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Private Telecommunications Networks (PTNs), such as enterprise telephony and Voice over IP (VoIP),
have been widely deployed. A common limitation of PTNs is that PTN users are usually not assigned with
Public Switched Telephone Network (PSTN) E.164 numbers. A PTN user is usually identified by an exten-
sion number or a URI (universal resource identifier). When a PTN user initiates a call to a PSTN user, it is
not possible to use the PTN calling party’s identifier as the caller ID; instead, an E.164 number of the PBX
or VoIP gateway is used. As a result, the PSTN called party cannot use the caller ID received to call back to
the PTN calling party later, if the PTN user’s extension number or URI is unknown. This paper proposes a
callback table approach to solve this problem. We describe how the call-out information is stored into
and retrieved from a callback table maintained in the PBXs or VoIP gateways to provide callback service.
Numeric analysis has been performed to evaluate the performance of this callback solution. The numeric
results indicate that the callback method provides a satisfactory solution when there is sufficient voice
traffic served by a VoIP gateway.

� 2009 Elsevier B.V. All rights reserved.
1. Introduction

A Private Telecommunications Network (PTN) is a telecommu-
nications network that has its private numbering plan other than
the public E.164 numbering used in the PSTN (public switched
telephone network) [1]. Examples of PTN are enterprise telephone
systems and Voice over IP (VoIP) networks where users are not
assigned with E.164 numbers. Users of enterprise systems
are identified by extension numbers, while VoIP users are often
identified by URIs (universal resource identifiers), such as
sip:tom@nctu.edu.tw [4]. PTNs have been widely deployed in
companies and the Internet/Intranet. Since PTNs are extensions
of the PSTN, it is important to connect PTNs to the PSTN. Fig. 1
illustrates an abstract PTN architecture that interconnects to the
PSTN. The core component in this architecture is the Private
Branch Exchange (PBX) in a telephony-based PTN, or the VoIP
Gateway (VPG) in an Internet-based PTN. Example Internet-based
PTNs include H.323/SIP telephony networks [2–4], MGCP/MEGAC-
O-based networks [5,6], and Skype [7]. A phone call between a
VoIP user and a PSTN user consists of two connections: a VoIP
connection between the VoIP user and a VPG, and a PSTN connec-
tion between the VPG and the PSTN user. This type of calls will be
referred to as IP-PSTN calls. At present, a VoIP connection is free
of charge or much cheaper than a PSTN connection. The cost of a
ll rights reserved.
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PSTN connection depends on its distance. For example, an inter-
national/long-distance call costs more than a local one.

The concept of automatic callback service was presented more
than 30 years ago [8]. When user A calls user B and B is already
on the phone, and if A subscribes to automatic callback service,
the switching office will generate a call between A and B when B
finishes the conversation. The implementation of automatic call-
back service becomes easier and its usage becomes popular when
common channel signaling is introduced [9]. Moreover, the auto-
matic callback can also be initiated by the called party to automat-
ically call the calling party of the last incoming call when both
parties are available [10]. Callback service can also be implemented
on a user’s telephone device. The current PSTN uses common chan-
nel Signaling System No. 7 (SS7) for call setup, routing and control.
When setting up a call, the SS7 Initial Address Message (IAM) can
deliver the caller’s telephone number (i.e., the caller ID) to the
called party [11]. The caller ID can be automatically stored in the
called party’s telephone device (e.g., a mobile phone with an ad-
dress book). The called party can then call back without manually
dialing the caller’s telephone number.

A limitation of PTNs is that from the viewpoint of the PSTN, a
PTN user without an E.164 number does not have a caller ID. When
a PTN user initiates a call to a PSTN user, the PTN user’s identity
cannot be carried by the SS7 IAM. Instead, the PBX or VPG’s tele-
phone number is used as the caller ID. Consequently, the PSTN user
may not utilize the callback service to reach the PTN user later. This
limitation may cause frustration to a PSTN user called by a PTN
user, especially if the PSTN user is not available for the IP-PSTN call.

http://dx.doi.org/10.1016/j.comcom.2009.10.020
mailto:mfchang@csie.nctu.edu.tw
mailto:fslu@cht.com.tw  
mailto:yung88@cht.com.tw
http://www.sciencedirect.com/science/journal/01403664
http://www.elsevier.com/locate/comcom


PSTN
Switch

Fig. 1. Private Telecommunications Network architecture.
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Fig. 2. The PSTN is partitioned by VPGs.
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The PSTN user will not be able to call back based on the caller ID
received, because he or she does not even know who made the call
previously. When the PSTN user does call back using the caller ID
of the missed call, the user will be connected to the PBX/VPG,
but he or she is unable to reach the PTN user because the PTN
user’s name or number is unknown. Therefore, when a PBX/VPG
dials out for a PTN call origination, the caller ID is usually blocked
out, in order not to causing confusion to the called party. In this
case, unanswered calls cannot be returned and important calls
may be lost.

Another limitation of VoIP service is that most VoIP users, such
Skype users, are usually not assigned with E.164 numbers, or even
extension numbers. As a result, although it is easy for a Skype user
to initiate a call to a PSTN user, it is not possible for a PSTN user to
call a Skype user unless the Skype user subscribes SkypeIn service
to obtain an E.164 number.

If a PTN user does have a public E.164 number, one-stage dialing
is possible. A well-known example is the Direct Inward Dialing
(DID) service provided by PSTN operators. When a PSTN user
makes a call to a PTN user by dialing the PTN user’s DID number,
which is an E.164 number. The call will be routed to a designated
PBX or VPG along with a signaling indicating the DID number dia-
led. The signaling can be an ISUP IAM, or a Q.931 setup [12]. The
PBX or VPG retrieves the DID number dialed without picking up
the call, and forwards the call to the PTN user called. However, if
a PTN user has no public E.164 number, no one-stage dialing
scheme has ever been presented.

To resolve the above issues, this paper presents a mechanism to
allow a calling party outside a PTN to call back to a user within the
PTN without knowing the PTN user’s extension number or URI
through one-stage dialing. In our solution, after calling out to a
PSTN user, a PTN user, such as a Skype user without a SkypeIn
number, can be called back by the PSTN user.

Without loss of generality, in this paper we consider the
Internet-based PTNs only; the work can also be applied to the
enterprise telephony. This paper is organized as follows. The tradi-
tional IP-PSTN call flow is presented in Section 2. Section 3 de-
scribes the PTN callback mechanism. Section 4 evaluates the
performance of the callback design. Numeric results are discussed
in Section 5, and conclusions are given in Section 6.
2. The traditional PTN call process

To reduce the cost of serving an IP-PSTN call, a VoIP service pro-
vider may deploy a large number of VPGs, each of which is located
at a tariff zone of a local exchange carrier (LEC). Fig. 2 depicts an
example of three VPGs located at three different tariff zones of
Chunghwa Telecom (CHT), Taiwan. To minimize the cost of an
IP-PSTN call, the PSTN user should be connected to the VPG at
the same tariff zone, i.e. the shortest PSTN connection is chosen.
In this way, when setting up IP-PSTN calls, the PSTN is partitioned
into small tariff zones, each of which is served by a VPG at the tariff
zone. The number of leased lines needed at each VPG can be
determined by the voice traffic served by the VPG with the con-
straint that the call blocking probability at busy hours should be
kept below 1%. This is a common practice for telecommunication
operators.

Fig. 3 depicts the traditional call flow between a VoIP user and a
PSTN user. When a VoIP user attempts to make a call to a PSTN user
(this procedure will be referred to as VoIP call origination), the call
is first set up to the target VPG that is located at the same tariff
zone as the called PSTN user (Step 1) using VoIP signaling, such
as Session Initiation Protocol (SIP), H.323, or Media Gateway Con-
trol Protocol (MGCP/MEGACO). The VPG then chooses an available
leased line from the leased line pool (Step 2), and connects the call
to the PSTN switches (Step 3) using SS7 signaling messages.

VoIP users, such as Skype users, are usually not assigned with
E.164 numbers. If a VoIP user does not have an E.164 number,
the user cannot be reached directly from the PSTN. When a PSTN
user attempts to call a VoIP user (this procedure will be referred
to as VoIP call termination), the PSTN user first dials a telephone
number of the VPG (i.e., the number is one of the leased lines
owned by the VPG). Then, the PSTN switch serving the PSTN caller
sets up the call to the VPG using SS7 signaling (Step 4). After
receiving the call, the VPG requests the PSTN caller (e.g., through
an Interactive Voice Response (IVR) system) to input the extension
number of the called VoIP user (Steps 5–7). After the PSTN caller
inputs the extension number (e.g., through DTMF dialing [13]),
the VPG sets up the call to the called VoIP user through VoIP pro-
tocols (Step 8). In this VoIP call termination procedure, the VoIP
user is connected indirectly through two-stage dialing. The PSTN
user must first dial the number of the VPG, and then dials the
extension number of the called VoIP user. If a VoIP user is not as-
signed to an extension number, the user may not be reached from
the PSTN. For example, it is not possible for a PSTN user to call a
Skype user if the Skype user does not subscribe SkypeIn service
(i.e, is not assigned to an E.164 number), because the Skype user
is not assigned to an extension number.
3. The callback mechanism for PTNs

To enable PSTN users to call back to a VoIP user through one-
stage dialing, we design a callback mechanism by introducing a
callback table in the VPG. Fig. 4 illustrates an abstract VPG
architecture with a callback table. The callback table stores
callback tags. Each callback tag represents a record of a VoIP call
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Fig. 4. A VPG with a callback table.
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Fig. 3. The traditional call flow between a VoIP user and a PSTN user.
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origination. A callback tag consists of three fields: the VoIP caller’s
identifier (the user’s private phone number, SIP URI, or other ID
representation), the PSTN called party’s telephone number, and
the leased line used for the VoIP call origination. A callback tag is
created when a VoIP user calls a PSTN user for the first time.

Fig. 5 depicts how a VoIP call origination and a VoIP call termi-
nation work using our callback mechanism. When a VoIP user ini-
tiates a call to a PSTN user, the VPG uses the data pair (the VoIP
user identifier, the PSTN called party’s number) as the key to search
the callback table (Step 2). If there is a matched tag, meaning that
the VoIP user has called the PSTN user before, the leased line in the
matched record is used to set up the call (Step 3), i.e., the same
leased line used before is used again. If no matched tag is found,
i.e., the VoIP user calls the PSTN user for the first time, the VPG tries
to find a fresh leased line to set up the call, and inserts a callback
tag (the VoIP user identifier, the called party’s number, the leased
line selected) in the callback table. Note that a fresh leased line is a
line that has not been used by other VoIP users to call the same
PSTN user. Assume that the number of leased lines on the VPG is
L. If the PSTN user has been called by more than L different VoIP
users, no fresh leased line can be found. This problem will be re-
ferred to as the leased line collision problem. When this happens,
the call cannot be served by this VPG without deleting an old call-
back tag. In this situation, we route the call to a nearby VPG, and
the new VPG tries to connect the call in the same way. Since a
VPG at a different tariff zone is used, the call may be charged at
a higher rate.

Note that in Step 2 the leased line selected may be busy, and
thus the line cannot be used to call-out to the PSTN if analog signals
are used between the VPG and PSTN. In our design, we assume that
SS7 or Q.931 is used between the VPG and the PSTN. In this case,
there is no fixed binding between a circuit and a telephone number.
As a result, even when an ongoing VPG originating call is using a
certain caller ID, the caller ID can still be carried in another VPG
originating call request (IAM for SS7 or CONNECT for Q.931).

For a VoIP call termination, when the VPG receives a call from
the PSTN (Step 4 in Fig. 5), the VPG also receives the PSTN calling
party’s number and the called leased line number. The VPG uses
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1. Call setup to the VPG

VoIP user PSTN user
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Fig. 5. The call flow of our callback mechanism.
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the data pair (the PSTN calling party’s number, the leased line
called) as the key to search the callback table (Step 5). If a matched
callback tag is found, the VPG sets up the call to the VoIP user stored
in the tag (Step 6). If no matched callback tag is found, no VoIP user
has used the leased line to call this PSTN user, and thus no callback
service can be provided. The call can be routed to an IVR for further
assistance. In this way, a PSTN user can call back to a VoIP user by
one-stage dialing. Moreover, the call is charged as a local phone
call, since the VPG and the PSTN caller are located at the same tariff
zone. By contrast, when a PSTN user calls a SkypeIN number, the
call is often a long-distance or even an international call. However,
if an incoming call to the VPG from the PSTN blocks out its caller ID
delivery, our callback service cannot work. In this case, the call can
be routed to an IVR for further information.

The design of our callback mechanism originated from NAT
(Network Address Translation) [14]. The way how a callback table
works is very similar to that of a NAT mapping table. A callback tag
needs to be inserted in the callback table first, before a PSTN user
can call back a VoIP user through one-stage dialing. In addition, in a
VPG, many VoIP users can share a leased line number just as, in a
NAT gateway, many nodes with private IP addresses share a public
IP address.
4. The analytic model

As we have described, when a leased line collision occurs, the
incoming IP-PSTN call has to be re-routed to a nearby VPG. As a re-
sult, the call will be charged at a higher rate since the nearby VPG
and the PSTN user are not at the same tariff zone. If leased line col-
lisions occur often, the cost-saving of our callback service would be
less attractive to users. One way to deal with the leased line colli-
sion problem is to increase the number of leased lines of the VPG.
However, this would increase the operating cost of the VPG. The
number of leased lines of a VPG is usually determined by its serv-
ing voice traffic and a desired call blocking probability at busy
hours. A performance metric of our solution is the probability of
leased line collision on a VoIP call origination. We study this prob-
ability when the number of leased lines is determined in the afore-
mentioned way.
When setting up IP-PSTN calls, the PSTN is partitioned by the
VPGs. In our analysis, we consider a VPG and the PSTN users served
by the VPG. Let L denote the number of leased lines at the VPG, and
G denote the number of PSTN users served by the VPG. In addition,
let k denote the total number of VoIP users calling a specific PSTN
user; k is assumed to be normally distributed with mean K and
standard deviation r. The calls, originating and terminating, be-
tween a PSTN user and one of the PSTN user’s correspondent VoIP
users form a Poisson process with rate k at busy hours. The service
time of a voice call is assumed to be exponentially distributed with
mean 1/l seconds. Let PB denote the fraction of time that all leased
lines on the VPG are busy at busy hours, i.e., the probability that an
incoming call to the VPG is blocked. Using Erlang’s B formula in Eq.
(1), we can obtain PB , where Eb is the Erlang B value and can be ob-
tained from Eq. (2). To provide an acceptable call blocking proba-
bility (PB < 1%), L has to be large enough, and its value can be
determined from Eq. (1).

PB ¼
ðEbÞL=L!

PL
i¼0ðEbÞi=i!

ð1Þ

Eb ¼
ðKGkÞ=l

3600
ð2Þ

When a PSTN user has received calls from more than L different
VoIP users and receives a call from a new VoIP user, the VPG
encounters a leased line collision problem because all L leased lines
have been used. In this case, the call is re-routed to a nearby VPG.
Let Pr denote the probability that a call from a VoIP user to a PSTN
user encounters a leased line collision problem and needs to be re-
routed. We assume that the calls to a PSTN user are uniformly dis-
tributed among the user’s correspondent k VoIP users. As a result,
Pr equals to Eðk� L;8k > LÞ=K , and after corrected for continuity, it
can be expressed in Eq. (3).

Pr ¼
P1

i¼1i� prob k > Lþ i� 1
2

� �
� prob k P Lþ iþ 1

2

� �� �

K
ð3Þ

Since the VPGs are the required components to provide inter-
connection functions between VoIP users and the PSTN, the feasi-
bility of our callback mechanism depends on the storage and com-
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putation overhead on the VPGs needed to support the callback ser-
vice. For each PSTN user served by a VTG, the VTG keeps at most L
callback tags. The total number of callback tags is less than L � G,
and the size of the callback table is O(L � G). To serve a PTN call
origination, the VTG needs to search the callback table with key
pair (the VoIP user identifier, the PSTN called party’s number); to
serve a VoIP call termination, the VTG searches with key pair
(the PSTN calling party’s number, the leased line called). Therefore,
the callback table can be sorted according to the PSTN telephone
numbers of the callback tags. In this way, the search and the inser-
tion of a callback tag can be done in O(ln(L � G)). Given the cost of
memory and the computation power of processors at the present
time, the storage and computation overhead is easily manageable.
Fig. 7. The probabilities of leased line collisions when k = 0.012/h.

Fig. 8. The number of leased lines required on the VPG when K ¼ 100.
5. The numeric results

In general, G, the number of users in a PSTN tariff zone, can be as
large as millions. When G is large, the number of leased lines re-
quired on the VPG (L) is also large. As a result, the leased line col-
lision problems do not occur because L is larger than k. To study the
leased line collision problems, in our experiments G varies in the
range of 1000–16,000. For each PSTN user, the number of corre-
spondent VoIP users, k, is assumed to be normally distributed. It
is clear that as k increases the leased line collisions occurs more of-
ten. However, its mean value, K , is difficult to determine because
no such data have been collected. In our experiments, K varies in
the range of 50–300 and the standard deviation equals to 1

4 K . Con-
sidering the total number of different VoIP users calling the same
PSTN user, we believe an average value of 300 is large enough to
represent the worst case realistic situation. The mean service time
of a call (1/l) is assumed to be 60 s, and the arrival rate of voice
calls (k) between two correspondent VoIP and PSTN users varies
in the range of 0.005–0.025 calls/h at busy hours.

The number of leased lines required on a VPG can be deter-
mined from Eq. (1); L is chosen to be large enough so that PB 6

1%. Fig. 6 depicts the number of leased lines (L) required on the
VPG. The arrival rate of voice calls (k) is fixed at 0.012 calls/h, i.e.,
the expected number of IP-PSTN calls to and from a PSTN user is
0.6–3.6 calls/h ðKkÞ during busy hours. The results indicate that L
increases almost linearly as K and G increase, i.e., a larger K or a la-
ger G indeed needs more leased lines. Note that L equals to K when
G is in the range of 4000–5000. When the number of correspondent
VoIP users of a PSTN user (k) is less than L, the PSTN user’s corre-
spondent VoIP users experience no leased line collision. This sug-
gests that the leased line collisions are very common when G is
less than 4000.

Fig. 7 depicts the effects of K and G on Pr, the probability that a
VoIP originating call needs to be re-routed to a nearby VPG, i.e., the
call encounters a leased line collision problem. The arrival rate of
voice calls (k) is fixed at 0.012 calls/h. The results indicate that Pr
Fig. 6. The number of leased lines required on a VPG when k = 0.012/h.
increases as K increases, i.e., a larger K causes more leased line col-
lisions. However, the difference between the cases K ¼ 200 and
300 is very small. On the other hand, Pr decreases as G increase;
Pr drops nearly to 0% when G is larger than 7000. Since G, the num-
ber of PSTN user at a tariff zone, is in general much larger than
7000, we conclude that leased line collision problems seldom occur
if k is more than 0.012 calls/h.

However, at the initial stage after the VPGs are installed, the
users may call less often, i.e., the call arrival rates are small. There-
fore, we studied the effects of call arrival rates on Pr. Note that at
this stage, k tends to be small too, because the service is not pop-
ular yet. The average number of correspondent VoIP users of each
PSTN user, K , is assumed to be 100 to represent the average num-
ber of active contacts in one’s phone book. Figs. 8 and 9 depict our
experiment results. Fig. 8 depicts the number of leased lines, L, re-
quired on a VPG when K is fixed at 100. The results indicate that L
Fig. 9. The probabilities of leased line collisions when K ¼ 100.
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increases as k and G increase. Note that when the call arrival rate is
as low as 0.005 calls/h, G has to be as large as 11,000 so that L
equals to K , and thus Pr is expected to drop rapidly as G increases.
However, when k is high (e.g., 0.025 calls/h), the transition point is
when G equals to 2500.

The results in Fig. 9 indicate that when the call arrival rate is
low, we need more PSTN users to bring Pr down. For example,
when the call arrival rate is 0.005 calls/h, G has to be larger than
15,000 so that Pr is close to 0%. On the other hand, when k is
0.025 calls/h, the transition point is when G equals to 2500. The re-
sults confirm what we observed in Fig. 8. However, at the initial
stage after the VPGs are installed, we expect neither k nor G is
large. Therefore, the system has to be built-ahead with capacity
buffer for future expansion and for reducing the leased line colli-
sion problems.
6. Conclusions

Since PTN users are usually not assigned with E.164 numbers, it
is difficult to provide callback service to PTN users. This paper
investigates this limitation issue. Based on VoIP protocols and
PSTN signaling, we propose a callback table approach to resolve
this problem. We describe how the call-out information of PTN
users is stored into and retrieved from the callback table on VoIP
gateways or PBXs to provide callback service. PTN users can be
called back by the PSTN users through one-stage dialing. This is a
plug-in solution that does not affect the existing call setup message
flow or users’ dialing behavior.

An analytic model has been developed to evaluate the leased
line collision problem. The numeric results are consistent with real
world experience. The results indicate that our callback mecha-
nism provides an effective solution when the traffic served by a
VPG is above a threshold. In our design, when a leased line collision
occurs, the IP-PSTN call is re-routed to another VPG. However, the
VPG can also choose to serve the call by deleting an old callback tag
that is least recently used (LRU). The replacement strategies of call-
back tags may merit further study.
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