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(54) Method, apparatus and computer program for merging telephony services over circuit 
switched network and packet switched data network

(57) A method to merge telephony services over a
circuit switched network (3) and a packet switched data
network (4), in a mobile phone terminal, comprises the
steps of:
- receiving communication events arriving via a circuit
switched network (3),
- receiving communication events arriving via a packet
switched data network (4),

- storing communication events into a shared memory,
- and analyzing communication events arriving via the
circuit switched network (3) and communication events
arriving the via the packet switched data network (4), and
then routing each communication event to a voice appli-
cation, either directly or via said means for storing, in
order to store it temporarily, so that all the events con-
cerning a same call are synchronized when they are re-
ceived by said voice application.
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Description

BACKGROUND OF THE INVENTION

Field of the invention

[0001] The present invention generally relates to a
method and a mobile phone terminal enabling to merge
telephony services over heterogeneous networks, i. e. a
circuit switched network and a packet switched data net-
work. It concerns all the mobile terminals that can be
used for telephony, that is to say: phone handsets, smart
phones, and personal computers comprising a telephony
interface.

Description of the prior art

[0002] In an enterprise, a unified communication serv-
er provides sophisticated voice services to employees of
this enterprise, such as unified directories research, com-
munication logs, instant messaging, telephonic and in-
stant messaging presence, and voice services such as
call hold, back and forth, conference, call forward, access
to central directory, dial by name, call log, voice mail, ...
These services are fully available for fixed telephone ter-
minals, but are only partially available for mobile phone
terminals when these mobile terminals are outside the
premises of the enterprise.
In particular, a unified communication server offers some
basic services to the classical GSM handsets, such as
conference, call forwarding, business voice mail consult-
ing, dual call, business forwarding activation and deac-
tivation, etc. These basic services are activated through
DTMF codes sent over the GSM circuit switched network.
DTMF codes respectively represent the actions of a user
on the twelve dial keys of a phone. These codes can
transmit twelve symbols only, and they cannot be used
for backwards transmission of data, from the server to
the terminals, because the mobile phone terminals gen-
erally do not comprise DTMF decoders.
It is desirable to extend these services, by adding more
sophisticated services such as: business directory con-
sulting, business call log consulting, dial by name, instant
messaging, telephony presence, etc, that a unified com-
munication classically offers to fixed terminals. These so-
phisticated services cannot be activated through Dual
Tone Multi Frequency (DTMF) codes sent over the GSM
circuit switched, because they need more signaling data
and a bidirectional transmission. They are implemented
by a signaling data transmission via a mobile packet
switched data network, such as a 3G network (GPRS,
UMTS, HSDPA, ...) or high data rate wireless local area
network (WiFi, WiMAX, ...), or a newer packet switched
network.
[0003] Current voice application solutions for mobile
handsets are deployed either in a public land mobile cir-
cuit switched network (with basic services only) or in a
public land packet switched data network (with sophisti-

cated services in addition to the basic services), but never
in both type of networks at the same time. That is to say
that signaling is either carried over a circuit switched net-
work (GSM for instance) or over a packet switched data
network (GPRS, UMTS, HSDPA, ...) but is never carried
on both networks.
It is desirable to alternately use both types of networks
to offer, to the end users, sophisticated telephony serv-
ices whenever it is possible, and to offer only basic serv-
ices, as a backup solution, when it is not possible to offer
the sophisticated services (No network coverage).
A service could generate signaling data on a circuit
switched network and on a packet data network, at the
same time. However, in such a case, both signaling types
should be handled, though they are sent asynchronously.
For instance, when setting up a call, the voice application
should wait for the circuit switched call signaling, to con-
sider that a voice link is really active. On the other hand,
packet data network signaling may be lost, depending
on the network coverage. So it would be necessary to
synchronize signaling data coming from both types of
networks when a service is activated, and to provide a
backup mode when only one or several circuit switched
networks are available.
Thus, there is a need to provide a technical solution to
synchronize signaling data coming from both types of
networks when a service is activated. The 3GPP com-
munity has developed a solution supported by the Inter-
net Multimedia Subsystem (IMS). However this solution
has two drawbacks: The IMS is not widely deployed to-
day, and it will not be deployed in the enterprises because
it would be too expensive.
[0004] The aim of the present invention is to solve this
synchronization problem by simple means.

SUMMARY OF THE INVENTION

[0005] A first object of the invention is a method to
merge telephony services over a circuit switched network
and a packet switched data network, in a mobile phone
terminal, characterized in that it comprises the steps of:

- receiving communication events arriving via a circuit
switched network,

- receiving communication events arriving via a pack-
et switched data network,

- storing communication events into a shared memo-
ry,

- and analyzing communication events arriving via the
circuit switched network and communication events
arriving the via the packet switched data network,
and then routing each communication event to a
voice application, either directly or via said means
for storing, in order to store it temporarily, so that all
the events concerning a same call are synchronized
when they are received by said voice application.

[0006] A second object of the invention is a mobile
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phone terminal enabling to merge telephony services
over a circuit switched network and a packet switched
data network, characterized in that it comprises:

- means for receiving communication events arriving
via a circuit switched network,

- means for receiving communication events arriving
via a packet switched data network,

- means for storing communication events into a
shared memory,

- and means for analyzing communication events ar-
riving via the circuit switched network and commu-
nication events arriving the via the packet switched
data network, and then routing each communication
event to a voice application, either directly or via said
means for storing, in order to store it temporarily, so
that all the events concerning a same call are syn-
chronized when they are received by said voice ap-
plication.

[0007] This terminal can generate and handle signal-
ing data on a circuit switched network and on a packet
switched data network, at the same time, because the
means for storing communication events into a shared
memory enable to handle separately both kinds of sign-
aling data and then to synchronize them.
With such a phone terminal, a packet switched data net-
work and a circuit switched network are used only for
supporting the signaling data transmission because the
terminal is based on the client-server model. So a clas-
sical packet data switched network and a classical circuit
switched network can be used without modification. In
addition, the communication server does not need any
modification.
[0008] Other features and advantages of the present
invention will become more apparent from the following
detailed description of embodiments of the present in-
vention, when taken in conjunction with the accompany-
ing drawings.

BRIEF DESCRIPTION OF THE DRAWINGS

[0009] In order to illustrate in detail features and ad-
vantages of embodiments of the present invention, the
following description will be with reference to the accom-
panying drawings. If possible, like or similar reference
numerals designate the same or similar components
throughout the figures thereof and description, in which:

- Figure 1 represents an embodiment of the phone
terminal according to the invention, while it is trans-
mitting and receiving signaling data on a circuit
switched network and on a packet switched data net-
work, at the same time.

- Figure 2 functionally represents one embodiment of
the phone terminal according to the invention.

- Figure 3 shows a signaling flow for an example in
which a mobile phone terminal according to the in-

vention establishes a phone call .
- Figure 4 shows a signaling flow for an example in

which this mobile phone terminal receives a second
phone call during this first call.

- Figure 5 shows a signaling flow for an example in
which this mobile phone terminal switches back from
the second phone call to the first call, and wherein
the coverage by a packet switched data network has
disappeared.

DETAILED DESCRIPTION OF THE PREFERRED EM-
BODIMENTS

[0010]

Figure 1 represents an embodiment 1 of the phone
terminal according to the invention, while it is trans-
mitting and receiving signaling data on a circuit
switched network 3 and on a packet switched data
network 4, at the same time. This terminal is con-
nected to a base station 2 that belongs to the circuit
switched network 3 and to the packet switched data
network 4. In an alternative of this embodiment, the
connection to the packet switched data network and
circuit switched network can be realized through two
separate base stations. This terminal 1 is exchang-
ing, with an enterprise unified communication server
7, communication events 6 on the circuit switched
network 3 for basic services and other communica-
tion events 5 on the packet switched data network 4
for sophisticated services, at the same time.
The server 7 is a classical unified communication
server.

Figure 2 functionally represents one embodiment of
the phone terminal according to the invention. It com-
prises:

- a software module 21 for a voice application,
including a signal processor 22;

- a software module 23 for storing, into a shared
first-in-first-out memory, communication events
arriving via the circuit switched network 3 and
communication events arriving via the packet
switched data network 4, in order to synchronize
these events;

- a software module 24 for receiving communica-
tion events arriving via the circuit switched net-
work 3 and a software module 25 for receiving
communication events arriving via the packet
switched data network 4;

- a software module 26 constituting a radio inter-
face for a packet switched network (GPRS, or
EDGE, or HSDPA, for instance) network, and a
software module 27 constituting a radio inter-
face for a circuit switched network (GSM for in-
stance).
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On one hand, sophisticated voice services such as
conference, back and forth, transfer, etc, are trig-
gered through web services transmitted over the
packet switched data network 4. All communication
events related to the communication state are also
transmitted towards the mobile terminal over the
packet switched data network 4. On the other hand,
the voice channel is established over the circuit
switched network 3, using GSM signaling for in-
stance.
The purpose of the signaling memory 23 is to syn-
chronize these two signaling streams. This is espe-
cially needed to handle voice communication set up:
The communication events transmitted over the
packet switched data network 4 reach the terminal
before the GSM signaling indicating an incoming call.
Thus, it is necessary to postpone the first communi-
cation event waiting for the GSM signaling arrival
which represents the effective voice call set-up. In
the meantime, the communication event arrived over
the packet switched data network 4 may bring added
value to the voice application by giving information
such as the caller name, the caller phone number,
the caller instant messaging status ...
This synchronization is achieved thanks to the mem-
ory 23 shared between the two communication event
receptors 24 and 25. If a first communication event
previously received via the packet switched data net-
work 4 must be processed only after reception of a
second event received via the GSM circuit switched
network, this first event, when received, is written
into the memory 23. When the GSM signaling reach-
es the terminal, the corresponding event receptor 25
checks whether a corresponding event already ex-
ists in the memory 23. It finds the first event in the
memory 23, and then transmits it to the signaling
processor 22 of the voice application 21.
Communication events receptors 24-25 are in
charge of analyzing the events coming respectively
from the packet switched data network 4 and the
circuit switched network 5. The events received by
the event receivers 24 and 25 may be directly for-
warded to the signaling processor 22, or may be tem-
porarily stored in the memory 23 so that they are
shared with the other event receptor. The event re-
ceptors 24 and 25 check the content of the memory
23 and analyze the events that are stored in this
memory 23,They take into account the type of each
event, and the current status of the communication
for deciding to directly forward an event or to store
it temporarily, until another event is received.
Generally, communication events arrive more rap-
idly via the packet switched data network rather than
via the circuit switched network. But the opposite
case can occur, and then the shared memory 23 is
used by the event receptors 24 and 25 in the same
way for synchronizing the events.
For instance, the reception of a GSM communication

event may trigger the forwarding, to the signaling
processor 22, of a communication event previously
received via the packet switched data network 4 and
that has been stored in the signaling memory 23.
In other circumstances, a communication event
stored in the memory 23 may prevent the communi-
cation event receptor 25 to forward a received GSM
event to the signaling processor 22.
The following part describes three scenarios when
a mobile phone terminal according to the invention
establishes a phone call, manages a second incom-
ing call, and then ends the first call without packet
switched data network availability.

Figure 3 shows a signaling flow for an example in
which a mobile phone terminal according to the in-
vention establishes a phone call:

- The voice application 21 detects that a packet
switched data network is available.

- The signaling processor 22 of the voice applica-
tion 21 sends a web request towards the unified
communication server 7 to establish a voice call
(step 31).

- The server 7 calls back the terminal 1 through
the circuit switched network 3 and, in the mean-
time, sends an application event through the
packet switched data network 4 to indicate that
an outgoing call is initiated (step 32). The com-
munication event receptor 24 writes this event
into the shared memory 23.

- The communication event receptor 25 receives,
from the circuit switched network 3, an incoming
GSM communication event indicating that an in-
coming call has arrived (step 33).

- The communication event receptor 25 analyzes
the received event and detects that the incoming
GSM communication event corresponds in re-
ality to an outgoing call. The call is answered
silently (i.e. without letting the user know that
the call is established) (step 34).

- The circuit switched network 3 sends a GSM
communication event indicating that the voice
call has been established. The communication
event receptor 25 does not forward this event to
the voice application to prevent a false early
voice call setup before the remote peer has tak-
en the call (step 35).

- In the meantime, the server 7 sends a commu-
nication event (Alerting), via the packet switched
data network 4, indicating that the voice call is
trying to be established with the remote peer.
This communication event is forwarded to the
signaling processor 22 which indicates, to the
user of the terminal, that the callee terminal is
ringing (step 36).

- When the remote peer takes the call, the server
7 sends a communication event indicating that
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a voice call is active, i. e. established (step 37).
This event is forwarded to the signaling proces-
sor 22 in the voice application 21, which indi-
cates to the user that the call is established.

- Then the voice application 21 handles the es-
tablished call

Figure 4 shows a signaling flow for an example in
which this mobile phone terminal receives a second
phone call during this first call. To simplify the exam-
ple, let us assume that a GSM call is already estab-
lished and that no other GSM event associated to
this new call can be received:

- The server 7 tries to establish a second voice
call (Step 41). All communication events re-
ceived by the communication event receptor 24
are forwarded to the signaling processor 22.

- On user’s request, the voice application 21 takes
the second call and puts the first call on hold by
using web service signaling sent through the
packet switched data network 4, up to the server
7 (Step 42).

- The server 7 puts the first call on hold and acti-
vates the voice flaw of the second call (Step 43).

- The server 7 sends a communication event in-
dicating that a second voice call is active, i. e.
established (step 44). This event is forwarded
to the signaling processor 22 in the voice appli-
cation 21, which indicates to the user that the
call is established.

- The server 7 sends a communication event in-
dicating that the first voice call is held (step 45).
This event is forwarded to the signaling proces-
sor 22 in the voice application 21, which indi-
cates to the user that the first call is now on hold.

- In the final state, the voice application 22 han-
dles two voice calls, one of them being held.

Figure 5 shows a signaling flow for an example in
which this mobile phone terminal switches back from
the second phone call to the first call, and wherein
the coverage by the packet switched data network
has disappeared. So the signaling will be carried by
the circuit switched network 3 exclusively:

- The voice application 21 detects that the packet
switched data network 4 is not available any-
more.

- On user’s request, the voice application 22
sends DTMF codes via the circuit switched net-
work 3 to release the active call, i. e. the second
call (Step 51). These DTMF codes are received
and interpreted by the server 7. It releases the
second call.

- The communication event receptor 25 simulates
an event corresponding to a release of the sec-
ond call and sends it to the signaling processor

22 (Step 52).
- The communication event receptor 25 simulates

an event corresponding to an activation of the
first call, and sends it to the signaling processor
22 (Step 53).

- The voice application 21 sends DTMF codes to
the server 7 via the circuit switched network 3
to re-activate the first call (Step 54). These DT-
MF codes are received and interpreted by the
server 7. It re-activates the first call. This last
step 54 is optional. In other embodiments, the
server directly interprets the release of the active
call as an activation of the call that has been put
on hold at step 51. In this case there is no step
54.

Claims

1. A mobile phone terminal enabling to merge teleph-
ony services over a circuit switched network (3) and
a packet switched data network (4), characterized
in that it comprises:

- means (24, 26) for receiving communication
events arriving via a circuit switched network (3),
- means (25, 27) for receiving communication
events arriving via a packet switched data net-
work (4),
- means (23) for storing communication events
into a shared memory,
- and means (24, 25) for analyzing communica-
tion events arriving via the circuit switched net-
work (3) and communication events arriving the
via the packet switched data network (4), and
then routing each communication event to a
voice application (22), either directly or via said
means (23) for storing, in order to store it tem-
porarily, so that all the events concerning a same
call are synchronized when they are received
by said voice application (22).

2. A method to merge telephony services over a circuit
switched network (3) and a packet switched data net-
work (4), in a mobile phone terminal, characterized
in that it comprises the steps of:

- receiving (33, 35) communication events arriv-
ing via a circuit switched network (3),
- receiving (32, 36, 37) communication events
arriving via a packet switched data network (4),
- storing communication events into a shared
memory (23),
- and analyzing (24, 25) communication events
arriving via the circuit switched network (3) and
communication events arriving the via the pack-
et switched data network (4), and then routing
each communication event to a voice applica-
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tion (22), either directly or via said means (23)
for storing, in order to store it temporarily, so that
all the events concerning a same call are syn-
chronized when they are received by said voice
application (22).

3. A digital data storage medium encoding a machine-
executable program of instructions to perform the
method according to claim 2.

4. A computer program product comprising computer-
executable instructions for performing a method
when the program is run on a computer, the method
comprising the steps of claim 2.

Amended claims in accordance with Rule 137(2)
EPC.

1. A mobile phone terminal enabling to merge te-
lephony services over a circuit switched network (3)
and a packet switched data network (4), comprising:

- means (24, 26) for receiving communication
events arriving via a circuit switched network (3),
- means (25, 27) for receiving communication
events arriving via a packet switched data net-
work (4),
- means (23) for storing communication events
into a shared memory,
- and means (24, 25) for synchronizing all the
events concerning a same call, before sending
them to a voice application, so that all the events
concerning a same call are synchronized when
they are received by said voice application (22);

characterized in that said means for synchronizing
all the events concerning a same call comprise
means (24, 25) for analyzing communication events
arriving via the circuit switched network (3) and com-
munication events arriving the via the packet
switched data network (4), and then routing each
communication event to said voice application (22),
either directly to said voice application (22), or via
said means (23) for storing, by taking into account
the type of each event, and the current status of the
communication for deciding to directly forward an
event or to store it temporarily, until another event is
received.

2. A method to merge telephony services over a cir-
cuit switched network (3) and a packet switched data
network (4) comprising the steps of:

- receiving (33, 35) communication events arriv-
ing via a circuit switched network (3),
- receiving (32, 36, 37) communication events
arriving via a packet switched data network (4),

- storing communication events into a shared
memory (23),
- synchronizing (24, 25) all the events concern-
ing a same call, before sending them to a voice
application, so that all the events concerning a
same call are synchronized when they are re-
ceived by said voice application (22);

characterized in that synchronizing comprises the
steps of:

- analyzing (24, 25) communication events ar-
riving via the circuit switched network (3) and
communication events arriving the via the pack-
et switched data network (4),
- and then routing each communication event to
a voice application (22), either directly to said
voice application (22), or via said means (23) for
storing, in order to store it temporarily, so that
all the events concerning a same call are syn-
chronized when they are received by said voice
application (22), by taking into account the type
of each event, and the current status of the com-
munication for deciding to directly forward an
event or to store it temporarily, until another
event is received.

3. A digital data storage medium storing a set of ma-
chine executable program instructions, which, when
executed on a computer, cause the computer to per-
form all the method steps of the method according
to claim 2.

4. A computer program product comprising compu-
ter-executable instructions for performing a method
when the program is run on a computer, the method
comprising the steps of claim 2.
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