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Modeling Prepaid Application Server of VoIP and
Messaging Services for UMTS

Sok-Ian Sou, Student Member, IEEE, Yi-Bing Lin, Fellow, IEEE, Quincy Wu, and Jeu-Yih Jeng

Abstract—Universal mobile-telecommunication system sup-
ports IP multimedia services through the IP multimedia core-
network subsystem (IMS). This paper proposes a prepaid
application server (PAS) to handle both the prepaid calls and
messaging services in the IMS. When both voice and messaging
are simultaneously offered, a potential problem is that the delivery
of a message during a call may result in force-termination of that
call due to credit depletion. To address this issue, we describe a
strategy to determine if a prepaid message can be sent out during
a call session. We propose an analytic model to investigate the
performance of this strategy. This paper provides guidelines to
select appropriate input parameters for the PAS.

Index Terms—Billing, diameter protocol, IP multimedia core-
network subsystem (IMS), session initiation protocol (SIP), VoIP.

I. INTRODUCTION

THE UNIVERSAL mobile-telecommunication system
(UMTS) [1], [2], [17] is one of the major standards for the

third-generation (3G) mobile telecommunications (details for
UMTS can be found in [16, Chs. 2, 6, 7, and 9]. In UMTS, the
IP multimedia core-network subsystem (IMS) provides mul-
timedia services by utilizing session initiation protocol (SIP)
[3], [19]. In this subsystem, the call-session control function
(CSCF) is basically an SIP server, which is responsible for call
control. Other nodes in the IMS include media gateway control
function (MGCF), media gateway (MGW), and transport sig-
naling gateway (T-SGW). These nodes are typically used in a
VoIP network and will be elaborated upon in the next section
(more details for the IMS can be found in [5], [11], and [16]).
With the growing demand for instant messaging services, the
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authors of RFC 3428 [12] propose an SIP extension, which is
the MESSAGE method that allows transfer of instant messages
over the Internet. With this extension, Internet services (such
as mail and instant messaging [18]) can be integrated with
Short Message Service (SMS)/Multimedia Messaging Service
(MMS) through the IMS. It is clear that billing is an essential
part of service provision. Billing mechanisms for messaging
(both SMS and MMS) and VoIP (particularly for the VoIP
calls toward the fixed-line telephones) are typically deployed
for postpaid services. On the contrary, the prepaid mechanisms
for combining these services have seldom been studied in the
literature. This paper proposes a prepaid application server
(PAS) that can simultaneously process SMS/MMS messages
and VoIP calls. This PAS supports VoIP calls toward the public
switched-telephone network (PSTN) and messaging service
toward UMTS. We show how the PAS can accommodate both
IMS-to-PSTN calls and instant messaging services through
SIP. Then, we propose an analytic model to investigate the
performance of the PAS.

II. PAS OF SIP-BASED SERVICES

SIP-based prepaid service over the Internet has been re-
cently investigated (e.g., [22] and [23]). However, SIP-based
prepaid service in the UMTS/IMS network has seldom been
studied. In 3G Partnership Project (3GPP) Release 6, the online-
charging system (OCS) is proposed to provide a real-time
convergent charging solution for next-generation services [6].
It also provides the protocol to support prepaid services (see the
Appendix). However, how to manage and control the allocated
credit for the SIP-based prepaid services is not mentioned in
the 3GPP specification. Therefore, a network entity is required
to provide these functionalities without modifying the existing
network entities such as the OCS and the CSCF. This section
proposes a PAS to manage credit allocation for both the prepaid
SIP calls and messaging services in the IMS.

Fig. 1 illustrates the PAS that interacts with several network
entities in the IMS network. In this figure, the CSCF [Fig. 1(a)]
utilizes SIP to provide control signaling for IP-based multi-
media services. The MGCF, MGW, and T-SGW [Fig. 1(b)]
interwork the IMS network with the PSTN. The user equipment
[UE; Fig. 1(c)] supports SIP-based VoIP call services and SIP-
based instant messaging services. The IP-Message Gateway
[Fig. 1(d)] interworks with the SIP-based messaging service
and SMS/MMS delivery [9]. The SMS-Interworking Mobile
Switching Center [SMS-IWMSC; Fig. 1(e)] sends/receives
SMS to/from the IP-Message Gateway using standard Mobile
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Fig. 1. IMS environment for SIP-based prepaid services.

Application Part signaling [10], while the MMS relay/server
[Fig. 1(f)] sends/receives MMS to/from the IP-Message Gate-
way via the MM1 interface. The PAS [Fig. 1(g)] interacts with
the OCS [Fig. 1(h)] to obtain the amount of prepaid user credits
and process the online-charging information. The PAS has the
capability to set up prepaid IP–PSTN calls through the MGCF,
MGW, and T-SGW. The PAS also supports prepaid SMS/MMS
services through interaction with the IP-Message Gateway.

The prepaid-call function in PAS works as follows. By
utilizing the B2BUA technique [23], the prepaid-call function is
inserted into an SIP connection session by breaking it into two
subsessions. In this way, the PAS can monitor and terminate
the call session when the user credit is depleted. To set up an
IMS-to-PSTN call, the signaling message is first routed from
the UE [Fig. 1(c)] to the CSCF [Fig. 1(a)]. The CSCF identifies
the charging type (i.e., prepaid or postpaid) of the service. For a
postpaid SIP request, the call is set up following standard IMS
procedures [16]. For a prepaid SIP request, the CSCF forwards
the request to the PAS [Fig. 1(g)] for further authorization and
call-session control.

A. Prepaid IMS-to-PSTN Call Setup and Termination

Consider the scenario where an IMS UE [UE1; Fig. 1(c)]
makes a VoIP call to a PSTN phone [Phone2 in Fig. 1(i)].
In this case, the PAS (i.e., the prepaid B2BUA) breaks the
SIP session between UE1 and the MGCF into one subsession
(Subsession 1) between UE1 and the PAS [Fig. 1(f)] and
another subsession (Subsession 2) between the PAS and the
MGCF [Fig. 1(b)]. When the PAS receives an SIP message,
such as INVITE/200 OK/ACK and BYE/200 OK, it sends
the Diameter Credit Control Request message with parameter
“INITIAL_REQUEST” or “TERMINATE_REQUEST” to the
OCS [7], [13] and terminates the prepaid call session when the
prepaid credit of the caller is depleted. The prepaid-call setup
and force-termination message flows are described as follows.

In Fig. 1, the SIP INVITE request from UE1 (a prepaid user)
is first routed to the PAS through the CSCF [path (1) → (2) →
(3) → (4)]. Then, the PAS interacts with the OCS to reserve
the subscriber’s credits [path (5)]. When the user’s authorized

time (i.e., the prepaid credits) is obtained, the PAS generates
a new INVITE message for Subsession 2 and then forwards
it to the MGCF through path (6). The MGCF instructs the
T-SGW to deliver the SS7 ISUP IAM message (the SS7 call-
setup message [15]) to Phone2 via path (7). When the called
party answers, the SS7 ISUP ANM message is sent to the
T-SGW through path (7). The MGCF sends a final response
200 OK to the PAS through path (6). Then, the PAS responds
SIP 200 OK to UE1 through path (4) → (3) → (2) → (1).
Finally, the PAS starts an authorized session timer with the
value (the available prepaid credit) obtained from the OCS.
UE1 then sends the ACK message (for Subsession 1) to the
PAS through path (1) → (2) → (8). The PAS sends the ACK
message (for Subsession 2) to the MGCF through path (6). At
this point, the MGW opens a real-time transport-protocol (RTP)
[21] connection so that UE1 can send/receive voice packets
to/from Phone2 through the MGW. The media path for the
prepaid call is (1) ↔ (2) ↔ (9) ↔ (10).

If the prepaid credit is exhausted (i.e., the authorized session
timer expires) before the conversation is complete, the call is
forced to terminate by the PAS. The authorized session timer
expires, and the PAS sends the BYE messages to both UE1
[path (8) → (2) → (1)] and Phone2 through the MGCF [path
(6)]. Specifically, the MGCF instructs the MGW to release the
RTP connection, and the subsequent voice packets delivered
between UE1 and Phone2 are not allowed to pass through
the MGW. The MGCF instructs the T-SGW to send the SS7
ISUP Release message to Phone2 via path (7). Finally, the PAS
triggers the OCS to debit the user account through path (5). The
prepaid message flow for prepaid messaging service is similar
to that for VoIP calls (details can be found in [22]).

III. MODELING THE PAS

The PAS for pure voice services or pure message services
can be easily implemented, as described in Section II. However,
when both voice and messaging are simultaneously offered, an
important issue must be resolved for the PAS. That is, during
a prepaid IMS-to-PSTN call, the user may attempt to send
messages. Deduction of prepaid credit for sending out this
message may result in insufficient credit left for the in-progress
prepaid call (note that a message can be a short text or a huge
multimedia data file, which can causes large deduction). In this
case, the IMS-to-PSTN call is forced to terminate. Therefore,
a strategy is required to determine if the prepaid message can
be sent out without causing force-termination of an ongoing
call. To avoid unnecessary force-termination (UFT), we set
a threshold amount XT of credit units (CU) to protect the
in-progress IMS-to-PSTN call (consider the timing diagram
in Fig. 2). A prepaid call arrives at t1 and completes at t3.
Without loss of generality, we assume that each time unit (TU)
of the call is charged for 1 CU. A prepaid authorized timer
for this call starts at t1 and expires at t4. That is, the amount
of the prepaid credit is t4 − t1. Upon receipt of the prepaid
message request at t2, where t1 < t2 < t3, the PAS estimates
if the remaining credit x∗ = t4 − t2 suffices to support both
the remaining call and the message service. Assume that the
prepaid message service is charged for a fixed amount of Tm
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Fig. 2. Timing diagram for prepaid services.

CUs. The strategy used in our PAS is described as follows:
1) If the remaining prepaid credit x∗ ≥ XT + Tm, the message
is sent immediately, and the amount of remaining prepaid
credits is reduced to x∗ − Tm, and 2) if not, the message is
stored and will be processed after the IMS-to-PSTN call is
completed.

If XT is set too large, the PAS may reserve too many pre-
paid CUs, and therefore, message deliveries are unnecessarily
delayed. If XT is set too small, the PAS may reserve too
few prepaid CUs for the remaining prepaid call and, therefore,
results in UFT calls. We present an analytic model to derive
the UFT probability PUFT and the expected unnecessary delay
E[td] with the following assumptions.

1) Let X be the amount of the initial prepaid credit.
2) The prepaid message arrivals are a Poisson stream with

rate λm. Let N(t) be the number of prepaid messages
occurring in period t. The probability mass function of
N(t) is

Pr [N(t) = n] =
[
(λmt)n

n!

]
e−λmt. (1)

3) Let τi be the interval between when the ith prepaid call
completes and when the i + 1th prepaid call starts (i >
0). In Fig. 2, τi = t1 − t0. We define τ0 as the interval
between when the prepaid account is first activated and
when the first prepaid call arrives. Let τi be exponentially
distributed with the mean 1/λc.

4) The prepaid-call holding time tc (in Fig. 2, tc = t3 − t1)
is exponentially distributed with the density function

fc(tc) = µe−µtc . (2)

A. Derivation for fx(x)

Consider the timing diagram in Fig. 2, where a prepaid call
arrives at t1, and the remaining credit left is x = t4 − t1. To
derive PUFT and E[td], we first derive the density function
fx(x) of x. Let Nc be the number of prepaid calls completed
during [0, t1]. Let Xc be the amount of CUs that are consumed
by the prepaid calls arriving before t1. Since we assume that
1 TU of the call is charged for 1 CU, the amount of the
consumed prepaid credit (i.e., the accumulated call holding
times) for these Nc prepaid calls is Xc. For Nc > 0, Xc has
the Erlang distribution with the mean Nc/µ and the shape

parameter Nc. The conditional probability mass function of Nc,
given that Xc = xc, can be expressed as

Pr[Nc = nc|Xc = xc] =

[
(µxc)

nc−1

(nc−1)!

]
µe−µxc

∑∞
i=1

[
(µxc)i−1

(i−1)!

]
µe−µxc

=
e−µxc(µxc)nc−1

(nc − 1)!
. (3)

Let Ti =
∑Nc

i=0 τi. Since τi has the exponential distribution
with the mean 1/λc, Ti has the Erlang distribution with the
mean (Nc + 1)/λc and the shape parameter Nc + 1. Therefore,
the density function fT (Ti) of Ti is

fT (Ti) =
[
λc(λcTi)Nc

Nc!

]
e−λcTi . (4)

Let Nm be the number of prepaid messages arriving before t1.
In other words, there are Nm prepaid messages occurring in
period Xc + Ti. Then, Nm is a Poisson random variable with
the mean λm(Xc + Ti). From (1), the probability mass function
of Nm can be expressed as

Pr[Nm = nm] = Pr [N(Xc + Ti) = nm]

=
[λm(Xc + Ti)]

nm

nm!
e−λm(Xc+Ti). (5)

Note that N(t) [see (1)] represents the number of prepaid
messages occurring in any arbitrary period t. Therefore, Nm =
N(Xc + Ti) [see (5)] represents the number of prepaid mes-
sages occurring before the prepaid call arriving at t1. From
(3)–(5), the conditional probability mass function of Nm, given
that Xc = xc, is derived as

Pr [Nm = nm|Xc = xc]

=
∞∑

nc=1

Pr[Nc = nc|Xc = xc]

×
∞∫

ti=0

Pr[Nm = nm|Xc = xc, Nc = nc, Ti = ti]fT (ti)dti
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=
∞∑

nc=1

e−µxc(µxc)nc−1

(nc − 1)!

×
∞∫

ti=0

{
[λm(xc + ti)]

nm e−λm(xc+ti)

nm!

}

×
[
(λcti)ncλce

−λcti

nc!

]
dti

=
[
λcλ

nm
m e−(µ+λm)xc

µ

] ∞∫
ti=0

e−(λc+λm)ti

nm∑
k=0

tki xnm−k−1
c

k!(nm − k)!

×
∞∑

nc=1

(µλcxcti)nc

(nc − 1)!nc!
dti

=
[
λcλm

nme−(µ+λm)xc

µ

] nm∑
k=0

∞∑
nc=1

[
(nc + k)!

(λc + λm)nc+k+1

]

×
[

xnm−k−1
c

k!(nm − k)!

]{
(µλcxc)nc

(nc − 1)!nc!

}

=
[
λcλm

nme−(µ+λm)xc

µ

] nm∑
k=0

[
xnm−k−1

c

(λc + λm)k+1k!(nm − k)!

]

×
∞∑

nc=1

(
µλcxc

λc + λm

)nc
[
(nc + k), . . . , (nc + 1)

(nc − 1)!

]
. (6)

Let Z = µλcxc/(λc + λm). Since (d/dZ)(Znc+k)(k) =
(nc + k), . . . , (nc + 1)Znc , then (6) can be rewritten as

Pr [Nm = nm|Xc = xc]

=
[
λcλ

nm
m e−(µ+λm)xc

µ

] nm∑
k=0

[
xnm−k−1

c

(λc + λm)k+1k!(nm − k)!

]

×
∞∑

nc=1

[
d

dZ

(Znc+k)(k)

(nc − 1)!

]

=
[
λcλ

nm
m e−(µ+λm)xc

µ

]

×
nm∑
k=0

[
xnm−k−1

c

(λc + λm)k+1k!(nm − k)!

]
d

dZ

(
Zk+1eZ

)(k)
.

(7)

According to the Leibniz’s rule for higher derivatives of prod-
ucts, we can expand (7) as

Pr[Nm = nm|Xc = xc]

=
[
λcλ

nm
m e−(µ+λm)xc

µ

] nm∑
k=0

[
xnm−k−1

c

(λc + λm)k+1k!(nm − k)!

]

×
k∑

l=0

(
k

l

)
d

dZ
(Zk+1)(l)

d

dZ
(eZ)(k−l)

=
(

λcλ
nm
m

µ

) nm∑
k=0

[
(k + 1!)

(λc + λm)k+1(nm − k)!

]

×
k∑

l=0




(
µλc

λc+λm

)k−l

l!(k−l)!(k − l + 1)!


e−(µ+λm− µλc

λc+λm
)xcxnm−l

c .

(8)

When Tm = 0, it is clear that Xc > 0 is uniformly distributed
over (0,X] with the density 1/X . When Tm > 0 and x > 0,
the number of prepaid messages that arrived before t1 is at most
	(X − Xc)/Tm
. From (8)

Pr[Nm = nm|Xc = xc, Tm > 0, x > 0]

=
1
X Pr[Nm = nm|Xc = xc]
Pr[X > Xc + NmTm > 0]

=
1
X Pr[Nm = nm|Xc = xc]

1
X

∫X

t=0

∑	X−t
Tm



n=0 Pr[Nm = n|Xc = t]dt

=
1
C

Pr[Nm = nm|Xc = xc] (9)

where C is expressed in (10). In Fig. 2, suppose that there are
Nm prepaid messages that are delivered before t1, and assume
that Xc = X − x − NmTm. When a prepaid call arrives at t1,
it is clear that the remaining prepaid credit left is x. Therefore

C =

X∫
t=0

	X−t
Tm


∑
n=0

Pr[Nm = n|Xc = t]dt

=
	 X

Tm

∑

n=0

X−nTm∫
t=0

Pr[Nm = n|Xc = t]dt

=
λc

µ

	 X
Tm


∑
n=0

λn
m

[
n∑

k=0

(k + 1)!
(λc + λm)k+1(n − k)!

]

×
k∑

l=0




(
µλc

λc+λm

)k−l

(n − l)!

l!(k − l)!(k − l + 1)!
(
µ + λm − µλc

λc+λm

)n−l+1




×


1 − e−(µ+λm− µλc

λc+λm
)(X−iTm)

×
n−i∑
j=0

[(
µ + λm − µλc

λc+λm

)
(X − nTm)

]j

j!


 (10)

and from (9), the density function fx(x) of x can be derived as

fx(x)dx =
	X−x

Tm

∑

nm=0

Pr[Nm = nm|Tm > 0,

Xc = X − x − nmTm, x > 0] (11)

where Pr[Nm = nm|Xc = xc, Tm > 0, x > 0] can be obtained
from (8)–(10).
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B. Derivations for PUFT and E[td]

Based on (11), we first derive the output measure PUFT

for XT = 0 (that is, a prepaid message is immediately served
if x∗ > Tm). In this case, a call is UFT if N(tc) > 	(x −
tc/Tm)
. Based on (1), (2), and (11), if Xc > 0, the UFT
probability PUFT can be derived as (12), where fx(x) is ex-
pressed in (11) as

PUFT =

X∫
x=0

x∫
tc=0

Pr
[
N(tc)>

⌊
x−tc
Tm

⌋]
fc(tc)fx(x)dtcdx

=

X∫
x=0

x∫
tc=0


1−

	 x−tc
Tm


∑
i=0

(λmtc)ie−λmtc

i!


µe−µtcdtcfx(x)dx

=1−
X∫

x=0

{
e−µx+µ

	 x
Tm


∑
i=0

{
1−e−(µ+λm)(x−iTm)

×
i∑

j=0

[(µ+λm)(x − iTm)]j

j!

}}

× fx(x)dx. (12)

The output measure E[td] for XT ≥ X is derived as follows.
A prepaid message that arrives during an in-progress call
must be stored and will be processed after the prepaid call
is completed. Since the prepaid message arrivals are random-
observation points of the prepaid-call holding interval [20], the
delay for the message can be considered as the residual life of
the prepaid call. Consider the situation in which a prepaid call
with the call holding time tc arrives at t1, where tc = t3 − t1 ≤
x − Tm. If a prepaid message arrives at t2 during interval
[t1, t3], the message is sent at t3 with the delay td = t3 − t2.
According to the residual life theorem [14] and for Xc > 0, the
expected unnecessary delay E[td] for the SMS delivery can be
expressed as

E[td] =
E[tc2|x > tc + Tm]
2E[tc|x > tc + Tm]

=

∫X

x=Tm

∫ x−Tm

tc=0 t2cfc(tc)fx(x)dtcdx∫X

x=Tm

∫ x−Tm

tc=0 tcfc(tc)fx(x)dtcdx

=
X − Tm − ∫X

x=Tm
e−µx

[
1 + µx + (µx)2

2

]
fx(x)dx

µ[X − Tm − ∫X

x=Tm
e−µx(1 + µx)fx(x)dx]

(13)

where fx(x) is expressed in (11).
We also developed a simulation model for the PAS. The

simulation experiments are validated against the analytic model
developed in this section. Based on (12) and (13), Table I lists
the analytic and the simulation results for the UFT probability
PUFT and the expected unnecessary delay E[td]. Table I indi-
cates that, for all cases considered in this paper, the errors are
within 0.6%. Therefore, the analytic and the simulation results
are consistent.

TABLE I
COMPARISON OF THE ANALYTIC AND SIMULATION RESULTS FOR

Xc > 0 (Tm = 5 CU, X = 20 Tm, 1/λc = 50 TU).
(a) PUFT(XT = 0, E[tc] = 1

5λc
). (b) E[td](XT ≥ X, λm = λc)

Fig. 3. (a) Effect on PUFT. (b) Effect on E[td]. Effects of E[tc] on PUFT

and E[td] (X = 50E[tc] and λm = 5λc).

IV. NUMERICAL EXAMPLES

This section uses the simulation experiments to investigate
the performance of the PAS. The input parameter threshold
XT and the output measure E[td] are normalized by the mean
of the call holding time E[tc] = 1/µ. For the purposes of
demonstration, we assume that the prepaid message service is
charged for Tm = 5 CUs and the expected intercall arrival time
1/λc = 50 TUs.

1) Effects of the expected call holding time E[tc]. Fig. 3
plots PUFT and E[td] against the threshold XT and E[tc],
where X = 50E[tc], and λm = 5λc. This figure shows
that E[tc] has insignificantly effects on PUFT and E[td]
when the proportion of X and E[tc] is fixed.

In the remainder of this section, the expected intermes-
sage arrival time 1/λm and the initial prepaid credit X
are normalized by E[tc] = 4Tm.

2) Effects of the variance Vc of the call holding time tc.
Fig. 4 plots PUFT and E[td] against XT and the variance
Vc of the call holding time tc with Gamma distribution,
where X = 25E[tc], and 1/λm = 0.5E[tc]. This figure
shows that both PUFT and E[td] increase as Vc increases.
This phenomenon is explained as follows: As the vari-
ance Vc of tc increases, more long and short tc periods
are observed. The prepaid message (i.e., the random
observer) is more likely to fall in the long tc periods
than the short tc periods, and larger residual call holding
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Fig. 4. (a) Effect on PUFT. (b) Effect on E[td]. Effects on Vc on PUFT and
E[td] (X = 25E[tc] and 1/λm = 0.5E[tc]).

Fig. 5. (a) Effect on PUFT. (b) Effect on E[td]. Effects on 1/λm on PUFT

and E[td] (X = 25E[tc]).

times td are expected for larger variance Vc. Therefore,
the performance of both PUFT and E[td] degrade as Vc

increases.
3) Effects of the expected intermessage arrival time 1/λm.

Fig. 5 plots PUFT and E[td] against XT and λm, where
X = 25E[tc]. Fig. 5(a) shows that PUFT increases as λm

increases. When λm increases, more message deliveries
are likely to occur during an in-progress call. Therefore,
the UFT probability PUFT increases. For XT = 2E[tc],
when 1/λm decreases from 50 E[tc] to 5 E[tc] and
from 5E[tc] to 0.5E[tc], PUFT increases by 9.13 and
9.01 times, respectively. This effect becomes insignif-
icant when XT is large (e.g., XT ≥ 6E[tc]). PUFT is
not significantly affected by λm when 1/λm > 10E[tc].
Fig. 5(b) shows that E[td] is insignificantly affected by
λm. This phenomenon can be explained as follows. Since
the prepaid messages are random-observation points of
the prepaid-call holding interval, the delivery delays are
not significantly affected by the message arrival rate λm.

4) Effects of the initial prepaid credit X . Fig. 6 plots PUFT

and E[td] against XT and X , where 1/λm = 0.5E[tc].
This figure shows that both PUFT and E[td] decrease as
X increases. When the initial prepaid credit X increases,

Fig. 6. (a) Effect on PUFT. (b) Effect on E[td]. Effects of X on PUFT and
E[td] (1/λm = 0.5E[tc]).

there are more CUs left for a prepaid call, and it is more
likely that there are enough CUs for both the remaining
call and the message (i.e., the amount of the prepaid
credits left is larger than XT + Tm ≥ tc + Tm). There-
fore, the performance of both PUFT and E[td] improve
as X increases. For XT = 3E[tc], when X increases
from 20 E[tc] to 50 E[tc], PUFT decreases by 58.64%,
and E[td] decreases by 36.71%. When X increases from
50 E[tc] to 100 E[tc], PUFT decreases by 49.96%, and
E[td] decreases by 50.87%. When X > 150E[tc] (i.e.,
the initial prepaid credit can support more than 150 voice
calls), increasing X only has an insignificant impact on
PUFT and E[td].

5) Effects of the threshold XT . From Figs. 3–6, when XT is
small, increasing XT reduces PUFT significantly. When
XT ≥ 5E[tc], the effects of XT on PUFT become in-
significant. On the other hand, increasing XT always
increases E[td]. Therefore, in these scenarios, it is appro-
priate to choose XT = 5E[tc] in the PAS.

V. CONCLUSION

This paper proposed an SIP-based PAS to handle both the
prepaid IMS-to-PSTN calls and messaging services in UMTS.
When both voice and messaging are simultaneously offered, a
strategy is required to determine if a prepaid message can be
sent out during an in-progress call without force-terminating
this call. To avoid UFT, a threshold amount XT of prepaid
credit is set to protect the in-progress IMS-to-PSTN call. This
paper provided guidelines to select an appropriate XT . The
output measures are the UFT probability PUFT and the ex-
pected unnecessary delay E[td]. We investigated how these two
output measures are affected by input parameters, including the
expected call holding time E[tc], the variance Vc of the call
holding time, the message arrivals rate λm, XT , and the initial
prepaid credit X . We make the following observations.

1) When the proportion of X and E[tc] is fixed, PUFT and
E[td] are not affected by the change of E[tc].

2) The performance of both PUFT and E[td] degrade as Vc

increases.
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Fig. 7. OCS architecture.

3) PUFT increases as λm increases. This effect becomes
insignificant when XT is large (e.g., XT ≥ 6E[tc] in our
examples). On the other hand, E[td] is insignificantly
affected by λm.

4) Both PUFT and E[td] decrease as X increases.
5) When XT is small, increasing XT reduces PUFT sig-

nificantly. When XT is large (e.g. XT > 5E[tc] in our
examples), increasing XT only has insignificant impact
on PUFT. On the other hand, increasing XT always
increases E[td].

Based on the above discussion, the network operator can select
the appropriate XT values for various traffic conditions based
on our study.

APPENDIX

ONLINE-CHARGING SYSTEM (OCS)

This Appendix provides details of the OCS shown in
Fig. 1(h). Fig. 7 shows the architecture of the OCS defined
in 3GPP TS 32.296 [6]. Online charging for Global System
for Mobile Communications and General Packet Radio Service
(GPRS) is performed by using CAMEL [see Fig. 7(a)] [4].
Online charging for the IMS services is performed by using
the DCC protocol [see Fig. 7(b)] [8]. In Fig. 7, the OCS
consists of two charging functions: the session-based charg-
ing function [SBCF; Fig. 7(c)] and the event-based charging
function [EBCF; Fig. 7(d)]. The SBCF is responsible for online
charging of network bearer and user sessions, such as voice
calls, GPRS packet data protocol contexts, and IMS sessions.
The EBCF performs event-based online charging (also referred
to as “content charging”) for the IMS network elements [e.g.,
the CSCF, which sends through the IMS GW, AS, and MRFC
in Fig. 7(b)].

In the OCS, the account-balance-management function
[ABMF; Fig. 7(e)] keeps a user’s balance and other account
data. When the prepaid user’s credit depletes, the ABMF con-
nects the recharge server [Fig. 7(f)] to trigger the recharge-

account function. The charging functions (i.e., the SBCF and
EBCF) interact through the rating function [Fig. 7(h)] to de-
termine the price of the requested service. The rating function
handles a wide variety of rateable instances, such as data vol-
ume, session connection time, and event service (e.g., for web-
content charging). The charging functions interact through the
ABMF to query and update the user’s account. The charging-
data records generated by the charging functions are transferred
to the charging gateway function [CGF; Fig. 7(g)] immediately.
The CGF acts as a gateway between the 3GPP network and the
billing system [Fig. 7(i)].
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