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(54) Title: INTERNET PROTOCOL TELEPHONY FOR A MOBILE STATION ON A PACKET DATA CHANNEL

(57) Abstract

A method and apparatus are provided for 
effectuating voice communication between a 
mobile station (130) and a mobile radio net
work. A gateway (100) to the mobile radio 
network receives (300) an incoming voice call 
for a destination mobile station (130) and ac
cesses (310, 315) information pertaining the 
status and location of the destination mobile 
station (130). A determination is made (320) 
as to whether the destination mobile station is 
(130) capable of operation in a voice mode 
using circuit-switched communications across 
a traffic channel. If the destination mobile 
station (130) is operable in the voice mode, 
a circuit-switched communication on a traffic 
channel is established (330) between the mo
bile radio network and the destination mobile 
station (130). Otherwise, the incoming voice 
call is routed (340) to a voice gateway (200) 
which converts the voice call to data pack
ets and routes the data packets to the mobile 
station (130) across an Internet Protocol com
munication network (190) to a packet gateway 
(210) of the mobile radio network. The packet 
gateway (210) routes the call across a packet 
data channel of the mobile radio network to the 
destination mobile station (130) using a packet 
data service.



WO 99/33250 PCT/SE98/02395

-IL-

INTERNET PROTOCOL TELEPHONY FOR A MOBILE

STATION ON A PACKET DATA CHANNEL

BACKGROUND OF THE INVENTION

Technical Field of the Invention

The present invention pertains in general to routing of voice and data traffic in

5 a mobile radio network and, more particularly, to a method and apparatus for routing 

voice telephone calls received by a mobile radio network to a destination mobile 

station via an Internet Protocol communication network on a data packet channel.

Description of the Related Art

In addition to voice communication, mobile radio networks are increasingly

10 supporting packet data services. Frequently, packet data services are used to connect 

digital terminal equipment, such as a personal computer communicating through a 

mobile station operating in the mobile radio network, to an Internet Protocol (IP) 

communication network such as, for example, an Internet or an Intranet. While voice 

communication is typically carried across the mobile radio network using circuit-

15 switched communications on a traffic channel, data packets associated with the packet 

data service are carried across the mobile radio network using packet-switched 

communications on a packet channel. For example, data packets can be carried on the 

packet channel using a Transmission Control Protocol/Intemet Protocol (TCP/IP).

In certain situations, a mobile station is unable to support a voice connection

2 0 using circuit-switched communications on the traffic channel. For example, the 

mobile station may be equipped to operate only in a packet mode using packet- 

switched communications on the packet channel, with no capability to communicate 

in a voice mode using circuit-switched communications on the traffic channel. In 

another example, the mobile station may be operating in the packet mode with the

2 5 digital terminal equipment connected to the Intemet/Intranet on the packet channel at 

the time when a voice connection to the mobile station is being attempted. In this 

situation, unless the mobile station is equipped to operate simultaneously in both the 

packet mode and voice mode, the mobile station needs to release the connection on the
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packet channel and register on the traffic channel in order to communicate in the 
voice mode. In yet another example, all traffic channels available for voice 

communication with the mobile station may be in use and are, therefore 

unavailable. In these and other similar situations, the mobile radio network is 

5 unable to provide voice communication with the mobile station.

It would be advantageous, therefore, to devise a method and apparatus for 

providing voice communication between a mobile station operating in a packet 

mode and a mobile radio network on a communication path other than a voice 

traffic channel. It would also be advantageous if such a method and apparatus 

10 routed the voice communication on a communication network other than the 

mobile radio network.
Any discussion of documents, devices, acts or knowledge in this 

specification is included to explain the context of the invention. It should not be 

taken as an admission that any of the material formed part of the prior art base or 

15 the common general knowledge in the relevant art in Australia on or before the 

priority date of the claims herein.

SUMMARY OF THE INVENTION

In accordance with a first aspect of the invention, there is provided an 

apparatus for effectuating voice communication with a mobile station, including:

20 a gateway mobile services switching center capable of receiving an

incoming voice call and also capable of determining if said mobile station is able 

to operate in a voice mode and further capable of routing said voice call across a 

mobile radio network toward said mobile station by enabling circuit-switched 

communications with said mobile station on a traffic channel if said mobile station 

25 is able to operate in said voice mode; and

a voice gateway, coupled to said gateway mobile services switching 

center, capable of routing said voice call across an Internet Protocol 

communication network and the mobile radio network toward said mobile station 

by enabling packet-switched communications with said mobile station on a packet 

30 channel if said mobile station is not able to operate in said voice mode.
In accordance with another aspect of the invention, there is provided a

method for effectuating voice communication between a mobile station and a

mobile radio network including the steps of:
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receiving an incoming voice call;

determining if said mobile station is capable of operation in a voice mode;

routing said voice call across said mobile radio network toward said mobile 

station by enabling circuit-switched communications with said mobile station on a 

5 traffic channel if said mobile station is capable of operation in said voice mode; 
and

routing said incoming voice call to said mobile station across an Internet 

Protocol communication network and the mobile radio network by enabling 

packet-switched communications with said mobile station on a packet data 

10 channel of said mobile radio network if said mobile station is incapable of 

operation in said voice mode.

In accordance with yet another aspect of the invention, there is provided a 

system for effectuating voice communication between a mobile station and a 

mobile radio network, said system including:

15 means for receiving an incoming voice call;

means for determining if said mobile station is able to operate in a voice 
mode;

first means for routing said voice call across said mobile radio network 

toward said mobile station by enabling circuit-switched communications with said 

20 mobile station on a traffic channel if said mobile station is capable of operation in 
·;···; said voice mode;
• · ·
’·’··* second means for routing said voice call across an Internet Protocol• · · ·
’····’ communication network and the mobile radio network toward said mobile station• · ·• · ·
’ ” by enabling packet-switched communications with said mobile station on a packet 

25 channel if said mobile station is not able to operate in said voice mode..

In accordance with an embodiment of the present invention, a gateway 

server to a mobile radio network receives an incoming voice call for a destination• · · ·
• ’ : mobile station and accesses information pertaining the status and location of the
• ·

destination mobile station. A determination is made as to whether the destination
• ····
...... 30 mobile station is capable of operation in a voice mode using circuit-switched
• · · ·

...... : communications across a traffic channel. If the destination mobile station is• ·
·/·.: capable of operation in voice mode, a circuit-switched communication on a traffic

channel is established between the mobile radio network and the destination
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mobile station. Otherwise, if the destination mobile station is not capable of 

operation in the voice mode and capable of supporting a packet switched 

communication on a packet channel, the incoming voice call is routed to a voice 

gateway server which converts the voice call to data packets, and routes the data 

5 packets to the mobile station across an IP communication network to a packet 

gateway server of the mobile radio network. The packet gateway server routes 

the call via a packet data channel of the mobile radio network to the destination 

mobile station using a packet data service.

The term "comprises", and grammatical variations thereof such as 

10 "comprising" when used in the description and claims does not preclude the 

presence of additional features, integers, steps or components; or groups thereof.
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BRIEF DESCRIPTION OF THE DRAWINGS

For a more complete understanding of the present invention, reference is made 

to the following detailed description taken in conjunction with the accompanying 

drawings wherein:

FIGURE 1 is a functional block diagram of an apparatus for effectuating voice 

communication between a mobile station and a mobile radio network consistent with 

a preferred embodiment of the present invention;

FIGURE 2 is a flow diagram of a method for receiving voice communication 

by a mobile station from a mobile radio network consistent with the embodiment 

described in Figure 1; and

FIGURE 3 is a signaling sequence diagram for receiving voice communication 

by a mobile station from a mobile radio network.

DETAILED DESCRIPTION OF THE INVENTION

Referring now to Figure 1, there is illustrated a functional block diagram of an 

apparatus for effectuating voice communication between a mobile station and a mobile 

radio network consistent with a preferred embodiment of the present invention. A 

cellular telephone network comprises a Gateway Mobile services Switching Center 

(GMSC) 100, a Home Location Register (HLR) 110, and a Visited Mobile services 

Switching Center (VMSC) 120. The mobile radio network communicates with a 

plurality of mobile stations, including a first mobile station 130 and a second mobile 

station 140, over an air interface in a manner conforming to any conventional mobile 

radio network protocol including, but not limited to, the Personal Digital Cellular 

system (PDC), the Global System for Mobile communications (GSM), Advanced 

Mobile Phone Service (AMPS) and Digital Advanced Mobile Phone Service 

(DAMPS), among others. Although any protocol may be used in accordance with the 

present invention, the PDC protocol is used by way of example in this disclosure.

The mobile radio network communicates with a Public Switched 

Telecommunication Network/Integrated Services Digital Network (PSTN/ISDN) 150 

and other communication networks 160 via the GMSC 100. Although Fig. 1 depicts 

the second mobile station 140 as communicating with the mobile radio network via 

the GMSC 100, the second mobile station 140, alternatively, can connect to the mobile
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radio network via other portions of the mobile radio network 170 and is routed within 

the mobile radio network in a manner consistent with the particular mobile radio 

network protocol currently in use.

To effectuate voice communication with a destination mobile station, which

5 in this example is the first mobile station 130, incoming voice calls from the 

PSTN/ISDN 150 or other communication networks 160 are routed to the GMSC 100. 

The GMSC 100 requests routing information from the HLR 110 for routing the 

incoming voice call to the destination mobile station 130. The HLR 110 stores 

information pertaining to the destination mobile station 130 such as its operating

10 mode, the identity of the VMSC 120 currently servicing the destination mobile station

130 and routing information to the destination mobile station 130. Using the routing 

information provided by the HLR 110, the GMSC 100 routes the incoming voice call 

to the VMSC 120 which communicates with the destination mobile station 130 using 

circuit-switched communications on the traffic channel.

15 To effectuate voice communication between the second mobile station 140 and

the destination mobile station 130, incoming voice calls from the second mobile 

station 140 are routed to the GMSC 100 and handled in a manner consistent with that 

for incoming voice calls from the PSTN/ISDN 150. Alternatively, incoming voice 

calls from the second mobile station 140 are routed to the VMSC 120, and ultimately 

2 0 to the destination mobile station 130, via other portions of the mobile radio network

170 in a manner consistent with the particular mobile radio network protocol currently 

in use.

To effectuate communication between digital terminal equipment 180 such as, 

for example, a personal computer and an Intemet/Intranet 190 or other Internet

2 5 Protocol (IP) communication network using a packet data service, the digital terminal

equipment 180 communicates with the mobile radio network via the mobile station 

130. Packet data is communicated over the mobile radio network using packet- 

switched communications, such as TCP/IP, on a packet channel. Packet data is routed 

between the destination mobile station 130 and a Packet Mobile services Switching

3 0 Center (PMSC) 210 via the VMSC 120 using a packet data service commonly known

in the industry. The PMSC 210 interfaces the mobile radio network to the
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Intemet/Intranet 190 or other IP communication network in a manner also commonly 

known in the industry.

To effectuate an alternative communication link between the mobile radio 

network and the destination mobile station 130, a Voice Gateway 200, for example, 

5 a voice gateway server provides an interface between the GMSC 100 and the 

Intemet/Intranet 190 or other IP communication network. Although the Voice 

Gateway 200 is depicted in Fig. 1, as being remote to both the GMSC 100 and the 

VMSC 120, the Voice Gateway 200 may, alternatively, be co-located with some other 

node in the network. Incoming voice telephone calls addressed to the destination 

10 mobile station 130 are received by the GMSC 100. The GMSC 100 requests routing 

information from the HLR 110 for routing the incoming voice telephone call to the 

destination mobile station 130, and determines whether the destination mobile station 

130 is capable of operation in voice mode based on the information provided by the 

HLR 110. If the destination mobile station 130 is capable of operation in voice mode, 

15 the HLR 110 provides the GMSC 100 with a response containing a pursuit routing 

number to the VMSC 120 and the incoming call is routed to the destination mobile 

station 130 as a circuit-switched communications on the traffic channel. If, on the 

other hand, the destination mobile station is incapable of operation in voice mode and 

the destination mobile station 130 is capable of supporting a packet-switched 

2 0 communication on a packet channel, the response from the HLR 110 contains a pursuit

routing number to the Voice Gateway 200. The pursuit routing number to the Voice 

Gateway 200 indicates that the destination mobile station 130 is incapable of operating 

in voice mode and the GMSC 100 routes the incoming voice call, along with the 

response from the HLR 110, to the Voice Gateway 200.

2 5 The identity of the destination mobile station 130 is mapped, either by look-up

table or by calculation, by the HLR 110, the GMSC 100 or, alternatively, by a 

processor 201 associated with the Voice Gateway 200, to the cunent IP address 

assigned to the destination mobile station 130 used in the packet data connection. The 

Voice Gateway 200 routes the incoming voice call to the destination mobile station

3 0 130 based on its current IP address. The incoming voice call is, thus, routed between

the Voice Gateway 200 and the PMSC 210 across the Intemet/Intranet 190, and 

between the PMSC 200 and the destination mobile station 130 via the VMSC 120.
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The IP connection across the Intemet/Intranet 190 is set up using, for example, ITU-T 

H.323 protocol. The connection between the PMSC 210 and the destination mobile 

station 130 uses the packet data service provided by the mobile radio network.

The processor 201 in the Voice Gateway 200 also converts the incoming voice 

signal, typically a 64 kbps Pulse Code Modulation signal, received from the GMSC 

100 to an IP telephony signal using, for example, ITU-T G.723.1 coding specification 

over a User Datagram Protocol/Intemet Protocol at 5,300 bps or, alternatively, at 6,300 

bps. As another example, if the incoming voice call originates from the second mobile 

station 140, the incoming voice signal can be coded according to the coding protocol 

used in the mobile network. This could, for example, be the Vector-Sum Excited 

Linear Predictive (VSELP) coding protocol used in PDC today. The Voice Gateway 

200 converts this signal (VSLEP) to ITU-T G.723.1. Similarly, the processor 201 in 

the Voice Gateway 200 converts the IP telephony signal received across the 

Intemet/Intranet 190 from the destination mobile station 130 to a voice signal 

compatible with the incoming voice signal. The incoming voice call, which is 

converted to the IP telephony signal, is received by the PMSC 210 from the 

Intemet/Intranet 190 and is routed to the destination mobile station 130 using the 

packet data service provided by the mobile radio network.

Referring additionally now to Figures 2 and 3, there is illustrated a flow 

diagram of a method for receiving voice communication by a mobile station from a 

mobile radio network consistent with the embodiment described in Figure 1, and a 

signaling sequence diagram for receiving voice communication by a mobile station 

from a mobile radio network respectively. An incoming voice telephone call 

addressed to the destination mobile station 130, for example using a Mobile Subscriber 

Number (MSN) received by the GMSC 100 (step 300). The GMSC 100 requests 

routing information from the HLR 110 for routing the incoming voice telephone call 

to the destination mobile station 130 (step 310).

The GMSC 100 receives a response from the HLR 110 (step 315) and a 

determination is made by the GMSC 100 as to whether the destination mobile station 

130 is capable of establishing a circuit-switched communication on a traffic channel 

(step 320). If the destination mobile station 130 is capable of establishing a 

connection in voice mode, the HLR 100 provides the GMSC 100 with a response
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containing a pursuit routing number to the VMSC 120 and the incoming call is routed 

to the destination mobile station 130 as a circuit-switched communication on the 

traffic channel (step 330). If, on the other hand, the destination mobile station is 

incapable of establishing a connection in voice mode and the destination mobile 

station 130 is capable of supporting a packet-switched communications on a packet 

channel, the response from the HLR 110 contains a pursuit routing number to the 

Voice Gateway 200. The pursuit routing number to the Voice Gateway 200 indicates 

that the destination mobile station 130 is incapable of operating in the voice mode and 

the GMSC 100 routes the incoming voice call, along with the response from the HLR 

0 110, to the Voice Gateway 200 (step 340).

The identity of the destination mobile station 130 is mapped, either by look-up 

table or calculation, to the current IP address assigned to the destination mobile station 

130 used in the packet data connection (step 350). The mapping function is performed 

by the HLR 110, the GMSC 100 or, alternatively, by the processor 201 in the Voice 

5 Gateway 200. The Voice Gateway 200 routes the incoming voice call to the 

destination mobile station 130 (step 360) based on its current IP address. The 

incoming voice call is, thus, routed between the Voice Gateway 200 and the PMSC 

210 across the Intemet/Intranet 190 (step 360a), and between the PMSC 200 and the 

destination mobile station 130 via the VMSC 120 (step 360b). The IP connection 

0 across the Intranet/Intranet 190 is set up using, for example, the ITU-T H.323 protocol.

The processor 201 associated with the Voice Gateway 200 also converts the 

incoming voice signal, typically a 64 kbps Pulse Code Modulation (PCM) signal, 

received from the GMSC 100 to an IP telephony signal using, for example, ITU-T 

G.723.1 specified speech coding over a User Datagram Protocol/Intemet Protocol at 

5 5,300 bps or, alternatively, at 6,300 bps (step 370). This could, for example, be the

Vector-Sum Excited Linear Predictive (VSELP) coding protocol used in PDC today. 

The Voice Gateway 200 converts this signal (VSLEP) to ITU-T G.723.1. Similarly, 

the Voice Gateway 200 converts the IP telephony signal received across the 

Intemet/Intranet 190 from the destination mobile station 130 to a voice signal 

0 compatible with the incoming voice signal. The incoming voice call, which is 

converted to the IP telephony signal, is received by the PMSC 210 from the
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Intemet/Intranet 190 and is routed to the destination mobile station 130 using the 

packet data service provided by the mobile radio network.

Although the preferred embodiment of the apparatus and method of the present 

invention has been illustrated in the accompanying Drawings and described in the 

foregoing Detailed Description, it is understood that the invention is not limited to the 

embodiment disclosed, but is capable of numerous rearrangements, modifications and 

substitutions without departing from the spirit of the invention as set forth and defined 

by the following claims.
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THE CLAIMS DEFINING THE INVENTION ARE AS FOLLOWS:

1. An apparatus for effectuating voice communication with a mobile station, 

including:

a gateway mobile services switching center capable of receiving an 

incoming voice call and also capable of determining if said mobile station is able 

to operate in a voice mode and further capable of routing said voice call across a 

mobile radio network toward said mobile station by enabling circuit-switched 

communications with said mobile station on a traffic channel if said mobile station 

is able to operate in said voice mode; and

a voice gateway, coupled to said gateway mobile services switching 

center, capable of routing said voice call across an Internet Protocol 

communication network and the mobile radio network toward said mobile station 

by enabling packet-switched communications with said mobile station on a packet 

channel if said mobile station is not able to operate in said voice mode.

2. The apparatus recited in Claim 1, wherein said voice gateway sets up a 

call to said mobile station.

3. The apparatus recited in Claim 2, wherein said voice gateway sets up said 

call to said mobile station using ITU-T H.323 protocol.

4. The apparatus recited in Claim 1, further including:

means for converting said incoming voice call from a voice format to an 

Internet Protocol telephony format; and

means for converting packet data received across said Internet Protocol 

communication network from said mobile station from said Internet Protocol 

telephony format to said voice format.

5. The apparatus recited in Claim 4, wherein said means for converting said 

incoming voice call from a voice format to an Internet Protocol telephony format 

includes a processor for converting said incoming voice call from an incoming 64 

kbps PCM signal to an outgoing 5,300 bps ITU-T G.723.1 protocol signal and 

further, wherein said means for converting packet data received across said
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Internet Protocol communication network from said mobile station from said 

Internet Protocol telephony format to said voice format includes said processor for 

converting packet data received across said Internet Protocol communication 

network from an incoming 5,300 bps ITU-T G.723.1 protocol signal to an outgoing 

64 kbps PCM signal.

6. The apparatus recited in Claim 4, wherein said means for converting said 

incoming voice call from a voice format to an Internet Protocol telephony format 

includes a processor for converting said incoming voice call from an incoming 64 

kbps PCM signal to an outgoing 6,300 bps ITU-T G.723.1 protocol signal and 

further, wherein said means for converting packet data received across said 

Internet Protocol communication network from said mobile station from said 

Internet Protocol telephony format to said voice format includes said processor for 

converting packet data received across said Internet Protocol communication 

network from an incoming 6,300 bps ITU-T G.723.1 protocol signal to an outgoing 

64 kbps PCM signal.

7. The apparatus recited in Claim 1, wherein said Internet Protocol

communication network is an Internet.

8. The apparatus recited in Claim 1, wherein said Internet Protocol

communication network is an Intranet.

9. A method for effectuating voice communication between a mobile station 

and a mobile radio network including the steps of:

receiving an incoming voice call;

determining if said mobile station is capable of operation in a voice mode; 

routing said voice call across said mobile radio network toward said mobile 

station by enabling circuit-switched communications with said mobile station on a 

traffic channel if said mobile station is capable of operation in said voice mode; 

and
routing said incoming voice call to said mobile station across an Internet 

Protocol communication network and the mobile radio network by enabling 

packet-switched communications with said mobile station on a packet data
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channel of said mobile radio network if said mobile station is incapable of 

operation in said voice mode.

10. The method recited in Claim 9, wherein the step of determining if said 

mobile station is capable of operation in said voice mode includes the steps of:

requesting routing information for routing said incoming voice call to said 

mobile station;

identifying said mobile station as operable in said voice mode if a response 

to said request contains a first pursuit routing number to a visited mobile services 

switching center; and

identifying said mobile station as inoperable in said voice mode if said 

response contains a second pursuit routing number to a Voice Gateway.

11. The method recited in Claim 10, wherein said step of routing said incoming 

voice call to said mobile station includes the steps of:

routing said incoming voice call to a voice gateway;

mapping said mobile station to an Internet Protocol address;

setting up a call between said voice gateway and said mobile station 

located at said Internet Protocol address; and

communicating between said voice gateway and said mobile station.

12. The method recited in Claim 11, wherein the step of communicating 

between said voice gateway and said mobile station includes the steps of:

converting said incoming voice call from a voice format to an Internet 

Protocol telephony format; and

converting packet data received across said Internet Protocol 

communication network sent by said mobile station from said Internet Protocol 

telephony format to said voice format.

13. The method recited in Claim 11, wherein the step of communicating 

between said voice gateway and said mobile station includes the steps of:

communicating between said voice gateway and a packet data gateway 

across an Internet; and
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communicating between said packet data gateway and said mobile station 

via a packet data service of said mobile radio network.

14. A system for effectuating voice communication between a mobile station 

and a mobile radio network, said system including:

means for receiving an incoming voice call;

means for determining if said mobile station is able to operate in a voice 

mode;

first means for routing said voice call across said mobile radio network 

toward said mobile station by enabling circuit-switched communications with said 

mobile station on a traffic channel if said mobile station is capable of operation in 

said voice mode;

second means for routing said voice call across an Internet Protocol 

communication network and the mobile radio network toward said mobile station 

by enabling packet-switched communications with said mobile station on a packet 

channel if said mobile station is not able to operate in said voice mode.

15. The system recited in Claim 14, wherein said means for determining if said 

mobile station is capable of operation in said voice mode further includes:

means for requesting routing information for routing said incoming voice 

call to said mobile station;

means for identifying said mobile station as operable in said voice mode if 

a response to said request contains a first pursuit routing number to a visited 

mobile services switching center; and

means for identifying said mobile station as inoperable in said voice mode 

if said response contains a second pursuit routing number to a voice gateway.

16. The system recited in Claim 14, wherein said second means for routing 

said incoming voice call to said mobile station further includes:

means for mapping said mobile station to an Internet Protocol address;

means for setting up a call with said mobile station located at said Internet 

Protocol address; and• ·
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means for communicating between said voice gateway and said mobile 

station.

17. The system recited in Claim 16, wherein said means for communicating 

between said voice gateway and said mobile station further includes:

means for converting said incoming voice call from a voice format to an 

Internet Protocol telephony format; and

means for converting packet data received across said Internet Protocol 

communication network sent by said mobile station from said Internet Protocol 

telephony format to said voice format.

18. An apparatus substantially as hereinbefore described with reference to the 

accompanying drawings.

19. A method substantially as hereinbefore described with reference to the 

accompanying drawings.

20. A system substantially as hereinbefore described with reference to the 

accompanying drawings.

DATED this 17th day of July 2003 

TELEFONAKTIEBOLAGET L.M. ERICSSON (PUBL)

WATERMARK PATENT & TRADE MARK ATTORNEYS
290 BURWOOD ROAD
HAWTHORN VICTORIA 3122
AUSTRALIA

P17809AU00 : PNF/CAG/RES
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