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(54) METHOD AND COMMUNICATION TERMINAL FOR REALIZING VOICE SERVICE VIA 
WIRELESS NETWORK

(57) The present invention discloses a method and
a communication terminal for implementing a voice serv-
ice through a wireless network. The method includes:
generating a request for a voice service according to a
voice service access code and generating a trigger signal
according to the request; setting up a connection with
the wireless network according to the trigger signal; per-
forming network registration for the voice service; and

processing a call of the voice service through the network
connection after the network registration is successful.
The technical solution of the present invention over-
comes the conflict between Voice over Internet Protocol
(VoIP) and dial-on-demand when VoIP traffic is carried
over a Packet Switched (PS) network, so that no radio
bandwidth is wasted and that the user can use VoIP at
any time with no need to modify the network.
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Description

[0001] This application claims priority to Chinese Pat-
ent Application No. 200810224607.2, filed with the Chi-
nese Patent Office on October 21, 2008 and entitled
"Method and Communication Terminal for Implementing
a Voice Service Through a Wireless Network", which is
incorporated herein by reference in its entirety.

Field of the Invention

[0002] The present invention relates to mobile com-
munications, and in particular, to a method and a com-
munication terminal for implementing voice services
through a wireless network.

Background of the Invention

[0003] The Customer Premises Equipment (CPE),
such as an Integrated Access Device (IAD) and an An-
alog Telephony Adapter (ATA), is relative to network-side
equipment. It provides an interface for a communication
terminal to communicate with a core network. In a home
network, the IAD used at present accesses the core net-
work by different means, such as Digital Subscriber Line
(DSL), Asynchronous Transfer Mode (ATM), and Ether-
net (ETH). The CPE faces the access network and pro-
vides the communication terminal with the functions such
as the data service function and the Voice over Internet
Protocol (VoIP) service function.
[0004] With the convergence of core networks, a ter-
minal must support access to the core network through
different edge networks. The IAD therefore also supports
data and VoIP services in a radio way. A fixed access
network has sufficient bandwidth and is capable of pro-
viding smooth paths for connected communication ter-
minals. For a wireless network, however, bandwidth re-
sources are precious. Even when a communication ter-
minal is online, if the network detects that the terminal
does not produce real Internet traffic, the network will
disconnect the terminal actively. Therefore, the commu-
nication terminal must support the dial-on-demand func-
tion. In the prior art, dial-on-demand in a wireless network
is mature for data applications. For VoIP services, how-
ever, no mature solution is available. The terminal that
provides the VoIP service must send periodical registra-
tion update messages to a server to maintain the con-
nection with the server in the radio access network, or
else the server will determine that the VoIP device is un-
available. When originating a VoIP call, the communica-
tion terminal sets up a Packet Switched (PS) connection
temporarily and initiates a re-registration process.
[0005] During the implementation of the present inven-
tion, the inventor finds at least the following problems in
the prior art: (1) Because the setup of a radio bearer
connection takes time, the call of the communication ter-
minal may fail. (2) To guarantee success of the VoIP
service, it is necessary to set up a connection with a wire-

less bearer via a data service, that is a network data
domain, and then originate the call. This is too inconven-
ient for the communication terminal. Moreover, in the
case of emergency calls, a user has no time to set up a
wireless network connection, and therefore emergency
calls are affected. (3) After the connection is disconnect-
ed due to dial-on-demand, the communication terminal
fails to receive new calls. Because of such problems, in
the operation of some wireless networks, dial-on-de-
mand is always disabled when the VoIP service is ena-
bled.

Summary of the Invention

[0006] Embodiments of the present invention provide
a method and a communication terminal for implement-
ing a voice service through a wireless network, so as to
resolve the problem of the voice service inability caused
by the dial-on-demand function on the communication
terminal.
[0007] A method for implementing a voice service
through a wireless network includes:

generating a request for a voice service according
to an operation on a communication terminal and
generating a trigger signal according to the request;
setting up a connection with a wireless network ac-
cording to the trigger signal;
performing network registration for the voice service;
and
processing a call of the voice service through the
network connection after the network registration is
successful.

[0008] A communication terminal for implementing a
voice service through a wireless network includes:

a Plain Old Telephone Service (POTS) unit, config-
ured to generate a request for a voice service ac-
cording to an operation on the communication ter-
minal;
a triggering logic unit, configured to generate a trig-
ger signal according to the request;
a dial-on-demand unit, configured to set up a con-
nection with the wireless network according to the
trigger signal; and
a voice service unit, configured to request network
registration and process a call of a voice service
through the network connection after the network
registration is successful.

[0009] The embodiments of the present invention pro-
vide the following benefit: the technical solution provided
in the embodiments of the present invention overcomes
the conflict between a VoIP service and dial-on-demand
when VoIP traffic is carried over a PS network, so that
no radio bandwidth is wasted and that the user can use
the VoIP service at any time with no need to modify the

1 2 



EP 2 346 293 A1

3

5

10

15

20

25

30

35

40

45

50

55

network.

Brief Description of the Drawings

[0010]

FIG. 1 illustrates an internal structure of a commu-
nication terminal in an embodiment of the present
invention;
FIG. 2 illustrates a procedure of a method in an em-
bodiment of the present invention;
FIG. 3 illustrates a structure of a server in an em-
bodiment of the present invention;
FIG. 4 illustrates a procedure of a method on a com-
munication terminal side in an embodiment of the
present invention;
FIG 5 illustrates a procedure of call transfer after dial-
on-demand is enabled in an embodiment of the
present invention;
FIG. 6 illustrates a first implementation of VoIP on
the communication terminal side in an embodiment
of the present invention; and
FIG. 7 illustrates a second implementation of VoIP
on the communication terminal side in an embodi-
ment of the present invention.

Detailed Description of the Embodiments

[0011] To better explain the purpose, technical fea-
tures, and benefits of the present invention, the technical
solution of the present invention is described in detail
with reference to the accompanying drawings and exem-
plary embodiments. The embodiments of the present in-
vention provide a solution to resolve the conflict between
the VoIP service and dial-on-demand functions of the
CPE (IAD) and to compromise between the bandwidth
requirement of the radio access network and the need
of communication terminals to use VoIP
[0012] A POTS phone triggering method is adopted.
When the communication terminal requests a VoIP serv-
ice, a POTS phone triggers the IAD to set up a connection
to the PS network before a VoIP call is originated. The
POTS unit is the communication interface for the POTS
phone to implement the VoIP service through the PS net-
work. The POTS phone is the fixed phone in daily use.
The VoIP service is a bearer mode of voice services.
Because the packets of VoIP are transferred over the PS
network, the VoIP service is a voice service based on IP
transport.
[0013] As shown in FIG. 1, based on the existing IAD
service module, the IAD further includes a triggering logic
unit 102, configured to judge whether the trigger condition
of a dialing-one-demand unit 103 is met and provide the
dial-on-demand unit 103 with a decision on whether to
disconnect a network connection, and further configured
to trigger the dial-on-demand unit 103 to start the wireless
network connection. In the IAD service module to which
the triggering logic unit 102 is added, a voice service unit

101 is connected to and communicates with a POTS unit
104; the voice service unit 101 is also connected to and
sends a request to the triggering logic unit 102; the trig-
gering logic unit 102 communicates with the voice service
unit 101 and the POTS unit 104 each to receive a request
and a signal, and also communicates with the dial-on-
demand unit 103 to send an instruction. Specifically:
[0014] The voice service unit 101 is configured to re-
quest network registration; and configured to process a
specific voice service. That is, the voice service unit is
configured to process the information data generated due
to events that are forwarded by the POTS unit 104 and
are from users/POTS phones and to control the entire
call process, in which the entire call process includes
origination, connection, and teardown of the call.
[0015] This includes encapsulating or decapsulating
digital voice data, determining the IP address of the as-
sociated gateway according to information in an area
code database, adding the IP address to IP packets, and
selecting an optimal route. The voice service unit 101
compresses voice data codes with a compression algo-
rithm, packetizes the data according to the Transmission
Control Protocol/Internet Protocol (TCP/IP) standard and
delivers data packets to their destination through the core
network. Or, after receiving data packets, the voice serv-
ice unit 101 strings the data packets together and de-
compresses them to restore an original voice signal. Fur-
ther, the voice service unit 101 maps an area code to the
IP address of a gateway in the area and stores the IP
address in a database. When the communication termi-
nal originates a call, the gateway determines the IP ad-
dress of the associated gateway according to the infor-
mation in the area code database, adds the IP address
to IP packets, and selects an optimal route to reduce the
transmission delay. The IP packets are delivered to the
destination gateway through the Internet. In areas where
the Internet is not available or a gateway is not config-
ured, a router can be installed and the nearest gateway
switches a call through the toll telephone network to im-
plement communication services.
[0016] The triggering logic unit 102 is configured to
generate a trigger signal according to a request or a sig-
nal from the voice service unit 101 or/and the POTS unit
104 and send the trigger signal to the dial-on-demand
unit 103.
[0017] The dial-on-demand unit 103 is configured to
dial according to the detected trigger signal from the trig-
gering logic unit 102.
[0018] The POTS unit 104 is a necessary interface be-
tween the network and the POTS phones. It is configured
to send events triggered by the user/POTS phone, for
example, signals generated by off-hook, dialing, hook-
flash, on-hook, and sounds, to the voice service unit 101,
and send events of the voice service unit 101, for exam-
ple, tone playing and sound signals, to the user/POTS
phone.
[0019] The POTS unit 104 may include:
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a terminal call transferring unit 107, configured to
send a call transfer operation code after the network
connection is set up, where the call transfer opera-
tion code is used to request the transfer of a call of
the voice service to a Public Switched Telephone
Network (PSTN) number or telecommunications net-
work number (a number in the CS domain, in which
CS is short for Circuit Switched) of the communica-
tion terminal.

[0020] The POTS unit 104 may further include:

a terminal call transfer canceling unit 108, configured
to send a call transfer cancellation operation code
to the server after the call of the voice service is trans-
ferred.

[0021] With the communication terminal (that is, CPE)
provided according to the above embodiment of the
present invention, when the terminal implements the
VoIP service through the PS network, the conflict with
dial-on-demand is overcome, so that no radio bandwidth
is wasted and that the VoIP service can be used at any
time.
[0022] Corresponding to the communication terminal,
a server according to an embodiment of the present in-
vention is illustrated in FIG. 3. The server is located in a
public network and includes:

a network connecting unit 109, configured to set up
a wireless network connection with the communica-
tion terminal; and particularly, set up a network con-
nection at the bearer layer;
a voice service registering unit 110, configured to
receive a request for network registration from the
communication terminal, complete the network reg-
istration, and receive a voice service call; and
a call transferring unit 105, configured to transfer an
incoming voice service call to a PSTN number, or a
CS number, or other numbers of the current com-
munication terminal after the bearer layer network
connection is set up between the communication ter-
minal and the wireless network. Specifically, a user
inputs the call transfer operation code through the
POTS unit 104, and the call transferring unit 105
identifies the call transfer operation code from the
POTS unit 104 and sends the operation code, if it is
determined that the call transfer operation code is
correct, to the voice service unit 101. The voice serv-
ice unit 101 sends a call transfer request to the net-
work-side server. The network-side server process-
es the request and the call transfer is complete. Call
transfer includes the following types:

1. If the communication terminal supports PSTN
lines, the call is transferred to a PSTN number
supported by the IAD.
2. The call is transferred to a CS number of the

IAD, that is, a telecommunications network
number.
3. The call is transferred to other numbers. For
example, when "**51*22334455#" is inputted to
the terminal call transferring unit 107 of the
POTS unit 104 to set call transfer, the home
gateway terminal routes the call of the POTS
phone under the gateway to the network-side
server and the network-side server processes
the call transfer. Afterwards, the network-side
server transfers a call to the home gateway from
the outside to the number 22334455, instead of
routing the call to the home gateway terminal.

[0023] The network-side server further includes:

a call transfer canceling unit 106, configured to can-
cel the call transfer service of the communication
terminal if receiving a call transfer cancellation op-
eration code from the communication terminal after
the network registration is successful and the incom-
ing call is transferred. Specifically, the user inputs
the call transfer cancellation operation code to the
terminal call transfer canceling unit 108 of the POTS
unit 104; the communication terminal sends the op-
eration code to the network-side server; the network-
side server identifies the call transfer cancellation
operation code from the POTS unit 104 and proc-
esses the cancellation of the call transfer service if
it is determined that the operation code is correct.

[0024] The network-side server cooperates with the
communication terminal and sets up a wireless network
connection with the communication terminal to imple-
ment the VoIP service. After receiving a call transfer op-
eration code, the network-side server transfers a call des-
tined for the communication terminal to other networks,
and after receiving a call transfer cancellation operation
code from the communication terminal, the network-side
server cancels the call transfer service of the communi-
cation terminal.
[0025] To further disclose the technical solution of the
present invention, a complete service procedure is de-
scribed. When a user requires a VoIP service, the user
performs an appropriate operation on the communication
terminal. The operation generates a service access code
and the service access code generates a request. As
shown in FIG. 4, the procedure includes:

Step A: The communication terminal generates a
trigger signal according to the request for a voice
service.
Step B: The communication terminal sets up a net-
work connection with the wireless network according
to the trigger signal.
Step C: The communication terminal performs net-
work registration for the voice service.
Step D: The communication terminal originates a call
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of the voice service through the network connection
after the network registration is successful.

[0026] Through the above steps, the communication
terminal is connected to the network. Through the net-
work connection, the user can use the VoIP service nor-
mally. Furthermore, because the request is generated
by using the following method provided by the embodi-
ment of the present invention, the conflict between the
VoIP service and dial-on-demand is overcome, so that
no radio bandwidth is wasted and that the user can use
VoIP at any time with no need to modify the network.
Specifically:

When there is no data service on the IAD and dial-
on-demand is enabled, the IAD is disconnected from
the PS network.

[0027] Step 201: The user inputs a specific service ac-
cess code, for example, *67*, through the communication
terminal. The voice service unit 101 of the communication
terminal is triggered to send the service access code.
[0028] Step 202: The triggering logic unit 102 receives
the service access code, determines that the communi-
cation terminal requires the VoIP service according to
the service access code, and generates and sends a
trigger signal immediately.
[0029] Step 203: The dial-on-demand unit 103 re-
ceives the trigger signal and sets up a connection with
the PS network.
[0030] After the connection with the PS network is suc-
cessfully set up, the dial-on-demand unit 103 notifies the
voice service unit to perform network registration.
[0031] Step 204: If the communication terminal is not
hooked on, after the network registration is successful,
the communication terminal is notified that the VoIP serv-
ice is ready and a dial tone is played to the communication
terminal.
[0032] Steps 201 to 204 describe the process of setting
up a connection with the PS network according to the
need of dial-on-demand.
[0033] Step 205: After the network connection is set
up, the dial-on-demand unit 103 queries the triggering
logic unit 102 about whether an active voice service ex-
ists. If an active service exists, the dial-on-demand unit
103 queries again at a predetermined interval; if no active
service exists, the procedure goes to step 206.
[0034] The query step is included because it is possible
that the communication terminal is in a conversation but
the user has left.
[0035] Step 206: When there is no voice call, the com-
munication terminal decides to end the use of the VoIP
service; and if there is no data service within a period of
time, the dial-on-demand function is enabled.
[0036] The above steps describe the process of trig-
gering dial-on-demand and the process of enabling dial-
on-demand automatically in detail. The conflict between
the VoIP service and dial-on-demand is overcome, so

that no radio bandwidth is wasted and that the user can
use the VoIP service at any time with no need to modify
the wireless network.
[0037] In practice, if the communication terminal ena-
bles dial-on-demand, the service logic for receiving a call
must be improved, as shown in FIG 5.
[0038] After dial-on-demand is enabled, because the
communication terminal is disconnected from the PS net-
work, VoIP signaling cannot be sent to the IAD. The IAD
may support the following steps:

Step 301: The communication terminal presets the
transfer of a VoIP call to other numbers when dial-
on-demand is enabled through the network service
located in the communication terminal. The commu-
nication terminal has the following options for call
transfer:

1. If the communication terminal supports PSTN
lines, the call is transferred to a PSTN number
supported by the IAD.
2. The call is transferred to a CS number of the
IAD, that is, a telecommunications network
number.
3. The call is transferred to other numbers.

[0039] The call transfer service requires support of the
network-side server and the communication terminal
must have activated the service.
[0040] Step 302: With dial-on-demand enabled, before
the IAD is disconnected from the network, the IAD trans-
fers a VoIP call according to the above setting and sends
a call transfer operation code to the network.
[0041] Step 303: When VoIP service registration is
successful, the IAD can cancel the call transfer service
according to the configured option and send a call trans-
fer cancellation operation code to the network.
[0042] Steps 201 to 206 correspond to steps 301 to
303. In the IAD service module provided in the embodi-
ment of the present invention, the POTS unit 104 receives
the specific service access code, for example, *67*, and
sends the service access code to the triggering logic unit
102; the triggering logic unit 102 receives the service
access code, determines that the communication termi-
nal requires the VoIP service according to the service
access code, and sends a trigger signal to the dial-on-
demand unit 103 immediately; the dial-on-demand unit
103 receives the trigger signal and sets up a connection
with the PS network; after the PS network is connected
successfully, the dial-on-demand unit 103 notifies the
voice service unit 101 to perform network registration.
[0043] After the network connection is set up, if it is
necessary to enable dial-on-demand, the dial-on-de-
mand unit 103 queries the triggering logic unit 102 about
whether an active voice service exists and if there is no
active voice service, enables the dial-on-demand func-
tion.
[0044] With the technical solution in steps 301 to 303,
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the call transfer service function of the communication
terminal is implemented.
[0045] When the communication terminal sets up a
connection with the PS network according to the need of
dial-on-demand, the implementation is not limited to that
described in steps 201 to 204. Other embodiments of the
present invention provide the following procedures.
[0046] When there is no data service on the IAD and
dial-on-demand is enabled, the IAD is disconnected from
the PS network. As shown in FIG 6, a procedure for set-
ting up a connection with the PS network includes:
[0047] Step 401: The communication terminal is in use
and hooked off for dialing. The POTS unit 104 is triggered
to generate and send an off-hook instruction.
[0048] Step 402: The triggering logic unit 102 receives
the off-hook instruction, determines that the communica-
tion terminal requires VoIP according to the instruction,
and sends a trigger signal immediately.
[0049] Step 403: The dial-on-demand unit 103 re-
ceives the trigger signal and sets up a connection with
the PS network.
[0050] After the connection with the PS network is suc-
cessfully set up, the dial-on-demand unit 103 notifies the
voice service unit 101 to perform network registration.
[0051] Step 404: If the communication terminal is not
hooked on, after the network registration is successful,
the communication terminal is notified that the VoIP serv-
ice is ready and a dial tone is played to the communication
terminal.
[0052] Steps 401 to 404 describe a process where the
communication terminal sets up a connection with the
PS network according to an off-hook action, therefore
providing an alternative solution for VoIP implementa-
tion. The solution overcomes the conflict between VoIP
and dial-on-demand, so that no radio bandwidth is wast-
ed and that the user can use VoIP at any time.
[0053] When there is no data service on the IAD and
dial-on-demand is enabled, the IAD is disconnected from
the PS network. As shown in FIG. 7, a procedure for
setting up a connection with the PS network includes:
[0054] Step 501: The communication terminal is in use
and hooked off and dialing of digits is ongoing. The POTS
unit 104 is triggered to generate and send an off-hook
instruction.
[0055] Step 502: The triggering logic unit 102 receives
the dialed digits, analyzes the digits, and determines that
the communication terminal requires VoIP according to
the digits, and sends a trigger signal immediately.
[0056] Step 503: The dial-on-demand unit 103 re-
ceives the trigger signal and sets up a connection with
the PS network.
[0057] After the connection with the PS network is suc-
cessfully set up, the dial-on-demand unit 103 notifies the
voice service unit 101 to perform network registration.
[0058] Step 504: If the communication terminal is not
hooked on, after the network registration is successful,
a Session Initiation Protocol (SIP) call is originated to the
network.

[0059] If the network access and registration process
exceeds a specific length of time, a voice announcement
or a music prompt may be played to the communication
terminal, for example, "Connecting to the network.
Please wait", "Registering with the server. Please wait.",
or "The call is being connected. Please wait". Or, the
communication terminal is notified that the VoIP service
is ready and a dial tone is played to the communication
terminal.
[0060] Steps 501 to 504 describe a process where the
communication terminal sets up a connection with the
PS network according to an off-hook and dialing action,
therefore providing an alternative solution for VoIP im-
plementation. The solution overcomes the conflict be-
tween the VoIP service and dial-on-demand, so that no
radio bandwidth is wasted and that the user can use the
VoIP service at any time.
[0061] With the technical solution provided in the em-
bodiments of present invention, when the communication
terminal is disconnected from the PS network, the IAD
can be connected with the PS network through POTS
phone triggering, Foreign Exchange Station (FXS) off-
hook triggering, or dialing triggering. Furthermore, after
dial-on-demand is enabled, before the communication
terminal is disconnected from the PS network, call trans-
fer is set to ensure that an incoming VoIP call is received.
In addition, after successful VoIP service registration, if
a VoIP call is transferred and call transfer needs to be
cancelled, the IAD sends a call transfer cancellation op-
eration code to the network. The technical solution over-
comes the conflict between VoIP and dial-on-demand
when the VoIP service is carried over a PS network, so
that no radio bandwidth is wasted and that the user can
use VoIP at any time.
[0062] Those skilled in the art understand that the fore-
going embodiments of the present invention can be im-
plemented by hardware or by software on a necessary
universal hardware platform. The technical solution of
the present invention may be embodied in a software
product which can be stored in a nonvolatile storage me-
dium. The storage medium may be a Compact Disk
Read-Only Memory (CD-ROM), a USB flash disk, or a
removable hard drive. The software product includes a
number of instructions that enable a computer device
(such as a personal computer, a server, or a network
device), to execute the method provided in the embodi-
ments of the present invention.
[0063] Although the present invention has been de-
scribed through exemplary embodiments, the invention
is not limited to such embodiments. It is apparent that
those skilled in the art can make various modifications
and variations to the invention without departing from the
spirit and scope of the present invention. The invention
is intended to cover the modifications and variations pro-
vided that they fall within the scope of protection defined
by the claims or their equivalents.

9 10 



EP 2 346 293 A1

7

5

10

15

20

25

30

35

40

45

50

55

Claims

1. A method for implementing a voice service through
a wireless network, comprising:

generating a request for a voice service accord-
ing to an operation on a communication terminal
and generating a trigger signal according to the
request;
setting up a network connection with the wire-
less network according to the trigger signal;
performing network registration for the voice
service; and
processing a call of the voice service through
the network connection after the network regis-
tration is successful.

2. The method of claim 1, wherein the generating the
request for a voice service according to the operation
on the communication terminal comprises:

generating the request according to a service
access code.

3. The method of claim 1, wherein the generating the
request for a voice service according to the operation
on the communication terminal comprises:

generating the request according to a signal of
the operation on the communication terminal.

4. The method of claim 1, wherein the generating the
request for a voice service according to the operation
on the communication terminal comprises:

generating the request according to digits dialed
from the communication terminal.

5. The method of claim 1, wherein after the setting up
the network connection with the wireless network,
the method further comprises:

requesting a transfer of the call of the voice serv-
ice to a Public Switched Telephone Network
(PSTN) number of the communication terminal
or a telecommunications network number of the
communication terminal.

6. The method of claim 5, after the transfer of the call
of the voice service to the PSTN number the com-
munication terminal or other numbers of the commu-
nication terminal, further comprising:

requesting a server to cancel call transfer.

7. A communication terminal for implementing a voice
service through a wireless network, comprising:

a Plain Old Telephone Service (POTS) unit, con-
figured to generate a request for a voice service
according to an operation on the communication
terminal;
a triggering logic unit, configured to generate a
trigger signal according to the request;
a dial-on-demand unit, configured to set up a
network connection with the wireless network
according to the trigger signal; and
a voice service unit, configured to request net-
work registration and process a call of the voice
service through the network connection after the
network registration is successful.

8. The communication terminal of claim 7, wherein the
POTS unit comprises:

a terminal call transferring unit, configured to
send a call transfer operation code after the net-
work connection is set up, wherein the call trans-
fer operation code is used to request the transfer
of a call of the voice service to a Public Switched
Telephone Network (PSTN) number of the com-
munication terminal or a telecommunications
network number of the communication terminal.

9. The communication terminal of claim 7, wherein the
POTS unit further comprises:

a terminal call transfer canceling unit, configured
to send a call transfer cancellation operation
code to a server after the call of the voice service
is transferred.
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