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Abstract—The IP multimedia subsystem provides a platform
for group communication services using Session Initiation Proto-
col (SIP). SIP supports the services where participation of mul-
tiple users is involved. The centralized conferencing framework
limits the ability to have large number of participants because of
the overhead on the server. In this paper, an efficient solution for
enhancing the capability of the system to handle multiple requests
at a time is provided by presenting a queueing model for SIP
message aggregation at the edge-proxies. This queueing system is
analysed as a vacation queue with batch arrival and batch service
to describe the arrival and processing of bulk SIP messages.
The steady-state results for QoS-aware SIP signaling system are
obtained from the queueing model. Further these results are
verified using NS-2 simulation. In addition, the optimal value
of the timer and threshold values that dynamically controls the
SIP message queue associated with QoS constraints are obtained
using numerical optimization technique.

Keywords: IP multimedia subsystem, Next Generation Net-
works, session initiation protocol, multi-party conferencing,
vacation queueing, batch arrival and batch service, Markov
chain

I. INTRODUCTION

The deployment of IP multimedia subsystem (IMS) provides
a common multi-media service platform for IP-based net
generation networks. IMS uses SIP to support communica-
tion sessions with multiple participants [1]. Initially Internet
Engineering Task Force IETF) MMUSIC working group de-
veloped session initiation protocol (SIP) for large-scale multi-
media conferencing. Conference, which requires multi-party
sessions are one of the specialized services supported by IMS.
Multi-party sessions enable the conversational exchange of
multimedia content for a wide variety of applications such
as audio/ video conference, multi-player gaming, distance
learning etc. [2].

SIP supports both centralized and decentralized frameworks
of multi-party communication. A loosely coupled conference
model is a decentralized one which makes use of multi-
cast media groups. This decentralized model is well studied
in the past to overcome the limited scalability issue in the
centralized mode. The paper [3] proposed an architecture
based on policy based distributed management for large scale
enterprises. In [4], a solution is presented to support session
mobility options in the full mesh conference by extending
existing abstract protocol and maps them using SIP. Most of
the recent researches ([5], [6], [7]) are focused on enhancing

the capacity of conferencing using distributed model only.
However, the distributed framework also has some limitations
such as, it does not have full security and control over the
complete network due to unavailability of central server; it
increases signaling delay due to multiple functional entities
(FEs) introduced.

In ([8], [9]), SIP based centralized (tightly-coupled) confer-
encing is considered and various conferencing architectures
with their performance study are presented. In centralized
conferencing architecture, a single User Agent (UA) or focus
has a direct relation with each participant. Therefore, it shares
many problems when the number of participats in conference
increases. The centralized conferencing framework does not
suit for large scale conference service due to the incapability
of single server and the limited capacity of bandwidth.

In the literature mentioned above, either the decentralized
framework is discussed to handle the scalability issue in the
present conferencing framework or the centralized frameworks
are discussed without taking system overloading under consid-
eration. This motivates us to develop a SIP based centralized
conferencing framework which is capable of handling over-
loading in the system. The edge-proxy is modeled as batch
server which describes multiple requests aggregation at the
MAC layer for bulk arrivals. The analytical modeling of the
MAC layer is presented by many authors [10], [11]. The
results of the proposed model are compared with that of the
conservative form of SIP conferencing model in which all the
aforementioned improvements are not present.

The rest of this paper is organized as follows. In Section II,
the conference session establishment procedure is explained.
In Section III, the queueing model is developed for the edge-
proxy and the core-proxy of the SIP network. The performance
analysis of the proposed model is illustrated graphically in
Section IV. The simulation topology and the simulation results
with analytical results comparison are explained in Section V.
An optimization problem is modeled in Section VI. The paper
is finally concluded in Section VII.

II. MULTI-PARTY CONFERENCING ARCHITECTURE

In this section, a framework for conferencing in 3GPP IMS
is presented and an application scenario for SIP signaling mes-
sage aggregation is explained [1]. Conferencing is a fundamen-
tal component of enriching multimedia services by enabling
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group communication. Conferencing in IMS is defined in TS
124.147 standards [12]. The primary components involved in
establishing the SIP based conference sessions are the UE,
the central server known as focus or application server (AS)
and the SIP proxy servers (CSCFs) which includes edge-proxy
(P-CSCF) and core-proxy (I-CSCF and S-CSCF).

A. Application scenario

In Fig. 1, a basic call flow and the message aggregation for
creating a multi-party conference is presented.

The session establishment of a multi-party conference is
also described in the following steps: Multiple initiating U E's
try to establish a session for conference and send multiple
INVITE SIP messages simultaneously to the edge-proxy of
their home domain. Due to the multiple messages exchanged,
which are targeted to the same receiving P-CSCF, are ag-
gregated and formed a single INVITE request containing a
list of URIs of the target U E's. The edge-proxy at the target
home domain finally generates /INVITE messages to all
the target UEs. In response, multiple UFEs issue multiple
response messages e.g., 183(Session in Progress response).
As with INVITE messages, response messages are again
aggregated and forwarded as a single message to the initiating
edge-proxy server.

A packet can be blocked either at an edge-proxy or core-
proxy. The edge-proxy model is used to quantify the proba-
bility that a packet is blocked at an edge-buffer. In case of
multi-party conferencing, the requests arrive as a batch and
the destinations are in the group therefore the edge-proxy
modeled as bulk queue with an exhaustive service (E) with
multiple vacations (MV) can be used to provide efficient
packet aggregation. A signaling timing diagram for packet
aggregation and traversing from edge to core proxies is shown

in the Fig. 1.

III. EDGE-PROXY MODEL

We assume that the arrival of the SIP requests is in batches
according to a time-homogeneous Poisson process with mean
rate A. The batch size X is a random variable and P(X = i) =
pi,i = 1,2, X440, mean batch size E(X) and \; = Ap;.
At the edge-proxy at most B packets can be enqueued. A
burst is formed by time-contiguous train of n packets where
1 <n < Xhaz- A burst is formed at the edge-proxy as soon
as n packets are enqueued. The packets marked for a common
destination are aggregated into a single request and transmitted
as a single entity (i.e. a batch). The length of aggregated packet

transmission period is exponentially distributed with mean —.

If the queue length is less than the service capacity, the serv%r
does not wait until the number of requests reaches Y,qz,
but it takes min(i, queue length) customers for service. If
the server does not find any request in the queue, then the
system goes into the vacation phase. The time of vacation is
random and exponentially distributed with rate . If there are
at least IV, or more waiting requests in the system, vacation
is terminated and the server starts to serve them according to
the batch service rule as explained above.

A. Steady-state Analysis

The system is modeled as a MX /MY /1/B(E, MV') queue
and a steady state analysis of the proposed queueing model is
conducted ([13], [14]). At an arbitrary time, the state of the
system can be described by the following random variables:

e =1 5

Let Z(t) denote the number of customers at any time ¢.
The stationary distribution of the system is denoted by
™ = (7T0,077T1,0,"'7TB,0,7T0,1,7T1,1,"' ,7TB,1) where ;o =
limy 00 P(Z(t) = 5,£(t) = 0) and 71 = lim; oo P(Z(t) =
J,&(t)=1);7=0,1,---, B. The steady-state equations (Eqn
[1]-[2]) are constructed using state transition diagram shown
in Fig. 2. The normalizing condition is given by

B B
E 50 + E M1 = 1.
j=0 j=0

server is on vacation at any time t,
server is busy at any time t,

B. Core-proxy model

Packets destined for the same node are aggregated at the
edge-proxy. The aggregated packets are forwarded to the next
node (core-proxy or the central server). These intermediate
nodes do not wait for aggregation but simply process the
aggregated packets and forward them. Hence, the core-proxies
and the central server of the system are considered to be
as M/M/1 Markovian single server queueing system. The
performance measures of these special cases shall be derived
in the following section.
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Equations below stand for the probability that a node goes on vacation until it finds at least X, 4, number of customers present
in the system at a vacation completion instant.

Amo1 = (o4 -+ 720+ Ty,0.,0)
Th1 = DiM—11+ - +peAmo1k=1,2,--- ,N—1
A+0)Te1 = PIATE_1,0 + + PX oo Mh—Xpmaw, 05k = Ny -+, B = Xnaa
(PIA+ - F PXae— (k= (B=Xmae DA T O] = DIATL 1,0+ DX e M X a0 ,0i B = B — Xinae +1,--- ;B (2)

(B-Xmiax. 1)
A

= (Ymax 1) (Y 1.1)
.v" k 2

\ {ma;'\

C. Performance measures and Simulation model where 1 < X, < B + 1. In steady-state, the BU is
expressed as
Once the steady state probabilities are obtained, the packet
loss rate (PLR) and the bandwidth utilization (BU) can be

X7naz B
derived in terms of state probabilities. At anytime instant, if BU — 1 EMe(1 -
the available queue capacity is not sufficient for a new batch of Yaztt ; a i:BZleik( 0 v @
SIP requests, the request gets blocked. Each arriving bacth of
requests contains k packets, k = 1,2, -+, X},,4o. The PLR
of the model can be given as Thus, the average queue length becomes
1 anaz_l X7naz B
PLR=1 3 3 MNmsoiot7s-i). () Ly= Y. j(mo+m) (5)
i=0  k=i+1 J=(Ymae+1)



and using Little's law, the average waiting time of a request
in a queue is expressed as

Xmax B

W, =L,/ Z EAe(1 — Z (mi0 +mi1).  (6)
k=1

i=B+1—k

Where ZkX:ml‘” k(1 _EiB-rl—k (mi0+mi1)is tl)l\e effective
eff

. .. . ma;ﬂM
the stationary average waiting time W, can be decomposed

into the sum of two independent random variables, W, =
W + W, where W is the average waiting time of a classical
M*X /MY /1/B queueing system without vacation and W, is
the additional average waiting time due to the vacation [14].

mean arrival rate (Acss) to the system. For p = <1,

IV. PERFORMANCE ANALYSIS

To evaluate the performance of the system, various mea-
sures are presented for a combination of different input
parameters. First, the steady-state probabilities are calcu-
lated iteratively using successive over relaxation (SOR)
method. Further, analysis is made for a given set of in-

1
put parameters: A = 05to4, - = 0t020, o =

6, B = 100, maximum batch arrival size X,,.. = 10,
maximum batch service size Y4 = 5.

A. Analytical results

It is observed in Fig. 3(a) that as buffer size increases the
blocking probability decreases and asymptotically approaches
to zero. This is due the fact that the model behaves as an
infinite buffer queue. Fig. 3(b) shows that as mean vacation

time (—) is increased the blocking probability also increases
but becomes constant after certain point when queue length
reaches its maximum capacity. It is also seen that the blocking
probability increases with large variation for higher arrival
rates but small variation for lower arrival rates. Fig. 4(a) shows

1.
that as — increases the average queue length L, and mean

waiting time W, also increases. It is also seen that as we
increase the average arrival rate, the W, increases with large
variation. We have also realized the effect of average batch
size E[X] on various traffic load on the system. It is observed
in Fig. 4(b) that for larger values of p there is not much effect
of increasing average batch size E[X] but it has a significant
influence on L, for smaller values of p.

The total delay W, of a user request consist of two parts: the
first part W, is the time needed to serve the older batches
and the second W5 is the time needed starting at the end of
the first part, until the batch containing the request reaches
its limit i.e. X,,4,. It is observed from the Fig. 6(b) that we
have different optimum points for different vacation times. It
is because for larger vacation times, W, first decreases with
increase in p as W is less for lower arrival rates. But at certain
point when p reaches a value where W starts increasing, this
leads to increase in W,. For smaller vacation times W is
always decreasing which leads decreasing W,,.

—_— REGISTER A\
—_— INVITE
—_— RTP

—f802.11
(3.0.1)

uMTS
(0.0.2)

Multi-face
Node
(5.0.0)

Fig. 5: Simulation topology in NS2 for multiple UEs
connected to the IMS using SIP

TABLE I: Wired link parameters

Network Network entities Duplex/Simplex Link delay
type link BW
NodeB - RNC 622 Mbit/s 0.2 ms
Access RNC - NodeB 622 Mbit/s 0.2 ms
network RNC - SGSN 622 Mbit/s 0.4 ms
(UMTS) SGSN - GGSN 622 Mbit/s 10 ms
GGSN - P-CSCF 10 Mbit/s 15 ms
P-CSCF - I-CSCF 10 Mbit/s 10 ms
IMS core | I-CSCF - S-CSCF | 10 Mbit/s 10 ms
network P-CSCF - S-CSCF | 10 Mbit/s 10 ms
S-CSCF - AS 10 Mbit/s 10 ms

V. SIMULATION MODEL

We simulate the proposed multi-party conference in NS-
2 (Network Simulator, version 2) [15]. The simulator model
captures complete end-to-end SIP message exchange through
IMS core network to establish a session.

A. Simulation topology

This simulated scenario as shown in Fig. 5 describes a
certain number of clients simultaneously connected to the
home IMS domain through UMTS access network (AN). The
home IMS domain is designed to comprise one P-CSCE, I-
CSCF, S-CSCF and one conferencing AS. It is assumed that
there are 10 UEs initiating a session for conference service
simultaneously. Each UE sends a conference request to the
5 participants. It is assumed that all the participating clients
connect to the IMS domain through the same AN and the
same P-CSCF. Such assumption is made in order to ensure
and investigate the performance of the network entity under
maximum load condition.

The link bandwidth and the propagation delay configured as
shown in Table I. In the following section the simulated results
are compared with the analytical results.

B. Simulation results

A comparative study is performed between our proposed
model Fig. 6(a) and traditional model MX /M /1/B(E, MV)
queue without batch service Fig. 6(b). From both the figures
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we observed that the mean waiting time is less in case of batch
service model as compared to the model with only arrivals in
batches but single customer service at a time which is the
traditional model. From the above results we find that our
proposed model is better for delay sensitive applications. With
the bulk arrival and bulk service assumption the model works
better for higher arrival rates. It is also seen in the results,

when the mean vacation time (=) is increased to a certain

value (according to measurement 1/6 > 10sec), the mean
waiting time W, increases rapidly.

VI. OPTIMIZATION PROBLEM

When designing a SIP edge-proxy, operator needs to deter-
mine optimal values for vacation timer (%) and queue threshold
N to control the message queue for obtaining maximum band-
width utilization for a given QoS constraints. Under constant
load, a lesser § and higher NV implies higher W¢q, meaning
that timer value and threshold value are to be reduced to have
smaller delays in the network. The performance measures,
PLR, BU and Wgq are numerically analysed and traced
together to study theie joint behavior. From the Fig. 7 it is seen
that at some constant § as the traffic intensity p is increased
the BU also increases. The BU increases rapidly for higher
p, but also larger Wq and PLR values.

Accordingly, given queueing delay (CWq) and packet loss
rate (CPLR), the goal is to get optimal 1/6 and N values so
that the BU is maximized for various traffic loads. The objec-
tive function and the condition for the optimization problem is
as follows. Given A, u, CW¢q and CPLR, determine optimal
f and N so that

b B

o 1 mas

Maximize BU = Yoo Z kg (1 — _ Z (730 + mi1),
k=1 i=B+1-k

X7naz_1 X7naz‘
subject o + > > M(moio+7p-i1) < CPLE;
i=0 k=i+1
Xmam B
Lq/ Z k)\k(l - Z (ﬂ'@o + 7Ti71) S C'Wq;
k=1 i=B+1—k

VII. CONCLUSION

Networks, where multiple user participation is involved,
traffic arrives in bulk and corresponding servers get overloaded
causing very large session setup delay or even termination of
the new as well as ongoing sessions. In this paper, we present
a queueing model to study the system behavior in case of
bulk arrivals. In a multi-party conference, the setup time is
much longer than in a point-to-point application because of the
multiple UEs invited. The analytical results obtained from the
queueing model are verified with the results obtained from NS-
2 simulations. As a conclusion, we propose that bulk arrivals
are serviced in batches and if the server finds an empty system,
it goes on vacation. Further the analysis shows that the session
setup time is reduced and it gives us better performance when
compared to the system where customers are serviced one at
a time.
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