and thereby
cinable traflic splitting. More recently, multiprotoce! label
switching (MPLS) offers another mechanism throngl which
iultiple logical paths or links may be configured between spe-
cific sourco—destination pairs [4]. These links can potentially be
used ta override the defanlt QSPT ronting mechanisms,
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code to @ Los Angeles area code on May 17, 1009,
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Capacity Management and
Routing Policies for Voice over IP Traffic

Our focus in this arlicle is on capacity manapgement and routing
policics for a VoIP service in which the 1I” network is uscd Tor
“linking” voice traffic between telephony swilches, such as
PBRXs, local exchange carrier switches, or long distance toll
switclies, In Lthis eonfigucation, a public switched telephone ne-
wark (PSTN) gateway acts as the inlerfaee belween the cirouit-
switched and TP network scgments, perlorming the
analog- digital and cirenit-packet conversions. These PSTN
faleways are conncelted to an edge souter al an Inlernet service
provider (TSP) point of presence. Hdge routers are connected
1o backbone reuters through an access nelwork, A backbone
network segment intereonneets lhe backbone youters,

Supporting high-quality telephony services over an 11" net-
work requires the network te meot fairly stringent packet loss
and delay requirements; typically, the end-to-end round-trip
delay has (o be less than 300 ms, and packet loss rates need 1o
be 1 percent or lower, Meeting these QoS requirements vegires
the use of bandwidth management and admission contral mech-
anisms in the TP network to cnsore thal adequate capacity exists
before a new volee call is admiticd. There are two distinet archi-
teetural models for how this can be accomplished,

The hiegiated Sarvices Made! for
Capacity Managomont

The first model [or supporting the Qo8 required by Vol trf-
lic is to extend the hackbone P network to support an 1P
integrated services framework [2]. In the 117 integrated see-
vices framewaork, 11 cndpoinis express the QoS requiremenis
and traffic charvaeteristics for an [P flow using the RSV sig-
naling protocol [3]. Routers on the end-to-end pail ol the [P
(low use the information in the RSV message to perform
admission control and (o set up per-Mow state in the data path
in the router to ensure that the packets for this flow pet the
appropriate forwarding treatment, For the 1P voice serviee,
the RSVP message would need 1o be initiated by the PSTN
pateways; a call would be admitted only if the RSV message
successtully reserved resources at every intermediale uccess
and backbone 11 router between the two pateways.

The routing of the RSV sigualing messages follows the
path determined by the [1' layer routing protocol (.., OSELY,
[f capacity is not available on this path, the call is blocked,
even il available eapacity exisis on an alternate pally belween
the two enedpeints (i.e., the PSTN pateways). T'o address this
potential inetficicney, there hiave been several proposals to
use more sophisticated OoS-sensilive routing policies in which
the routing policy explores alternate paths after learing thai
the dircet path docs not have eapacity, These policics may be
viewed s analogous to STTYSDR-like routing policies in the
1P world. However, there is an important difference belween
these two elasses of policies due to the different topologies
vsed in the circvit-switched and [ networks.

Since the circuir-switched network topology s a eligue,
there are a very large number of alternate paths between
seoree and destination thal are two hops long. Therefore,
STH/ADR-like policies only explore the set of alternate palhs
that are two hops long. The ovder in which the set of allernate
paths is explored when trying to set up g call is determined
based on the maximum {currently} available capucily on cach
of these paths, or some other similar eriterion that evaluates
the likelihood of making a successlul reserviition on cach of
these alternate palls, However, [P networks typically have o
mare sparsely connected and freepuolar lopology. ‘Therefuce, it
is not adequale Lo only compare anong the set of available
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alternate palhs that are one hop longer than the
shortest path {in aet. there nany not be even a single
alternale path that is one hop longer than the short-
cst path}. When the set of allernate paths being eval-
ualed have different hap counlts, the arder n which
they are tricd can depend on both (he hop counls lor
these paths and (he likelihood of making a suecessul
reservation. bn this article we explore the perfor-
mance of two policies that represent the two cxiremes
in this space of options:

« Shortest Availuble 'ath Tirst (SAPY): The set of abter-
nate paths is explored in the order of hop count.

* Widest Available Path First (WAPIT): The sel of
alternate paths is cxplored in the order of maxi-
mum (cureently) available eapacity.

The integrated services model allows very efficicnt
use of netwark banlwidth since capacity on a physical
link is ticd up only when it is being vsed by an aclive
voice call. LHowever, the 1P integraled services framework has
not been deployed very widely. 'This is because of scalubility
problems resulling from the need (o implement per-flow sipnal-
ing and retain per-tow stale al every router on thie end-to-end
path of a flow, For example, it may not be feasible (o implement
per-How queaing and scheduling fov hundreds ol thousands of
active flows al a backbone rouler, More sealable capacity man-
agement models hiwve been proposed in which per-flow signaling
andd sehedoling is used in the necess network, but backbone
Toulers manage capacily on a more aggregaled basis |6, 7). An
cxample of such a model is one in which the vaice scrvice is pro-
vided with its own VPN over the 1P backbone network,

The VEN Modol for Capacity Management

[1*-based VINs typically attempt to comlate the service model
provided by private line or frame relay service: o customer
buys VELs {over the 1SF's network) to interconncel eustomer
routers. Lach VLI has a specific capacity associated with it
as long as the volume of traffic generated by ihe customer
does not excecd this cupacily, the scevice provider puarantecs
bounded packet loss and delay, This is ensured by provision-
ing adedquate bandwidth along the sct of physical links along
which ot VLI is routed.! Several mechanisms have been pro-
posed to allow this style of provisioning, for cxample, through
the usc of bandwidih brokers ar hop-by-hop signaling [5].
When a VPN s implemented aver a traditional 11 network,
the topology of the VPN ix a clique, since Lhere exists o for-
warding path and henee a logical link between every pair ol
customer odpe routers.

When the Vol service has its own dedicated VN, adimis-
sion control and routing can be done using fairly straightfor-
witrd extensions Lo the technigues deseribed in carlier, For
cxample, iFDPO routing s being used, a call is admitted only
when there is adequate capacity on the direct path (i.c., the
VLI between the ingress and egress PSTN pateways), Similar-
ly, when using one ol the alicrnate path routing algorithms,
such as 17T or SDR, « call is admitted when there is ade-
guate capacily on ¢ither the diceet path or any ol the alicrnate
two-hop paths, consisting of two V1.Ls intereounceting the
ingress and epress gatoways.

The VLL model requires the cusiomer te reguest adequate
capacily lo accommodate e worst-case (raflic requirements
For cach VL. While this is similar to the manner in which
capacity is provisioned in circuit-switched networks, it can be
wastelul if the traffic on every VI is bursty or time-varying,

T path along witich the packets belonging to o VI are routed is deter
arined by the IP-fgver ranting aleorithm feg., OSPE).
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Figure 1, which plots the count ol aclive culls between (wo
arca codes in the New York and Los Angeles metropuolitan
arcas on i minate-by-minute basis, illusirites that telephony
trallic is both bursly and Gme-varying. In fact, the use of aller-
nate path routing technigues such as STT or SDR can be
vicwed as a way to compensate [or Ualfic burstiness and
improve the cfficicney with which netwark capacity is utilized
by allowing V115 to share capacity on very small timeseales.

Another way of dealing with the burstiness ar unpre-
dictahility of the traflic on o VI i3 to do a grealer amoont of
tralfic apgregation betore the voice tralfic enters the 11° back-
bone, 1n other words, the number of V0LEs is reduced so that
cach VL1, carries & greater volume of traffic, therehy reducing
ithe burstiness ol the traffic on each VLL due 1o a law-ol-
[arge-numbers cifect. Below, we show that cven small redue-
tions in the member of PSTN pateways (c.g., by a Factor nf 4)
can result in significant improvements in performance,

Rosults

In this scetion we present experimental results that compare
the performance of the various capacily management and
routing policics deseribed above, Uhese results are ubtained
nsing call-level simulations, in which we model the arrival and
departure of vaice calls (flows) onto a simulated network con-
sisting of a sct o’ PETN gatcways intorconnected vin a back-
bone IT network. Hach voice call is assumed to generute data
al o constant rate and therelore require a fixed amount of
bandwidth For the duration of the call. To ensure that our
results arc realistic, we use configuraltion and usage data
derived from operational networks:

+ The arvival and departure processes for the voice calls are
simulated using traces derived rom the call detail record
databasc. This database has a record for every telephone
call ever placed on the earrier’s long distance network.
Liach record includes the ariginating, diaicd, and terminat-
ing iclephone number, us well as the origination time and
duration of the ¢all.2

‘The simutated backbone [1 network topology is derived from
an ISP network topology, This network comprises 12 core
routers and 42 links spanning the continental United States
{1z, 2). Tor the purpose of shortesl-path computations, il is
assumed that caclt of these links has the same weight, The
simulated aecess nelwork topology comprises a st of PSTN
pateways that are directly conmected 1o one of these 12 back-

-

2 The origination fime and duragion are captiored at the gromdarity of sev-
ands
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bone nodes, Tn mast of the simulations, we assume that

there are o total of 168 PSTN gateways, one for each of the

168 arca eodes in the United States and Canada.

The specitic results reported in this article simulate a 16-hr
interval using the set of all calls (approximately 30 million)
placed on the carrier’s fong distanee nelwork between midoight
and 4 pom. on Monday, May 17, 1999, For each of these calls,
we generate a call origination event aud a call departure event
in the simulation, al e time nstunds corresponding 1o the catl
arigination and eall departure tme recorded in the CDR,

When a call originaiion event occurs, we first identily the
originating and lerminating PSTN gateway [or the eall using the
first three digits (arca code) of the originating and terminating
numibers in the COR, Next, an admission control check is exe-
cutcd to verily whether the voice call can be admirted. The
mechanism used to performed admission control depends on
the capacity management and routing policy being simulateed,
Loy example, with the (VPN capaeity management, direct-path
reuting) policy, the origimating PS TN gateway checks whether it
has adequate capacity on the VLL connecting it Lo the termi-
nating PSTN gateway for the new call. 17 the admission control
Fails, the voice call is blocked. When a call departure event
oceurs, the capacity assigned 1o the call is freed on the VI or
the set of physical links over which the call is routed.

Lin our simulations we first compute the minimum cdge
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capacitics needed to ensure that there is no blocked eall and
all calls are routed using the direct path, To obtain this we
run a simulation, using the VPN eapacity management model
and the direct-path routing policy, for the topology shown in
Tig. 2. In this simulation run, the link capacities are set to he
infinitely targe so that no calls ave blocked, For this run, we
meayure

5,600
V; = Ill‘(ixi__aj’”[ pl {H

whore vy is the number of active calls on link 1 al time L (the
tick interval in our simulation is | s). Therefore, Fj represents
the maximum call volume on link i Tor this particutar simula-
tion. Clearly, if we were 1o sol the link capacity, C, equal to
Vi, noeall would ever be blocked, for this particular combina-
tion of call arrival process, capacily management model, and
routing policy,

To gain an understanding of the benefits of alternate path
reuling, ageregation, and so on, we cxamine the performance in
terms of blocked calls when we reduce the eapacity by 10-50
percent below these bascline capacitics. Although one can
study siluations where the capacily reduction is nonuniferm, in
our work we focas on the case when we have @ uniform redue-
tion on the capacity of cach edge (or VLY, by seiting the indi-
vidual link capacitics to be o+ C;, where 00 € o < 1.
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Fvaluation of Rouiing Policies with the VPN Model

Our first sct of experiments evaluates the efleet of the ronting
policy when using the VEN madel of capacily management, In
these simulations there are 168 PSTN galeways, so there are a
total of 168* 168 VI.Is. Fach VLL is rouled over a sct of inter-
mediate links eorresponding to the shortest path between cach
gateway pair. Figure 3 shows the perlormance of DIPO, SDR,
ST, and ASDR routing policics as measured by the call block-
ing probability as the aggregate network capacity is varied
belween 847,816 and 279,779 calls, In this experiment, the SDR,
STT, and ASDR policics did not make use of trunk reservation.

The results show that when the network eapacity is around
847,816 calls, all of the routing pelicies result in zero call
blocking. Ayg the neiwork capacity is reduced from R47,816 to
593,471, the call blocking prohability increases steadily with
the T3PO polivy, Mowever, the STT and S12R policies are able
to ensure vero blocking by routing an increasing fraction of
the calls over an alternate path. For cxample, when the net-
work capacity is 393,471 calls, SDR routes 6,24 perceni of the
calls over a two-hop path, while ST routes 9.43 pereent ol its
calls wver a two-hop path,

As Lhe nelwork capacity iy reduced Turther from 393,471
calls, the cal! blocking prababilily with the DPO policy contin-
ues to merease steadily. However, the call blocking probability
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obtained with the STT and SDI policies increases vory abrupl-
Ly from 0 to 1215 percent as the network capacily is reduced
from 593,471 (0 551,080 calls. ‘Uhe reason for this abrapt fallofT
is that by the Gme the network capacity is reduced to 351,080,
almost 50 percent of the admitted calls are routed on two-hop
paths. In this regime, every call traversing o two-hop path is
potentialiy precrptiog two calls (hat could have been support-
el over cach of these twa hops, This is a well-known behavior
in the circuit-switched world [ 1], and is typieally deall with
using trunk reservations ag described carlier.

The [fect of Trunk Reservations — To validale that our hypotli-
csis is correct, we reran the same shmuolations using (runk
reservation. The trunk rescrvation thieshold is set 1o 19 per-
cent, that is, at least 19 percent of a VL is always held in
veserve for direet craftic, The resulls are shown in Iig, 4. We
only show Lhe behavior in the eapacity vegion ihat is of inter-
est, that is, where the Dloeking probability is not zero but not
very high either.

The resuls show that the call bMocking probability drops
Mrom 12,15 to 0,45 pereent for a nelwork capacity of 551,080
calls when using SR A similar eliect is observed with both
the 8TT and ASDIR policies, This happens beeavse the trunk
reservalion policy drastically reduces the fraction of alternate
routed calls, Hven at a capacity of 508,689, the call hlocking is
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only around 2.5 percent. In conirast, DPO needs mueh more
capacily for the same level of blocking; for example, SDR+TR
yiclds a blocking probability of 6.89 percent with an aggregate
network eapacity of 466,298 calls, while for DPO the equiva-
lent numbers are 6.95 pereent and 551,080 calls, respectively,
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For smaller target blocking probabilitics, the advantage of the
alternate path routing policics is even more pronounced.

Sinee trunk reservation has such o dramaltic impact, an
important question is understanding whether adjusting the
threshold significantly affects the performance. Tigure 5 shows
the effcet of varying the trunk reservation threshold from 10
to 19 percent. The results suggest that a threshold of 10 per-
cent secems to result in the best performance in the network
capaeity region that corresponds to the “sweet spot” of the
SDR policy. At higher and tower loads, sctting the threshold
to 19 pereent results in the best performance, Tn ongoing
wark we are studying how Lo set the “optinal” value of the
trunk reservation threshold,

The Fifact of Gregter Troffic Aggregation — The next sct of
experiments evaluates whether SDR-like alternate routing
policics are usclul when there is a much greater level of traffie
aggregation, We aggregate the trallic from multiple area
codes onto the same VI, so there are 48 X 48 VLI 8 instead
of 168 x 168 VI L.

For this level of aggregation, we study the performance of
DPO and SR with three different trunk reservation parame-
ters. Figure 6 shows that at this preater level of apgrepgation,
the netwark capacity required tor near zero blocking is dia-
matically reduced. For example, even with DO, the catl
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blocking probability is only 0,63 pereent with a network capac-
iy of 486,010 calls. The table also illustrates that at these
greater levels of apgrepgation, the velative gain provided by
SR over NPO is much reduced, Figure 7 shows that these
trends get more pronounced as the degree of ageregation is
increased further with little difTevence in the performance of
the DDPO and SDR policies.

How Much Better Could the Best Routing Policy Do@ — Since
STT and SDR are both based oo heuristies, one interesting
question is how mucl matgia for improvement there is: wounld
it be possible, with an optimal routing policy, to reduce the
agpregate nelwork eapacity significancly, while providing the
same call blocking probability as S8R or STT? A simple way
to estimate this is by looking at the aggregate notwork utiliza-
tion. Figure 8 plots the appgregate network utilization averaged
every half hour, for the case when we use RPO and the apgre-
pate capacily in the network is 414,612, (Aggregate utilization
= tolut hop-sceonds of traffic carried over each half hour
period divided by T800*414,612) Uhe results show thal the
network is utilized up ta Y4 pereent at 3.00 p.nt Therelore,
there s litle margin for improvement beyond what 5171 and
SR are providing,.

Fvatuafion of Routing Policies with the Infegraled
Servicos Model

The next sel of simulations is Tor the integrated services
maodel. We siudy three routing policies: dircet routing on the
shortest path between ngress and cgress PSTN galeways
(SP1), as well as alternate puth routing bused on SAPY or
WAPE. Tn these simulations, SAPF and WAPT are always
uscd in conjunciion with trunk reservation. Figure 9 ilustrates
the performance of these three routing policies,

The most important ohservation is that all three policies
require oruch less network capacily for the same level of call
blocking probability than do the rouiing policies uscd with the
VPN model. For example, even SPE results in only (LO8 per-
cent blocking at a network capacity of 408,004 calls, This hap-
pens because the int-sery model allows much betler shacing of
the network capacity, resulting in much higher statistical mul-
tiplexing guin.

The sceond observation is that the advantage provided by
alternate path routing over SPI7 s relatively small. Less than
0.5 perceut of the traffic is altcrnate routed, We speculate
that the reason for this is that duc to the larpe amount of traf-
fic aggregation on cach of the links, all of the links ave operat-
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ing at close to 100 pereent utitization during the busy hours,
Yinally, tor this set of experiments, both the WAPT and SAPF
policies perform almost identically.

Figure 10 shows that the frunk reservation threshold does
not have a significant impact on the performance of the
WAPL and SAPL policics,

Conclusions

There has been substantial interest in the veeent past in
migrating telephony scrvice away from circuit-switched net-
warks onle an 1P-hased packet-switched nelwork infrastrue-
ture. Ome critical issue to be resolved in achieving this
wrigration is how to support the QoS requirements of a high-
quality telephony service over an [P network, In this article we
have proposed two models [or capacity management and rowt-
ing in an [P network that allows these requirements to be met
while making efficient vse of network capacity. We have used
simulations to cvaluate the performance of these capacily
management models.
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