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Abstract—In this paper, we propose a universal mobile telecommunica-
tions system (UMTS) and a wireless LAN (WLAN) interworking solution
called WLAN-based general packet radio service (GPRS) support node
(WGSN), which allows a UMTS/WLAN dual mode mobile station (MS)
to access heterogeneous wireless services. To reduce the power consump-
tion of an MS, most WGSN applications are not activated at the MS, and
MS-terminated services, such as incoming voice over IP (VoIP) calls, are
not supported. To address this issue, a push mechanism called session ini-
tiation protocol (SIP)-based push center (SPC) was implemented in the
WGSN node. For an incoming call to an MS, the SPC utilizes the UMTS
short message service to activate the SIP User Agent of the MS. We study
the performance of the SPC. An analytic model is proposed to derive the
expected number of lost calls during the activation period. The analytic
results are validated against the simulation experiments. Our study quan-
titatively indicates how the SPC performance is affected by the activation
time and the timeout period, and we also suggest how to select appropriate
values of these two factors to optimize the SPC performance.

Index Terms—Session initiation protocol (SIP), short message service
(SMS), universal mobile telecommunications system (UMTS), wireless
LAN (WLAN).

1. INTRODUCTION

Integration of mobile systems and wireless LAN (WLAN) systems
has become an important trend in telecommunications [1]-[3]. In this
approach, users can access Internet services through mobile systems
[such as general packet radio service (GPRS) or universal mobile
telecommunications system (UMTS)] in the area located outside of
WLAN coverage, and otherwise through WLAN systems to obtain
higher bandwidth. In [4], we proposed an UMTS and WLAN inter-
working solution called WLAN-based GPRS support node (WGSN).
In the WGSN architecture, the UMTS network (1, Fig. 1) provides
3G packet switched (PS) services, and the WLAN (2, Fig. 1) provides
access to the Internet. To support mobile roaming between the UMTS
network and the WLANSs, a mobile station (MS; see 3 of Fig. 1) must
be a 3G-WLAN dual-mode terminal equipped with both a WLAN
network interface card (NIC) and a 3G module.

On the network side, a WGSN node acts as a gateway between the
packet data network (PDN) and the MSs. To support WGSN mobility
management based on the UMTS mechanism, the WGSN node com-
municates with the home location register (HLR), where the subscriber
data and the location information of the WLAN users are stored. In
addition, the UMTS SIM-based authentication is reused for WGSN.
The WGSN system has been deployed and interworked with the HLRs
in MOBITAI communications (a mobile operator in Taiwan).
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Fig. 1. WGSN Architecture (dashed lines: signaling; solid lines: data and
signaling).

To reduce the power consumption of an MS, most WGSN applica-
tions are not activated at the MS (i.e., the WLAN module is turned off)
until the user actually accesses them. This approach does not support
“always-on” or MS-terminated services, such as incoming voice over IP
(VoIP) calls [5]. To address this issue, a push mechanism called session
initiation protocol (SIP)-based push center (SPC) was implemented in
the WGSN node [4]. In this approach, the mobile short message service
(SMS) mechanism, which consumes much less power than the WLAN
modules, is always on. When a VoIP caller in the external PDN issues
a call request to a WGSN MS through SIP, the request is first sent to
the WGSN node [path (a) in Fig. 1]. The SPC checks if the SIP user
agent (UA) of the called MS is activated. If so, the request is directly
forwarded to the called MS [path (d) in Fig. 1]. Otherwise, the request
is suspended, and the SPC sends a GSM short message to the MS to
activate the corresponding SIP UA [path (b) in Fig. 1]. After the SIP UA
is activated, the MS informs the SPC [path (c) in Fig. 1], and the call
request from the caller is then delivered to the SIP UA following the
standard SIP call setup procedure. The implementation details of the
software modules and message flows for SPC can be found in [4]. In this
paper, we present accurate analytic models to study the performance of
SPC. This analytic model is validated against simulation experiments.

II. WGSN PUSH MECHANISM

Fig. 2 illustrates the timing diagram for the execution of SIP UA
activation procedure in the SPC mechanism. This procedure is initiated
by the first incoming call arriving at time 7¢ (1, Fig. 2). Suppose that
the SPC detects that the SIP UA of the destination MS is not activated.
This incoming call is suspended at the SPC. The SPC sends a GSM
short message to activate the destination MS (see b in Fig. 1) and sets
a timer 7'1 for this call. The incoming call waiting for setup is referred
to as the outstanding call. If the activation procedure is not complete
before T'1 expires, the call is dropped. In Fig. 2, the timer 7'1 for the
first outstanding call expires at time 7 (4, Fig. 2), and the SPC receives
the activation complete message from the called MS at time 74 (9,
Fig. 2), where 7 > 79. During SIP UA activation, new incoming calls
for the destination MS may arrive. If the outstanding call has not been
dropped when a new incoming call arrives, then this new incoming
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Fig. 2. Timing Diagram for SIP UA Activation (A dot “-.” represents dropping of an incoming call immediately after it arrives at the SPC).

call is dropped (2, 3, and 8 in Fig. 2). Otherwise, this incoming call
becomes the next outstanding call (see 5 and 7 in Fig. 2).

In this paper, we investigate the performance of the SIP push mecha-
nism, where the expected number of lost calls during SIP UA activation
is computed. The lost calls include the dropped outstanding calls due
to T'1 expiration (4, 6, in Fig. 2) and the incoming calls arriving when
an outstanding call exists (see 2, 3, and 8 in Fig. 2).

III. PERFORMANCE ANALYSIS

In this section, we present an analytic model to investigate the per-

formance of push mechanism. We make the following assumptions.

1) The incoming call arrivals are a Poisson process with rate \;
therefore, the inter-call arrival time ¢ is exponentially distributed
with the density function f;,(to) = Ae 0. InFig. 2,to = 71 —
T0-

2) The T'1 timeout period (denoted as ¢;) has the density function.
In Fig. 2, t; = 79 — To. We consider 7’1 with fixed interval 1/p.

3) The SIP UA activation time is denoted as to = 74 — 7. In this
section, we assume o to be exponentially distributed with the
mean 1/v, and the density function f;, (t2) = ve 2. We will
also consider Gamma distributed ¢, in the simulation model.

In our study, the output measure is the expected number E[N] of

the lost calls during the activation period.

Consider the following two cases.

Case 1) The first outstanding call is successfully set up, i.e., the
activation time ¢5 of SIP UA is shorter than 1/u.

Case 2) The first outstanding call is dropped, i.e., the activation time
to of SIP UA is longer than 1/u.

Let P; be the probability that Case ¢ occurs, and NV; be the expected

number of lost calls in Case ¢. P; can be expressed as

P, =Prlta < 1/p]=1- e (i)
and

Py=1-P = (). (1)
In Case 1, all incoming calls arrive during the SIP UA activation period
to are lost. Since the incoming calls are a Poisson stream, the expected
number of lost calls during ¢, is At5. Therefore

1/n
Pl'le/ /\t2><ft2(t2)dt2
t

2=0

_A <A> o (F) _ <A> o (3). @
Y Y H

In Case 2, the first outstanding call and all incoming calls during the
waiting time of the first outstanding call are dropped. That is, the ex-
pected number of lost calls before T'1 expiresis 1 + A/ . We further an-
alyze Case 2 by two subcases in terms of the next event after 7'1 expires.

Case 2-1) The next event after the 7'1 expiration is the completion
of SIP UA activation (i.e., t4 < t3 in Fig. 2). The expected
number of lost calls after the drop of first outstanding call
is 0.

The next event after the 7'1 expiration is an incoming call
request (i.e., t3 < t4 in Fig. 2), and this incoming call be-
comes the second outstanding call. From the residual life
theorem and the memoryless property of the Exponential
distribution, ¢35 has the same distribution as that for the in-
ter call arrival time to. That is, fi,(t) = fi,(t) = Ae ™.
Similarly, we have f;,(t) = fi,(t) = ye™". Since ¢3 and
t4 have the same distributions as those for ¢y and t,, re-
spectively, the situation seen by this outstanding call is the
same as that seen by the first outstanding call. Therefore,
the expected number of lost calls after the arrival of this new
outstanding call is E[N].

Letting P,_; denote the probability that Case 2 —¢ occurs, we have

Case 2-2)

A
NQZ <1+/,L> +(P2_1 ><O+P2_2><E[N])

_ A A E[N]
_(1+ﬂ)+A+7. 3
From (1)-(3)
V] = [A . (A) e A) em] +el®)
g v Iz
A AE[N]
X[(1+M>+>\+7] 4)
By rearranging (4), we have
Ay (1= xe(F)
gy — =) e )

- (@) e G

Equation (5) has been validated against the simulation experiments.
The simulation model is described in [6], and the details are omitted.
The simulation results show that the discrepancies between the analytic
model and simulation are small (less than 0.6% in all cases), and it
implies that the derivation of the analytic model is correct.

IV. NUMERICAL RESULTS

Based on the analytic and simulation models in the previous section,
we use numerical examples to investigate the SPC performance. Based
on (5), Fig. 3 plots E[N] against x4 and A. E[N] is an increasing
function of x and/or A.
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Fig. 3. Effects of ;1 and X on the expected number of lost calls. (a) Effect of
1. (b) Effect of A.

Fig. 3(a) indicates that good E[N] performance can be obtained
when T'1 is set as 4/+. Any timeout period longer than 4/~ has in-
significant improvement on the E[N] performance. Fig. 3(b) indicates
that F[N] is insignificantly affected by the incoming call arrival rate A
when A < 7/32. This result implies that to ensure good E[N] perfor-
mance, the SIP UA activation mechanism must be designed such that
the activation time is shorter than 0.03125 times of the inter-call arrival
time.

To extend the observations on the above examples, we use the dis-
crete event simulation model to investigate the SIP UA activation
performance with Gamma distributions. It has been shown that the
distribution of any positive random variable can be approximated by
a mixture of Gamma distributions (see [7, Lemma 3.9]). One may
also measure time periods in a real mobile network, and the mea-
sured data can be approximated by a Gamma distribution as the input
to our simulation model. It suffices to use the Gamma distribution
with different shape and scale parameters to represent different time
distributions.

Suppose that 7'1 has the Gamma distribution with mean 1/y and
variance V, . Fig. 4(a) shows the effect of V, on E[N], where A\ = /8.
The figure indicates that £/[N] is an increasing function of V,,. When V,
is very large, E[N] is approximate to the E[N] value where y — oo.
This phenomenon is explained as follows. When V,, increases, we
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Fig. 4. Effect of Variance V), and V., . (a) Effect of V' 1 (Gamma-distributed
T1; A = p/8). (b) Effect of V., (Gamma-distributed activation time; A = 0.2).

will see a significantly increasing number of short 7’1 periods and
insignificantly increasing number of long 7'1 periods, and the result is
similar to that when T'1 is set to a small value. On the other hand, when
V, is small, T'1 approaches to the fixed value 1/u. Therefore, E[N] is
approximate to that when 7'1 = 1/p. Fig. 4(a) also shows that E[N] is
insignificantly affected by V,, when V,, < 107! /pu? or V,, > 103/p2.

Consider the case when the activation time has the Gamma distri-

bution with mean 1/+ and variance V., and T'1 is of fixed length
1/p. Fig. 4(b) shows the effect of V, on E[N], where A = 0.27.
As V, increases, E[N] approaches to A\/y. When V, is small (e.g.,
V, < 1073/~?), the activation time approaches to a fixed length 1/~.
In this case, E[N] is insignificantly affected by V,, and is determined
by the activation time and 7'1. When V/, is small, the impact of the
activation time and T'1 on E[N] is described as follows.

1) When p < 7y (i.e., T'1 is very likely to be longer than the acti-
vation time), there is a high possibility that the first outstanding
call would be connected, and all incoming calls arriving during
the activation period are lost. Therefore, E[N] = A/~, which is
0.2, as is correctly shown in Fig. 4(b).



IEEE TRANSACTIONS ON VEHICULAR TECHNOLOGY, VOL. 55, NO. 1, JANUARY 2006 383

2) When i = 7 (i.e., T'1 is roughly the same as the activation time),
the first outstanding call has 50% probability to be dropped.
Therefore, E[N] = 0.5+ A/y = 0.7 in Fig. 4(b).

3) When i1 < y (i.e., T'1 is very likely to be shorter than the activa-
tion time), the first outstanding call is highly probably dropped,
and E[N] =1+ A/y = 1.2 in Fig. 4(b).

When ;1 < v, E[N] increases and then decrease as V,, increases.
This phenomenon is explained as follows: When V., increases, more
long and short activation times are observed. Long activation times
result in more lost calls, while short activation times cause fewer lost
calls. When V,, is small (e.g., V, < 107*/~? in the curve for p =
0.9), the impact of long activation times is more significant. Therefore,
E[N] increases as V,, increases. As V, becomes sufficiently large, the
increase of the number of short activation times is more significant than
that of long activation times. Hence, E[N] is dominated by the effect of
short activation times, and as V/, increases, F[N] decreases and finally
approaches A/~. For > ~, when V,, increases, the increase of the
short activation times is more significant than that of long activation
times. Therefore, E[N] is a decreasing function of V.

V. CONCLUSION

In this paper, we proposed an analytic model to investigate the
performance of SIP push center (SPC) [4]. In this mechanism, when a
caller sends an SIP request to an MS with its SIP UA is not activated,
the SPC sends a GSM short message to activate the SIP UA of the
called MS, and a timer 7'1 is set for this activation procedure. If 71
expires before the SIP UA is activated, the call is dropped. If a new
incoming call arrives before the outstanding call is complete or timed
out, the new incoming call is also dropped. In this paper, we focus on
measuring lost calls during SIP UA activation. Our study indicates that
T'1 significantly affects the SPC performance. To obtain good E[N]
performance, the fixed 7'1 period should be longer than four times of
that for SIP UA activation, and SIP UA activation should be completed
within 0.03125 times of the intercall arrival time. We note that most
callers would not await the call setup for a long time, and they would
abort calls before a long 7'1 expires. Therefore, it is suggested that a
call should be connected within 10 s; i.e. the SIP UA activation should
be completed within 10 s, or the SPC should send a message to notify
the caller that the call setup will take longer time and ask the caller to
be patient.

The SPC utilizes GSM short message service mechanism. Accord-
ing to [8], it takes 20 s to transmit a short message to an MS. This
transmission delay significantly contributes to the SIP UA activation
time and may not be acceptable. Therefore, we may further shorten the
SIP UA activation time by using a high-priority short messages service.
Short messages with high priority would be transmitted to the destina-
tion within e.g., 3-5 s. This improvement allows SIP UA activation to
be complete within an acceptable delay.
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Outage Probability for Maximal Ratio Combining of
Arbitrarily Correlated Faded Signals Corrupted by
Multiple Rayleigh Interferers

X. W. Cui, Q. T. Zhang, and Z. M. Feng

Abstract—Due to the functional complexity of its signal-to-interference
(SIR) ratio, the outage probability of maximal ratio combining is available
only for certain independent and identically distributed (i.i.d.) fading en-
vironments. In this paper, we partially relax this restriction by allowing
the signal channel-gain vector to follow a general fading distribution with
arbitrary spatial correlation. The problem is tackled in a novel framework.
The key step is to represent the probability density of the reciprocal of the
SIR, conditioned on the signal vector, as the higher order derivative of a
simple exponential function in signal power, whereby a generic formula
for outage probability can be determined. The application of the generic
formula to Rayleigh, Rician, and Nakagami faded signals is elaborated.
Numerical results are also presented for illustration.

Index Terms—Correlated Nakagami fading, correlated Rayleigh fad-
ing, correlated Rician fadaing, maximal ratio combining (MRC), outage
probability.

1. INTRODUCTION

Diversity reception with adaptive array processing is an effective
technique to combat multipath fading and cochannel interference,
which are two major sources of performance impairment in many cel-
lular mobile radio systems. The optimal combining (OC) maximizes
the signal-to-interference-noise ratio (SINR) at the combiner’s output,
thereby achieving the best performance in the presence of interference,
at the cost of the need to estimate the channel gain vectors for both
signal and interferers. Maximal ratio combining (MRC), on other hand,
is suboptimal but requires the channel gain vector only for the desired
user. Therefore, it is often a more feasible choice in practice.

Outage probability is an important performance measure for a wire-
less system to operate in a fading environment with cochannel inter-
ference. Outage performance of MRC in a multiuser environment has
been analyzed in the literature which mainly focuses on some special
cases. Though simpler in its structure, the outage analysis of MRC is
much more difficult than its OC counterpart. The difficulty arises from
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