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(57) ABSTRACT 

A computer-implemented method for communication 
includes assigning to at least first and second communica 
tion terminals (22) of a communication system (20) at least 
respective first and second private identities and a common 
public identity different from at least the first and second 
private identities. Registrations of the public identity and of 
at least the first and second private identities are simulta 
neously maintained in the communication system (20). A 
request is received to set up a call in which the public 
identity serves as one of a source and a destination of the 
call. The call is established between a third communication 
terminal and one of at least the first and second communi 
cation terminals (22) using the simultaneously-maintained 
registrations. 
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SERVICE CONVERGENCE ACROSS MULTIPLE 
COMMUNICATION DOMAINS 

CROSS-REFERENCE TO RELATED 
APPLICATIONS 

0001) This application claims the benefit of U.S. Provi 
sional Patent Application 60/645,024, filed Jan. 21, 2005, 
which is incorporated herein by reference. 

FIELD OF THE INVENTION 

0002 The present invention relates generally to commu 
nication networks, and particularly to methods and systems 
for providing communication services across multiple com 
munication domains. 

BACKGROUND OF THE INVENTION 

0003. Several concepts and architectures are known in 
the art for providing communication services over commu 
nication networks. For example, the Intelligent Network 
(IN) is an architectural concept that enables real-time execu 
tion of network services and customer applications in a 
distributed environment of interconnected computers and 
Switching systems, such as wireline and wireless telephone 
networks. IN standards have been promulgated by the Inter 
national Telecommunications Union (ITU-T) and by the 
American National Standards Institute (ANSI). The IN 
concept is described, for example, by Faynberg et al., in 
“The Development of the Wireless Intelligent Network 
(WIN) and Its Relation to the International Intelligent Net 
work Standards.” Bell Labs Technical Journal, Summer, 
1997, pages 57-80, which is incorporated herein by refer 
CCC. 

0004 Another example of a standardized service provi 
sioning architecture is the Internet Protocol Multimedia 
Subsystem (IMS) architecture. The IMS architecture is 
defined and described in a 3" Generation Partnership Project 
(3GPP) standard entitled “Technical Specification Group 
Services and System Aspects; IP Multimedia Subsystem 
(IMS): Stage 2 (Release 7), 3GPP TS 23.228, version 7.2.0, 
December 2005. This standard is available at 
www.3gpp.org/ftp/Specs/html-info/23228.htm. The IP mul 
timedia core network (IMCN) subsystem enables Public 
Land-Mobile Network (PLMN) operators to offer their 
subscribers multimedia services based on and built upon 
Internet applications, services and protocols. 
0005. The IMS architecture is described, for example, in 
a whitepaper published by Lucent Technologies Inc. (Mur 
ray Hill, N.J.) entitled “IP Multimedia Subsystem (IMS) 
Service Architecture.” February, 2005, which is incorpo 
rated herein by reference. The whitepaper is also available at 
www.lucent.com/livelink/ 
090094038005df2f White paper.pdf. 

SUMMARY OF THE INVENTION 

0006. In many practical situations, a service provider or 
other organization operates two or more communication 
networks conforming to different standards, protocols or 
access methods. For example, a service provider may oper 
ate both wireline and wireless networks, or may be in the 
process of migrating from a legacy network to a new 
generation network. In Such applications, it is often desirable 
to converge and unify the services provided by these net 
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works, as well as the management of Subscribers and com 
munication terminals. Embodiments of the present invention 
provide methods and systems for service-level convergence 
of communication networks. 

0007. In some cases, a subscriber may operate two or 
more communication terminals, or may operate dual-mode 
or multi-mode terminals. Methods and systems described 
herein converge and unify the services provided to subscrib 
ers, regardless of the particular terminal or network used to 
obtain these services. In some embodiments, two or more 
communication terminals are associated with a common 
public identity. Each terminal is also associated with a 
unique private identity. Records that register both public and 
private identities are maintained simultaneously by the Ser 
vice provider. Calls related to the public identity are then 
processed using the simultaneously-maintained registration 
records. 

0008. In some embodiments, services carried out by 
service platforms in different communication networks are 
invoked and offered to a terminal, regardless of the network 
affiliation of the terminal. In particular, services carried out 
by service platforms in networks conforming to different 
communication domains are invoked and provided during a 
single call or session. 
0009. In some practical scenarios, a circuit-switched net 
work is connected to a packet-switched network. In some 
embodiments, the convergence methods and systems 
described herein enable calls arriving over the packet 
switched network and addressed to terminals of the circuit 
switched network to be routed to their destinations without 
using any gateway Switching elements of the circuit 
switched network, such as gateway MSCs. As a result, traffic 
load and processing tasks are transferred from the circuit 
switched network to the packet-switched network and the 
routing of calls is simplified. 

0010. There is therefore provided, in accordance with an 
embodiment of the present invention, a computer-imple 
mented method for communication, including: 
0011 assigning to at least first and second communica 
tion terminals of a communication system at least respective 
first and second private identities and a common public 
identity different from at least the first and second private 
identities; 

0012 simultaneously maintaining registrations of the 
public identity and of at least the first and second private 
identities in the communication system; 
0013 receiving a request to set up a call in which the 
public identity serves as one of a source and a destination of 
the call; and 

0014) establishing the call between a third communica 
tion terminal and one of at least the first and second 
communication terminals using the simultaneously-main 
tained registrations. 

0015. In an embodiment, the first communication termi 
nal communicates with a first network conforming to a first 
communication domain, and the second communication 
terminal communicates with a second network conforming 
to a second communication domain different from the first 
communication domain. 
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0016. In another embodiment, establishing the call 
includes invoking a first service platform in the first network 
to provide a first call service and invoking a second service 
platform in the second network to provide a second call 
service, the first and second call services associated with the 
public identity. 

0017. In yet another embodiment, receiving the request 
includes receiving an incoming call destined to a Subscriber 
associated with the public identity, and establishing the call 
includes selecting a terminal from among the first and 
second communication terminals and routing the incoming 
call to one of the first and second private identities that is 
assigned to the selected terminal. 
0018. In still another embodiment, routing the incoming 
call includes routing the incoming call to the selected 
terminal via a convergence server (CS) in the communica 
tion system. 
0019. Additionally or alternatively, routing the incoming 
call includes assigning to the received incoming call a first 
temporary routable number (TRN) associated with the CS in 
order to cause the incoming call to be routed to the CS. 
Further additionally or alternatively, routing the incoming 
call includes assigning to the incoming call routed to the CS 
a second. TRN so as to cause the incoming call to be routed 
from the CS to the selected terminal. 

0020. In an embodiment, assigning the first TRN includes 
caching at the CS an association between the first TRN and 
the public identity and, when the incoming call routed to the 
CS does not carry the public identity, determining the public 
identity responsively to the cached association. 
0021. In another embodiment, receiving the request 
includes receiving an outgoing call initiated by an initiating 
terminal including one of the first and second communica 
tion terminals, the outgoing call addressed to a destination, 
and establishing the call includes routing the outgoing call to 
the destination via a convergence server (CS) in the com 
munication system. 
0022. In yet another embodiment, routing the outgoing 
call includes replacing in the outgoing call a private identity 
of the initiating terminal with the public identity. 
0023. Additionally or alternatively, routing the outgoing 
call via the CS includes assigning to the received outgoing 
call a temporary routable number (TRN) associated with the 
CS, so as to cause the outgoing call to be routed to the CS, 
and Subsequently routing the outgoing call from the CS to 
the destination. 

0024. Further additionally or alternatively, assigning the 
TRN includes caching at the CS an association between the 
assigned TRN and one of the first and second private 
identities associated with the initiating terminal, and, when 
the outgoing call routed to the CS does not carry the private 
identity of the initiating terminal, determining the private 
identity of the initiating terminal responsively to the cached 
association. 

0025. In an embodiment, establishing the call includes 
invoking a call service associated with the public identity. In 
another embodiment, establishing the call includes handing 
off the call from the one of the first and second communi 
cation terminals to another of the first and second commu 
nication terminals. 
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0026. There is also provided, in accordance with an 
embodiment of the present invention, a convergence server 
(CS), including: 

0027 a registry, which is arranged to hold an association 
between at least first and second private identities of at least 
respective first and second communication terminals and a 
common public identity different from at least the first and 
second private identities; and 
0028 a processor, which is arranged to store in an iden 

tity database a registration of the public identity in addition 
to registrations of at least the first and second private 
identities stored in the identity database, so as to cause the 
identity database to simultaneously maintain the registra 
tions of the public identity and of at least the first and second 
private identities, to receive a request to set up a call in 
which the public identity serves as one of a source and a 
destination of the call, and to establish the call between a 
third communication terminal and one of at least the first and 
second communication terminals responsively to the asso 
ciation and to the simultaneously-maintained registrations. 

0029. There is further provided, in accordance with an 
embodiment of the present invention, a communication 
system, including: 

0030) 
0031 at least first and second communication terminals 
having at least respective first and second private identities 
registered in the identity database; and 
0032 a convergence server, which is arranged to assign 
to at least the first and second communication terminals a 
common public identity different from at least the first and 
second private identities, to cause the identity database to 
simultaneously maintain registrations of the public identity 
and of at least the first and second private identities, to 
receive a request to set up a call in which the public identity 
serves as one of a source and a destination of the call, and 
to establish the call between a third communication terminal 
and one of at least the first and second communication 
terminals responsively to the association and to the simul 
taneously-maintained registrations. 

an identity database; 

0033. There is additionally provided, in accordance with 
an embodiment of the present invention, a computer soft 
ware product for communication, the product including a 
computer-readable medium, in which program instructions 
are stored, which instructions, when read by a computer, 
cause the computer to hold an association between at least 
first and second private identities of at least respective first 
and second communication terminals and a common public 
identity different from at least the first and second private 
identities, to store in an identity database a registration of the 
public identity in addition to registrations of at least the first 
and second private identities stored in the identity database 
So as to cause the identity database to simultaneously 
maintain the registrations of the public identity and of at 
least the first and second private identities, to receive a 
request to set up a call in which the public identity serves as 
one of a source and a destination of the call, and to establish 
the call between a third communication terminal and one of 
at least the first and second communication terminals 
responsively to the association and to the simultaneously 
maintained registrations. 
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0034. There is also provided, in accordance with an 
embodiment of the present invention, a computer-imple 
mented method for communication in a communication 
system including a circuit-switched network and a packet 
Switched network, the method including: 
0035 accepting a request to set up a call for a commu 
nication terminal associated with one of the circuit-switched 
network and the packet-switched network; 
0036) establishing the call with the one of the circuit 
Switched network and the packet-switched network respon 
sively to the request; and 
0037 during the call, invoking a first service platform in 
the circuit-switched network to provide a first call service, 
and a second service platform in the packet-switched net 
work to provide a second call service to the communication 
terminal. 

0038. In an embodiment, the circuit-switched network 
operates in accordance with a signaling system 7 (SS7) 
protocol. 

0039. In another embodiment, the first service platform 
includes a service control point (SCP) and the first service 
includes an intelligent network (IN) service. 
0040. In yet another embodiment, the packet-switched 
network includes an Internet Protocol (IP) network, and the 
second service platform includes a session initiation proto 
col (SIP) application server (AS). 
0041. In still another embodiment, the packet-switched 
network includes an IP Multimedia Subsystem (1MS) net 
work. 

0042. There is additionally provided, in accordance with 
an embodiment of the present invention, a convergence 
server, including: 

0.043 first and second network interfaces, which are 
respectively arranged to communicate with a circuit 
Switched network and a packet-switched network; and 
0044) a processor, which is arranged to accept a request 
to set up a call for a communication terminal associated with 
one of the circuit-switched network and the packet-switched 
network, to establish the call with the one of the circuit 
Switched network and the packet-switched network respon 
sively to the request and, during the call, to invoke a first 
service platform in the circuit-switched network to provide 
a first call service, and a second service platform in the 
packet-switched network to provide a second call service to 
the communication terminal. 

0045. There is further provided, in accordance with an 
embodiment of the present invention, a communication 
system, including: 

0046) a circuit-switched network including a first service 
platform, which is arranged to provide a first call service; 
0047 a packet-switched network including a second ser 
Vice platform, which is arranged to provide a second call 
service; and 
0.048 a convergence server connected to the circuit 
Switched and packet-switched networks, which is arranged 
to accept a request to set up a call for a communication 
terminal associated with one of the circuit-switched network 
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and the packet-switched network, to establish the call with 
the one of the circuit-switched network and the packet 
Switched network responsively to the request and, during the 
call, to invoke the first and second service platforms in order 
to provide the first and second call services to the commu 
nication terminal. 

0049. There is also provided, in accordance with an 
embodiment of the present invention, a computer software 
product for communication, the product including a com 
puter-readable medium, in which program instructions are 
stored, which instructions, when read by a computer, cause 
the computer to communicate with a circuit-switched net 
work including a first service platform arranged to provide 
a first call service, to communicate with a packet-switched 
network including a second service platform arranged to 
provide a second call service, to accept a request to set up 
a call for a communication terminal associated with one of 
the circuit-switched network and the packet-switched net 
work, to establish the call with the one of the circuit 
Switched network and the packet-switched network respon 
sively to the request and, during the call, to invoke the first 
and second service platforms in order to provide the first and 
second call services to the communication terminal. 

0050. There is additionally provided, in accordance with 
an embodiment of the present invention, a computer-imple 
mented method for communication over circuit-switched 
and packet-switched networks, including: 

0051 accepting, at a media gateway controller (MGC) 
connected to the circuit-switched and packet-switched net 
works, signaling of a call addressed to a destination terminal 
in the circuit-switched network; 
0052 responsively to the signaling, interrogating a home 
location register (HLR) of the circuit-switched network 
without using any gateway Switching element of the circuit 
switched network so as to provide to the MGC routing 
information enabling routing of the call to a serving Switch 
ing element of the circuit-switched network that serves the 
destination terminal; and 

0053 based on the provided routing information, routing 
the call using the MGC to the destination terminal via the 
serving Switching element. 

0054. In an embodiment, the circuit-switched network 
includes a mobile circuit-switched network. 

0055. In another embodiment, the method includes 
accepting a media content of the call at a media gateway 
(MGW) controlled by the MGC and connected to the 
circuit-switched and packet-switched networks, and routing 
the call includes causing the MGW to route the media 
content to the destination terminal via the serving Switching 
element. 

0056. In yet another embodiment, interrogating the HLR 
includes accepting from the HLR a temporary routable 
number (TRN) associated with the serving switching ele 
ment, and routing the call includes causing the MGC to route 
the call to the TRN. 

0057. In still another embodiment, the circuit-switched 
network includes first and second Sub-networks including 
respective first and second HLRs, and interrogating the HLR 
includes determining one of the first and second Sub-net 
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works with which the destination terminal is associated, and 
interrogating a corresponding one of the first and second 
HLRS. 

0.058. In an embodiment, the first sub-network conforms 
to a first communication protocol and the second Sub 
network conforms to a second communication protocol 
different from the first communication protocol. 
0059. In another embodiment, interrogating the HLR 
includes accepting from the HLR an indication of a call 
service to be provided to the call, and invoking a service 
platform to provide the call service. 
0060. In yet another embodiment, invoking the service 
platform includes invoking at least one of a service control 
point (SCP) in the circuit-switched network and an appli 
cation server (AS) in the packet-switched network. 
0061. In still another embodiment, interrogating the HLR 
includes accepting from the HLR an indication of a call 
service including a routing operation to be performed on the 
call, and performing the routing operation responsively to 
the indication. 

0062) There is further provided, in accordance with an 
embodiment of the present invention, a convergence server, 
including: 

0063 a network interface, which is arranged to commu 
nicate with a circuit-switched network, a packet-switched 
network and a media gateway controller (MGC) connected 
to the circuit-switched and packet-switched networks; and 
0064 a processor, which is arranged to interrogate a 
home location register (HLR) of the circuit-switched net 
work responsively to signaling of a call accepted by the 
MGC over the packet-switched network, the call addressed 
to a destination terminal in the circuit-switched network so 
as to provide to the MGC, without using any gateway 
Switching element of the circuit-switched network, routing 
information enabling routing of the call to a serving Switch 
ing element of the circuit-switched network that serves the 
destination terminal and, based on the provided routing 
information, to route the call using the MGC to the desti 
nation terminal via the serving Switching element. 
0065. There is also provided, in accordance with an 
embodiment of the present invention, a communication 
system, including: 

0.066 a circuit-switched network; 
0067 a packet-switched network; 
0068 a media gateway controller (MGC) connected to 
the circuit-switched and packet-switched networks, which is 
arranged to accept signaling of a call over the packet 
switched network, the call addressed to a destination termi 
nal in the circuit-switched network, and to route the call to 
the destination terminal; and 

0069 a convergence server connected to the MGC and to 
the circuit-switched and packet-switched networks, which is 
arranged to interrogate a home location register (HLR) of 
the circuit-switched network responsively to the signaling of 
the call without using any gateway Switching element of the 
circuit-switched network, so as to provide to the MGC 
routing information enabling routing of the call to a serving 
switching element of the circuit-switched network that 
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serves the destination terminal, and, based on the provided 
routing information, to route the call using the MGC to the 
destination terminal via the serving Switching element. 
0070 There is additionally provided, in accordance with 
an embodiment of the present invention, a computer soft 
ware product for communication over circuit-switched and 
packet-switched networks, the product including a com 
puter-readable medium, in which program instructions are 
stored, which instructions, when read by a computer, cause 
the computer to interrogate a home location register (HLR) 
of the circuit-switched network responsively to signaling of 
a call accepted by a media gateway controller (MGC) over 
the packet-switched network, the call addressed to a desti 
nation terminal in the circuit-switched network, so as to 
provide to the MGC, without using any gateway Switching 
element of the circuit-switched network, routing information 
enabling routing of the call to a serving Switching element 
of the circuit-switched network that serves the destination 
terminal and, based on the provided routing information, to 
route the call using the MGC to the destination terminal via 
the serving Switching element. 
0071. The present invention will be more fully under 
stood from the following detailed description of the embodi 
ments thereof, taken together with the drawings in which: 

BRIEF DESCRIPTION OF THE DRAWINGS 

0072 FIG. 1 is a block diagram that schematically illus 
trates a communication system, in accordance with an 
embodiment of the present invention; 
0073 FIG. 2 is a block diagram that schematically illus 
trates elements of a convergence server, in accordance with 
an embodiment of the present invention; 
0074 FIG. 3 is a diagram that schematically illustrates 
public and private identities, in accordance with an embodi 
ment-of the present invention; 
0075 FIG. 4 is a call-flow diagram that schematically 
illustrates a method for registration with a mobile network, 
in accordance with an embodiment of the present invention; 
0076 FIG. 5 is a call-flow diagram that schematically 
illustrates a method for registration with a packet network, 
in accordance with an embodiment of the present invention; 
0.077 FIG. 6 is a flow chart that schematically illustrates 
a method for processing incoming calls, in accordance with 
an embodiment of the present invention; 
0078 FIG. 7 is a flow chart that schematically illustrates 
a method for processing outgoing calls, in accordance with 
an embodiment of the present invention; 
0079 FIGS. 8A and 8B are block diagrams that sche 
matically illustrate distributed gateway mobile Switching 
center (GMSC) configurations, in accordance with embodi 
ments of the present invention; 
0080 FIG. 9 is a call-flow diagram that schematically 
illustrates a method for processing an incoming call using a 
distributed GMSC configuration, in accordance with an 
embodiment of the present invention; 
0081 FIGS. 10-14 are call-flow diagrams that schemati 
cally illustrate methods for processing incoming and outgo 
ing calls, in accordance with embodiments of the present 
invention; and 
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0082 FIGS. 15 and 16 are call-flow diagrams that sche 
matically illustrate methods for handing-off calls, in accor 
dance with embodiments of the present invention. 

DETAILED DESCRIPTION OF EMBODIMENTS 

System Description 
0.083 FIG. 1 is a block diagram that schematically illus 
trates a communication system 20, in accordance with an 
embodiment of the present invention. System 20 provides 
connectivity as well as various communication services to 
communication terminals 22. System 20 comprises two or 
more networks conforming to respective communication 
domains. Each communication domain is characterized by a 
particular standard, protocol or access method. For example, 
in the configuration of FIG. 1, system 20 comprises a 
circuit-switched mobile network 24 and a packet-switched 
network 28, each viewed as a separate communication 
domain. Typically, the communication domains of system 
20 are different from one another. In some embodiments, 
however, system 20 may comprise two communication 
domains conforming to the same standard, protocol or 
access method. 

0084. In alternative embodiments, the communication 
domains of system 20 may comprise, for example, Wireless 
Local Area Networks (WLAN), Wi-Fi networks, WiMax 
Networks, Code Division Multiple Access (CDMA) net 
works such as CdmaOne, CDMA2000 and EvDo, Global 
System for Mobile communication (GSM) networks, Uni 
versal Mobile Telecommunication System (UMTS) and 
other third generation (3G) networks, IP Multimedia Sub 
system (IMS) networks, wireline networks of different 
kinds, or any other suitable communication networks. The 
communication domains may comprise either circuit 
switched or packet-switched networks. 
0085 System 20 may comprise any number of commu 
nication domains, which are typically but not necessarily 
operated by the same service provider. The methods and 
systems described hereinbelow enable the service provider 
to converge and unify the services provided by system 20, as 
well as to manage the Subscribers and terminals across the 
different communication domains of the system. 
0.086 Terminals 22 conduct calls via network 20. 
Although the embodiments described herein refer mainly to 
Voice calls, in the context of the present patent application 
and in the claims, the term "call is used in a wider sense to 
describe any type of communication session with a terminal 
22, Such as, for example, Voice calls, short message service 
(SMS) messages, multimedia messaging service (MMS) 
messages, SIP instant messages, IP connections, voice over 
IP sessions and multimedia sessions. 

0087. In the exemplary configuration of FIG. 1, mobile 
network 24 provides connectivity and services to cellular 
terminals 32. Such as cellular phones, cellular modems and 
adapters, and/or any other type of cellular terminals. For the 
sake of simplicity, the description that follows will refer 
mainly to cellular phones, although the methods and systems 
described herein can be used in conjunction with any other 
type of cellular terminals and wireless communication cli 
entS. 

0088 Cellular phones 32 register with one or more 
mobile switching centers (MSC) 36, typically via base 
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stations and base station controllers (not shown), as is 
known in the art. In some cases, a particular MSC may 
perform the function of a gateway MSC (GMSC) that accept 
incoming calls from outside of network 24, as a serving 
MSC (S-MSC) serving a particular phone 32, or both. 

0089. A home location register (HLR) 40 serves as the 
main identity database of network 24. HLR 40 stores sub 
scriber and terminal information, such as the identities of the 
Subscribers and terminals used in System 20. In some 
embodiments, HLR 40 may store access privileges, service 
parameters and any additional information related to the 
subscribers and/or terminals of system 20. As will be shown 
below, HLR 40 has a central role in determining how calls 
are routed to and from a particular cellular phone. 

0090. In some embodiments, the functions of HLR 40 
described herein can be carried out by any other suitable 
network element comprising an identity database, which is 
interrogated by incoming and/or outgoing calls. Thus, HLR 
40 in this context is an exemplary embodiment of an identity 
database. 

0091. In some embodiments, network 24 provides intel 
ligent network (IN) services, as are known in the art. As 
Such, network 24 comprises one or more service control 
points (SCP) 44. Generally, each SCP comprises a network 
element that receives triggers from an MSC or other network 
element and provides a particular communication service. 
IN services may comprise, for example, toll-free (“1-800) 
services, charging/billing services or prepaid services. Net 
work 24 may also comprise additional elements known in 
the art, such as a short message service (SMS) center 48. 
0092. In the exemplary configuration of FIG. 1, the 
elements of network 24 are interconnected by a circuit 
switched public land mobile network (PLMN) operating in 
accordance with the well-known signaling system 7 (SS7) 
protocol. Network 24 may be logically divided into a 
switching layer, which comprises the MSCs, and a service 
layer, which comprises the HLR. SCPs and SMS center. 

0093 Packet network 28 operates in accordance with the 
well-known session initiation protocol (SIP). Network 28 
provides connectivity and communication services to IP 
terminals 52 such as SIP phones, voice over IP (VoIP) 
phones, IP multimedia terminals and/or any other type of IP 
terminals. For the sake of simplicity, the description that 
follows will refer mainly to SIP phones, although the meth 
ods and systems described herein can be used in conjunction 
with any other type of IP terminal. 
0094. In some embodiments, network 28 operates in 
accordance with the IMS architecture cited above. Like 
network 24, network 28 can also be logically divided into a 
Switching layer (also referred to as a session control layer) 
and a service layer. In the Switching layer, in accordance 
with the SIP protocol, a call state control function (SCSF) 56 
serves as a database that registers and authenticates SIP 
phones 52 and handles session control for these phones. 
Active SIP phones typically register with the CSCF. The 
CSCF is thus able to provide a routable address, such as an 
IP address, with which the SIP phone is currently associated. 
In some embodiments, the CSCF comprises a standalone 
network element. In alternative embodiments, the function 
ality of the CSCF can be integrated into other network 
elements, as will be explained below. In the service layer of 
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network 28, one or more SIP application servers (AS) 60 
provide particular communication services. 
0.095 The two communication domains (networks 24 and 
28) are connected by one or more media gateways (MGW) 
64 controlled by media gateway controllers (MGC) 68. 
Media gateways, as are known in the art, are located at the 
edge of a multi-service packet network and provide media 
translation between the protocols of disparate networks, 
such as between networks 24 and 28. For example, in the 
configuration of FIG. 1, MGW 64 translates the time 
division multiplexing (TDM) media formats of network 24 
into IP-formatted media as required in network 28, and vice 
versa. MGC 68 (sometimes also referred to as a Softswitch) 
provides translation of signaling and control protocols 
between the communication domains. In the example of 
FIG. 1, MGC 68 translates between the SS7 and SIP 
protocols used by networks 24 and 28, respectively. 
0096) MGW 64 and MGC 68 provide media and control 

translation, both related to the switching layer of networks 
24 and 28. However, in order to provide full service-level 
unification of the two networks, it is desirable to provide 
convergence and translation at the service level. These 
service-level convergence functions are performed by a 
convergence server (CS) 72, which is connected to networks 
24 and 28, and typically also to MGC 68. The internal 
structure of CS 72, as well as methods for identity manage 
ment, call processing and service unification carried out 
using CS 72, are described below. 
0097 Although the network configuration of FIG. 1 and 
some of the method descriptions hereinbelow refer to the 
service-level convergence of an SS7 network with a SIP 
network, various other types of communication domains that 
can be converged will be apparent to those skilled in the art. 
For example, the methods and systems described herein can 
be used to provide service-level convergence for dual-mode 
or multi-mode terminals 76, which support two or more 
communication domains in a single user terminal. As 
another example, IP network 28 may comprise a WLAN 
network that provides services to wireless SIP terminals. 
Network 24 may comprise, for example, a wireline SS7 
network comprising other types of Switching elements, such 
as C4/C5 Switches. 

0.098 FIG. 2 is a block diagram that schematically illus 
trates elements of convergence server 72 and their interac 
tion with elements of system 20, in accordance with an 
embodiment of the present invention. In the system con 
figuration of FIG. 2, MGC 68 is also connected to a public 
switched telephone network (PSTN) 78, from which incom 
ing calls may arrive and to which outgoing calls may be 
destined. CS 72 comprises a control module 80, which 
performs the different management and coordination func 
tions of the server. These functions are sometimes referred 
to as service capability interaction management (SCIM) 
functions. Module 80 also serves as a network interface for 
communicating with CSCF 56 and with SIP application 
servers 60 of network 28. In alternative embodiments, the 
functions of CSCF 56 may be integrated as part of CS 72 or 
MGC 68. 

0099. A service switching function (SSF) 84 serves as a 
network interface for communicating with SCPs 44 of 
network 24. The SSF produces triggers that invoke the 
different SCPs to provide the required services. In embodi 
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ments in which network 24 conforms to the IN architecture, 
SSF 84 communicates with SCPs 44 using IN application 
protocol (INAP). SSF 84 also interrogates HLR 40 as part of 
the call processing methods described below. A service 
control function (SCF) 88 serves as an interface with MSCs 
36 of network 24. Typically, the SCF interacts with the 
MSCs similarly to a SCP. 
0100 CS 72 comprises a CS registry 92, which serves as 
a visitor location register (VLR) for subscribers of system 
20. CS 72 also comprises a redirection proxy 96, which 
stores contexts of calls processed by CS 72. The roles of 
registry 92 and proxy 96 will be explained in greater detail 
in the method descriptions further below. 
0101 Typically, convergence server 72 comprises a gen 
eral-purpose computer, which is programmed in Software to 
carry out the functions described herein. The software may 
be downloaded to the CS in electronic form, over a network, 
for example, or it may alternatively be supplied to the 
computer on tangible media, such as CD-ROM. 

Management of Multiple Identities 

0102) In many cases, a particular subscriber may own or 
operate two or more terminals 22 of system 20. For example, 
the same Subscriber may operate a cellular phone 32, a 
WLAN-enabled laptop computer comprising a software 
based voice over IP (VoIP) client and a wireline SIP phone 
52, all registered with the service provider of system 20. As 
another example, a Subscriber may use a dual-mode terminal 
76, which has both cellular and WLAN functionalities. In 
the present context, the dual-mode terminal is viewed as two 
separate terminals 22—a cellular phone 32 and a WLAN 
terminal packaged together. Another example of multiple 
terminals associated with a single Subscriber is a multi-mode 
wireless terminal integrating CDMA, GSM and Wi-Fi ter 
minals. 

0103) In general, each of the terminals operated by the 
Subscriber is associated with one of the communication 
domains of system 20, such as mobile network 24 or packet 
network 28. The methods and systems described herein 
converge and unify the services provided by system 20 to the 
subscriber, regardless of the terminal he or she currently uses 
to obtain these services. 

0104. In particular, it is often desirable that the subscriber 
be identified to other subscribers by a single identity, regard 
less of the terminal 22 currently used. This subscriber 
identity, referred to as a public ID, typically comprises the 
telephone number by which the subscriber is known (e.g., 
the number given on the subscriber's business card or a 
SIP-based Uniform Resource Identifier (URI) address). 
Thus, incoming calls destined to the subscriber will carry the 
public ID as the destination of the call. Outgoing calls 
originating from any of the terminals operated by the 
subscriber should carry the public ID as the source of the 
call. The public ID is usually created when the subscriber 
first signs up with the service provider. 

0105. As will be shown below, the public ID carried by 
outgoing and incoming calls is sometimes used to invoke 
outgoing call services (O-side services) and/or incoming call 
services (T-side services) associated with the subscriber. As 
Such, O-side and T-side services are invoked regardless of 
the terminal 22 used in the call. Additionally, when the 
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recipient of an outgoing call initiated by the Subscriber uses 
caller-ID, the ID displayed will be the public ID. Addition 
ally or alternatively, other actions related to the subscriber 
and not to a particular terminal 22, Such as billing and 
customer care, are performed using the public ID. 
0106. In addition to the subscriber-related public ID, each 
terminal 22 is uniquely identified by a private ID. In some 
embodiments, the association between public IDs and pri 
vate IDs is stored and managed in the convergence server. 
Alternatively, the association can also be stored and/or 
managed in a Suitable external database accessible to the 
convergence server. Typically, the private ID comprises a 
network address of the terminal, in accordance with the 
technology, standard or protocol of the communication 
domain in question. 
0107 For example, the private ID of a particular cellular 
phone 32 may comprise an International Mobile Station 
Identity (IMSI) or International Mobile Equipment Identity 
(IMEI), as used in GSM and UMTS networks. In an IP 
network, the private ID of a SIP terminal may comprise a 
SIP address of the terminal. Other examples of private IDs 
are Mobile Identification Numbers (MIN) used in some 
CDMA networks and SIP URIs used in some SIP-based 
packet networks. The private ID is typically recognized only 
internally in system 20. Users and/or external elements and 
networks communicating with the Subscriber, as well as the 
subscriber himself, are usually only aware of the public ID 
and not of the private IDs. 
0108 FIG. 3 is a diagram that schematically demon 
strates the concept of public and private identities, in accor 
dance with an embodiment of the present invention. A 
subscriber 79 is identified by a public ID. In the present 
example, subscriber 79 uses three terminals 22. SIP phone 
52 used by subscriber 79 is associated with packet network 
28 and is identified by a private ID denoted PRIVATE ID1. 
Subscriber 79 also operates a dual-mode terminal 76, which 
may communicate with both mobile network 24 and packet 
network 28. The cellular terminal in dual-mode terminal 76 
is identified by a private ID denoted PRIVATE ID2, whereas 
the SIP terminal in the dual-mode terminal is identified by 
a private ID denoted PRIVATE ID3. Cellular handset 32 
used by subscriber 79 is associated with mobile network 24 
and is identified by a private ID denoted PRIVATE ID4. All 
four private IDs are associated with the same public ID. 
0109) The private IDs of terminals 32 of network 24 that 
are currently accessible in network 24 are registered in HLR 
40. The private IDs of terminals 52 that are currently 
accessible in network 28 are typically stored in a database 
accessible to the convergence server, Such as in a network 
specific registry in network 28 or in registry 92, as will be 
described below. An exemplary network-specific registry 
may comprise a home subscriber server (HSS) used in IMS 
networks. In general, the record registering the private ID 
points to a network location where information for accessing 
the corresponding terminal 22 is available. When terminal 
22 belongs to mobile network 24, the record points to the 
MSC that currently serves this terminal. When terminal 22 
belongs to packet network 28 the-record points to CSCF 56. 
0110. In addition, the public ID related to the subscriber 

is registered in HLR 40 using a record that points to 
convergence server 72. The record registering the public ID 
in the HLR defines CS 72 (or, more accurately, registry 92 
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of CS 72) as the VLR of the public ID. In other words, CS 
72 is configured as the serving MSC (S-MSC) of all public 
IDs. Exemplary registration processes, in which the appro 
priate registration records are created and stored, are 
described in FIGS. 4 and 5 below. 

0111. Thus, when an incoming call carrying a certain 
public ID arrives, the HLR routes the call to CS 72, as 
indicated by the record corresponding to this public ID. In 
Some cases, when the incoming call is destined to a public 
ID in the form of a SIP URI address, the call will be routed 
to the CS 72 via CSCF 56. CS 72 selects the private ID to 
which the call should be routed, and performs the appropri 
ate routing. An exemplary method for processing incoming 
calls is described in detail in FIG. 6 below. The method 
description includes several exemplary criteria and logic, 
which may be applied by CS 72 for selecting the private ID. 

0.112. When an outgoing call is initiated by one of the 
terminals associated with a certain public ID, the call is 
routed to CS 72. CS 72 replaces the private ID carried by the 
call with the public ID and routes the call to its destination. 
An exemplary method for processing outgoing calls is 
described in detail in FIG. 7 below. 

0113. Unlike some known identity management methods 
in which only one private identity is registered (i.e., active) 
at any given time, in the methods and systems described 
herein all private IDs associated with a particular public ID 
can be active simultaneously. The simultaneous availability 
of multiple private IDS provides several advantages. 

0114 For example, a hand-off process from one private 
ID to another (i.e., the process of transferring an active call 
from one terminal to another) is quick and Smooth, in 
comparison to known hand-off procedures. In some embodi 
ments, when simultaneous private identities are active 
simultaneously, the corresponding terminals 22 are also kept 
active. Therefore, unlike known hand-off procedures, there 
is no need to perform terminal initialization as part of the 
hand-off process. Additionally, there is no need to deregister 
one private ID and to register another private ID in the HLR 
or to qualify the terminal with the HLR. Furthermore, the 
hand-off procedure can be made transparent to the service 
platformns (e.g., SIP AS and/or SCP) involved in the call. 
Since there is no need to register and deregister the private 
IDs, the signaling load handled by HLR 40 is reduced. 
Exemplary hand-off procedures that use simultaneously 
active private identities are described in FIGS. 15 and 16 
below. 

0115 The simultaneous availability of private IDs 
enables CS 72 to exercise different rules or policies when 
deciding to which terminal an incoming call is to be routed. 
For example, in Some embodiments it is possible to send an 
indication of the call (e.g., session/call ring) to all terminals 
22 associated with the public ID, not only to the terminal 
selected to accept the call. As another example, different 
call/session types can be routed to appropriate terminal 
types. For example, when one communication domain of 
system 20 comprises a cellular network and another domain 
comprises a data network (e.g., EvDO or WiFi) that does not 
Support Voice media, Voice calls can be routed to a terminal 
of the cellular network, while messaging calls can be routed 
to a terminal of the data network, assuming both terminals 
are associated with the same public ID. 
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Registration Method Descriptions 
0116 FIG. 4 is a call-flow diagram that schematically 
illustrates a method for registering a cellular phone 32 in 
mobile network 24, in accordance with an embodiment of 
the present invention. The call flow examples given below 
use the terminology of the IS-41 network standard, which is 
typical of US cellular networks such as CDMA. Call flows 
that use similar principles can be defined for any other 
suitable network standard, such as GSM. 
0117 The registration method begins with cellular phone 
32 being turned on inside the coverage area of mobile 
network 24, or otherwise attempting to join the mobile 
network. Phone 32 first registers with one of MSCs 36 using 
its private ID, at a phone MSC registration step 100. The 
MSC with which the phone registers is referred to as the 
serving MSC, or S-MSC, of this phone. 
0118. The serving MSC sends a registration notification 
(REGNOT) message comprising the phone's private ID to 
HLR 40, at a phone HLR registration step 101. The regis 
tration notification message of step 101, carrying the private 
ID, is also received by convergence server 72, at a registra 
tion interception step 102. In some embodiments, the CS 
monitors the registration messages using a passive probe 
mechanism or using a proxy mechanism, as are known in the 
art. A proxy mechanism typically comprises using an active 
element acting as an HLR towards the MSCs and as an MSC 
towards the HLR. Steps 102,104 and 105 below are optional 
and applicable when probing/proxy methods are used. Oth 
erwise, registration of the public ID in step 104 below is 
performed as a static or periodic provisioning process. 
0119) If the registering phone 32 is authorized by HLR 
40, the HLR creates and stores a record comprising the 
private ID of the cellular phone and pointing to the serving 
MSC. The HLR then sends a registration approval message 
to the serving MSC, at a HLR MSC approval step 103. The 
approval message typically comprises service parameters to 
be used for this terminal. In particular, the approval message 
notifies the MSC that CS 72 is to be used as SCP for this 
terminal. 

0120 In some embodiments, after receiving the registra 
tion notification message at step 102 above, control module 
80 of CS 72 retrieves from registry 92 the public ID that 
corresponds to the private ID carried by the notification 
message. CS 72 then sends a registration notification mes 
sage to HLR 40, at a cellular CS HLR registration step 104. 
The message requests the HLR to register the public ID with 
a record pointing to the CS (i.e., requesting to define the CS 
as the VLR of the public ID). 
0121. In an alternative embodiment, CS HLR registration 
step 104 is performed only after HLR 40 authorizes the 
terminal and registers the corresponding private ID (i.e., 
after a successful completion of HLR MSC approval step 
103 above). After the HLR registers the public ID, it sends 
an approval message to the CS, at a cellular HLR. CS 
approval step 105. Additionally or alternatively, before 
carrying out step 104, CS 72 may first check whether the 
public ID is already registered in the HLR (for example 
because another terminal 22 associated with this public ID 
is already registered). If the public ID is already registered, 
steps 104 and 105 are omitted. 
0122) In some embodiments, public IDs are also regis 
tered in SIP application servers 60 in parallel to the regis 
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tration in the HLR. In these embodiments, CS 72 sends a SIP 
registration message to SIP AS 60, at a cellular SIP regis 
tration step 106. The SIP application servers register the 
public ID and approve the SIP registration message, at a 
cellular SIP approval step 107. 
0123. After the registration method described above is 
completed, two records are added to the HLR: (1) the 
cellular phone's private ID is registered with a record 
pointing to the serving MSC and (2) the corresponding 
public ID is registered with a record pointing to the CS. 
0.124. If additional terminals 32 (and optionally other 
terminals 52) associated with this public ID are also active, 
the private IDs of these terminals will also be registered in 
the HLR using additional, mutually-independent records. 
The use of these records in the processing and routing of 
incoming and outgoing calls is shown in FIGS. 6 and 7 
below. 

0.125 FIG. 5 is a call-flow diagram that schematically 
illustrates a method for registering a SIP terminal with 
packet network 28, in accordance with an embodiment of the 
present invention. The method begins with a SIP terminal, 
for example a SIP phone, attempting to join network 28. The 
SIP terminal sends a registration message to CSCF 56 using 
its private ID, at a terminal CSCF registration step 108. The 
CSCF registers the SIP terminals current IP address. 
0.126 CSCF 56 now sends a registration message to CS 
72, at a CSCF CS registration step 109. The CS accepts the 
message carrying the private ID and retrieves the corre 
sponding public ID from registry 92. The CS then registers 
the public ID at SIP application servers 60 and at HLR 40. 
In some embodiments, the CS accepts from CSCF 56 a 
routable address of the SIP terminal, such as an IP address 
or a SIP Uniform Resource Identifier (URI) of the terminal. 
The CS stores the routable address of the SIP terminal and 
uses it to route Subsequent incoming calls destined to the 
terminal. 

0.127 Optionally, CS 72 also sends a registration message 
to AS 60, at a terminal AS registration step 110. The SIP 
application servers register the public ID with a record 
pointing to the CS, and approve the registration message, at 
an ASCS approval step 111. 
0.128 CS 72 sends a registration message to HLR 40, at 
a SIPCS HLR registration step 112. The message requests 
the HLR to register the public ID with a record pointing to 
the CS (i.e., requesting to define the CS as the VLR of the 
public ID). After the HLR registers the public ID, it sends an 
approval message to the CS, at a SIPHLRCS approval step 
113. Having completed the registration process, CS 72 
approves the registration to CSCF 56, at a CS CSCF 
approval step 114. CSCF 56 in turn approves the registration 
to the SIP phone, at a CSCF terminal approval step 115. 
0129. When the process described above is completed, 
the HLR comprises an additional record registering the 
public ID and pointing to the CS. The SIP application 
servers also comprise a similar record. The CSCF comprises 
a record registering the private ID of the SIP terminal, as 
well as a routable address of the SIP terminal. In some 
embodiments, the routable address is also stored in the CS. 
The use of these records in the processing and routing of 
incoming and outgoing calls is shown in FIGS. 6 and 7 
below. 
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Processing of Incoming and Outgoing Calls 

0130 FIG. 6 is a flow chart that schematically illustrates 
a method for processing incoming calls arriving into system 
20, in accordance with an embodiment of the present inven 
tion. Generally, the method describes the following 
sequence of actions, performed in System 20 in response to 
an incoming call: (1) determine the terminals (private IDs) 
that correspond to the public ID provided in the call, (2) 
determine to which of the private IDs the call is to be routed 
and (3) route the call to its appropriate destination. 
0131) The exemplary method of FIG. 6 refers to an 
incoming call carrying a public ID that corresponds to two 
terminals 22, namely a cellular phone 32 and a SIP phone 52. 
The method can be adapted in a straightforward manner to 
process incoming calls for different types of communication 
domains and terminals, and for any number of domains and 
terminals. Exemplary call flows showing the routing of 
incoming calls are described in FIGS. 10 and 11 below. 
0132) The method begins when an incoming call (also 
referred to as a terminating call) is accepted at System 20, at 
a call acceptance step 120. The call is destined to a particular 
subscriber of system 20, and thus carries the public ID (e.g., 
telephone number) of the subscriber. 
0133. The call may originate from any communication 
terminal, either from within system 20 or from an external 
network, such as PSTN 78. In the present example, the call 
is assumed to enter network 20 via one of MSCs 36, serving 
as a gateway MSC (GMSC). A similar sequence of steps can 
be used to process an incoming call that originated by 
another terminal 22 within network 20. 

0134) The GMSC interrogates HLR 40 using the public 
ID, at an HLR interrogation step 122. By interrogating the 
HLR, the GMSC requests the HLR to provide a routable 
number or network address, to which the incoming call 
should be routed. As explained above, CS 72 is already 
defined in the HLR as the VLR that serves the public ID. 
Thus, after being interrogated by the GMSC, the HLR 
interrogates the CS (i.e., requests the CS to provide a 
routable number or address for routing the call) using the 
public ID, at a CS interrogation step 124. 
0135 Redirection proxy 96 of CS 72 assigns a first 
temporary routable number (TRN) to the incoming call, at a 
first TRN allocation step 126. The assigned TRN is associ 
ated with the CS, so that routing the call to the first TRN 
causes the call to be routed to the CS. Typically, the 
redirection proxy selects the first TRN out of a predeter 
mined pool of temporary routable numbers associated with 
the CS. The CS Sends the first TRN to the HLR. Addition 
ally, the redirection proxy associates the first TRN with the 
public ID, and caches the TRN and public ID along with the 
context of the incoming call. 
0.136) HLR 40 responds to the GMSC interrogation of 
step 122 above, at an HLR response step 128. The HLR 
sends the first TRN assigned by redirection proxy 96 to the 
GMSC. The GMSC routes the incoming call to the TRN 
provided by the HLR, at a GMSC routing step 130. Since the 
first TRN is associated with CS 72, the call is routed to the 
CS. 

0137 In some embodiments, an incoming call invokes 
one or more incoming call services (T-side services). For 
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example, if the public ID of the incoming call is a toll-free 
telephone number, the call causes an invocation of a toll-free 
service that redirects the call to the actual phone number of 
the subscriber, and charges the call to the subscriber's bill. 
Such service may be carried out by an SCP 44 in network 24, 
by a SIPAS 60 in network 28, or both. (SCPs 44 and SIP AS 
60 are collectively referred to herein as service platforms.) 
Another example of a T-side service is an interactive voice 
response (IVR) service, in which the caller interacts with 
predetermined voice menus carried out by a SCP 44 or AS 
60. 

0.138. In these embodiments, when the CS receives the 
incoming call routed to it by the GMSC, the CS invokes the 
appropriate T-side services for this call, at a T-side invoca 
tion step 132. Since the T-side services are invoked respon 
sively to the public ID carried by the incoming call, these 
services are invoked regardless of the terminal (private ID) 
to which the call is about to be routed. T-side services are 
Sometimes invoked and carried out responsively to service 
parameters stored in the HLR. 
0139 CS 72 now determines to which of the private IDs 
associated with the public ID the incoming call is to be 
routed, at a terminal selection step 134. (In some cases, the 
incoming call arriving from the GMSC does not carry the 
public ID but only the TRN. However, since the association 
between the public ID and the TRN is already cached in 
redirection proxy 96, the proxy is able to determine the 
public ID and the associated private IDs.) Typically, control 
module 80 of CS 72 queries registry 92 in order to determine 
which private ID (or IDs) is currently registered. If only one 
private ID (terminal) is currently registered in the HLR or in 
registry 92, the CS determines that the call should be routed 
to this private ID. If more than one private ID associated 
with the public ID is registered (i.e., more than one terminal 
operated by the subscriber is currently available for accept 
ing the call), module 80 may apply any suitable business 
logic to select to which of these private IDs to route the call. 
0140 For example, one of the terminals may be pre 
defined as having a higher priority. The selected terminal 
may also depend on the type of the call (e.g., send SMS 
messages to the SIP phone and voice calls to the cellular 
phone). Additionally or alternatively, the selection may be 
based on any suitable criteria Such as time of day, user 
preferences, cost of calls in each of the networks, and the 
current load, capacity and quality of service (QoS) of each 
network. 

0.141. In some embodiments, the decision can be made 
using external application logic. For example, a service 
platform such as an application server 60 may be used to 
determine where to route the call. 

0.142 If the CS determines that the call should be routed 
to the cellular phone private ID, the CS interrogates the HLR 
using the cellular private ID, at a cellular HLR interrogation 
step 136. The HLR queries the S-MSC serving the Mobile 
terminal 32, which in turn assigns a second TRN (not to be 
confused with the first TRN assigned at step 126 above), at 
a second TRN assignment step 138. The second TRN is 
associated with the private ID of the cellular phone. The CS 
routes the incoming call to the second TRN, thus routing the 
call to the cellular phone, at a cellular routing step 140. 
0.143. After completing step 140 above, the incoming call 
has been routed from the GMSC, via the CS, to the sub 
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scriber's cellular phone. It is important to note that the CS, 
by using the first TRN, remains part of the signaling path of 
the incoming call. By remaining part of the signaling path, 
the CS is able to monitor the progress of the incoming call, 
invoke additional services, perform hand-off, or otherwise 
affect the call as needed. 

0144) If, on the other hand, the CS determines at step 134 
above that the call should be routed to the subscriber's SIP 
phone private ID, the CS routes the call to the SIP phone, at 
a SIP phone routing step 142. In some embodiments, a 
routable address (such as a SIP URI) of the SIP phone has 
already been stored in registry 92 of the CS during regis 
tration of the SIP phone. (See, for example, the registration 
process of FIG. 5 above.) In these embodiments, the CS 
routes the call directly to the SIP phone using the routable 
address. In alternative embodiments, the CS routes the call 
via the CSCF, which stores the routable address of the SIP 
phone. 

0145 Thus, the incoming call is routed from the GMSC, 
via the CS, to the SIP terminal. In this case too, the CS 
remains part of the signaling path and is able to invoke 
T-side services, perform hand-offs and otherwise affect the 
progress of the call. 
0146 FIG. 7 is a flow chart that schematically illustrates 
a method for processing outgoing calls originating in System 
20, in accordance with an embodiment of the present inven 
tion. The exemplary method of FIG. 7 refers to outgoing 
calls originating from either a cellular phone 32 in network 
24 or a SIP phone 52 in network 28. The method can be 
similarly used to process outgoing calls in different types of 
communication domains and terminals, and for any number 
of domains and terminals. The destinations of outgoing calls 
may comprise other terminals 22 in system 20 or external 
communication terminals, such as terminals reached over 
PSTN 78. Exemplary call flows showing the routing of 
outgoing calls are described in FIGS. 12 and 13 below. 
0147 We shall first describe the processing of an outgo 
ing call originating from a cellular phone 32. The processing 
of a call originating from a SIP phone 52 is described further 
below. A cellular phone 32 initiates an outgoing call (also 
referred to as an originating call) using its private ID, at a 
cellular initiation step 150. The cellular phone is assumed to 
be registered in one of MSCs 36, referred to as the serving 
MSC (S-MSC) of this phone. 
0148. The S-MSC sends a message to the CS using the 
phone's private ID, at an outgoing CS interrogation step 
152. In some embodiments, the S-MSC views the CS as an 
SCP in accordance with the IN protocols. In these embodi 
ments, the message sent from the S-MSC to the CS com 
prises an IN trigger similar to a service invocation. 
0149 CS 72 causes the call to be routed through the CS, 
thus assuming control over the call, at a CS response step 
154. The redirection proxy in the CS assigns a TRN to the 
outgoing call and caches the association between the TRN 
and the private ID. The CS responds to the S-MSC with a 
message comprising the TRN. The S-MSC routes the out 
going call to the CS using the TRN, at a MSC routing step 
156. 

0150 Since the cellular phone (as well as the SIP termi 
nal) is known to other subscribers by its public ID, the 
outgoing call should carry the public ID and not the private 
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ID. Therefore, when the CS accepts the routed outgoing call, 
control module 80 replaces the private ID in the call with the 
public ID, at an ID replacement step 158. The replacement 
effectively hides the private ID from other subscribers and 
network elements. 

0151. In some embodiments, the outgoing call carries the 
TRN assigned at step 154 above and not the private ID itself. 
In these embodiments, the redirection proxy is able to 
determine the desired private ID using the previously 
cached association between the TRN and the private ID. 
0152 The CS now invokes any O-side services that may 
be defined for the outgoing call, at an O-side invocation step 
160. Like T-side services, an O-side service may be carried 
out by SCPs 44 in network 24, by SIP application servers 60 
in network 28, or both. Since the O-side services are invoked 
responsively to the newly-replaced public ID, these services 
are invoked regardless of the terminal (private ID) that 
originated the outgoing call. 

0153. Normally, O-side services are invoked in accor 
dance with a predetermined subscriber profile associated 
with the public ID. However, in some embodiments, CS 72 
can notify the application servers and/or SCPs of the private 
ID being used, in order to allow for terminal capability 
aware services. Notification to SCPs can be performed, for 
example, using digit processing. Notification to application 
servers can be performed, for example, using SIP exten 
sions. The subscriber profile, as well as other service param 
eters affecting service invocation, is typically stored in the 
HLR (or in another database, such as an HSS). After 
invoking the O-side services applicable to the outgoing call, 
CS 72 routes the call to its destination. 

0154) In an alternative embodiment to using the first 
TRN, terminal 32 may initiate a preliminary interaction with 
the CS, before carrying out step 150 above, for example 
using an SMS message. Then, the terminal initiates a call to 
a distinguished name (DN) associated with to the CS, thus 
ensuring that the call is routed through the CS and that the 
CS remains on the signaling path of the call. 
0.155 We shall now describe the process of processing an 
outgoing call originating from a SIP phone. The method 
begins when a SIP phone 52 initiates an outgoing call, at a 
SIP initiation step 164. The SIP phone communicates with 
CSCF 56. The CSCF transfers the outgoing call to the CS, 
at a CSCF CS transfer step 166. Typically, the CSCF views 
the CS as a SIP application server. In such a case, the 
transferring of the call is performed similarly to a service 
invocation. Once the outgoing call has been transferred to 
the CS, the process follows steps 158-162 above in a similar 
manner to the processing of calls initiated by cellular 
phones. The CS replaces the private ID with the public ID, 
invokes any appropriate O-side services and routes the call 
to its destination. 

Providing Unified Services 

0156 The methods and systems described herein enable 
a service provider to unify the services provided to sub 
scribers of all communication domains of system 20. Some 
of these subscribers may own multiple terminals in different 
communication domains, as described above. Other Sub 
scribers may use only a single terminal in a single domain. 
Some aspects of service unification are described in PCT 
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Patent Application Publication WO 02/12976 A2, which is 
incorporated herein by reference. 

0157. In the exemplary embodiments described in FIGS. 
6 and 7 above, O-side and T-side services are invoked by CS 
72, regardless of whether they are carried out by a SCP 44 
in network 24 or by a SIP application server in network 28. 
Thus, for example, a Subscriber using a cellular phone in 
network 24 may be offered a service that is implemented in 
a SIP application server in network 28, and vice versa. 

0158. Furthermore, in some embodiments, services car 
ried out by service platforms in different communication 
domains can be invoked during a single call. For example, 
an incoming call may invoke a call screening service run 
ning on a SIPAS in network 28, and an abbreviated dialing 
service running on a SCP in network 24. 
0159. The ability to unify services across the different 
domains of system 20 enables the service provider to avoid 
duplication of service platforms. When using previously 
known network Solutions, a service provider wishing to offer 
a particular service over a mobile network and a packet 
network has to deploy separate SIPAS and SCP platforms, 
both running the same service. By contrast, the methods and 
systems described herein enable the provider to deploy only 
a single unified service platform, either a SCP or a SIPAS, 
and use this platform to offer the service to subscribers of all 
communication domains. 

0160 In some cases, a service provider is in the process 
of migrating from a legacy network to a new generation 
network. By unifying the services across the legacy and new 
generation networks, the service provider is able to invest in 
adding services and service platforms only in the new 
generation network. The provider can minimize further 
investments in the legacy network, while still offering every 
service of the new generation network to legacy network 
subscribers. 

Distributed GMSC Configurations 

0161 In many practical situations, a service provider 
operates a circuit-switched network and a packet-switched 
network simultaneously, often over the same geographical 
area. Such a situation is encountered, for example, when a 
service provider is in the process of migrating from a legacy 
circuit-switched network to a new generation network hav 
ing a packet-switched backbone. 

0162 Anther example of such a situation is a virtual 
mobile network operator (MVNO), which owns a packet 
Switched network and uses it to access a mobile service of 
another operator in order to provide wireless services with 
out actually owning a mobile radio network. 

0163. In such situations it is often desirable to off-load 
signaling traffic, media traffic and processing tasks from the 
circuit-switched network and transfer this load to the packet 
Switched network, as well as to simplify the routing of calls. 
In the description that follows we shall refer to networks 24 
and 28 of FIG. 1 above as examples of circuit-switched and 
packet-switched networks, respectively. As will be shown 
below, deploying convergence server 72 between the two 
networks enables off-loading the circuit-switched network 
by distributing the functionality of the gateway MSCs 
(GMSCs) of the circuit-switched network to other network 
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elements. This architecture also simplifies the signaling and 
call handling performed for calls destined to terminals in the 
circuit-switched network. 

0164. In some known configurations that combine a 
circuit-switched network and a packet-switched network, an 
incoming call destined to a terminal in the circuit-switched 
network arrives at one of media gateways (MGW) 64, often 
a MGW adjacent to the origin of the incoming call. In these 
configurations, the MGW and the MGC controlling it are not 
aware of the destination MSC (S-MSC) to which the incom 
ing call should be routed, since this information is stored in 
the HLR. Therefore, the MGC has to forward the call to a 
designated gateway MSC (GMSC), which interrogates the 
HLR and determines the identity of the appropriate S-MSC. 
Only then the call can be routed to the S-MSC and to its final 
destination. It can be appreciated that the resulting routing 
path and the sequence of actions associated with it are often 
long and complicated. 

0.165 Embodiments of the present invention provide 
improved methods and system configurations for handling 
incoming calls destined to the circuit-switched network that 
arrive at the packet-switched network. In principle, in the 
methods described below, convergence server 72 is 
deployed in conjunction with MGC 68. Since, as described 
above, CS 72 comprises the functionality of interrogating 
HLR 40, the CS can interrogate the HLR on behalf of MGC 
68. CS 72 thus enables the call to be processed without 
having to route the call to, or otherwise use, any gateway 
Switching element of the circuit-switched network, Such as 
a GMSC. 

0166 FIGS. 8A and 8B are block diagrams that sche 
matically illustrate distributed GMSC configurations, in 
accordance with embodiments of the present invention. 
0.167 FIG. 8A shows a distributed system configuration 
174, in accordance with an embodiment of the present 
invention. In this configuration, convergence server 72 is 
deployed in conjunction with MGC 68. The functionality of 
CS 72 in interrogating HLR 40 and routing incoming calls 
is similar to the functionality described in FIG. 6 above. 
Note, however, that the use of public and private IDs is not 
mandatory in the present context. 

0168 When an incoming call destined to a destination 
terminal of the circuit-switched network arrives, the signal 
ing information (denoted S in the figures) of the incoming 
call is provided directly to MGC 68. The voice content of the 
call, denoted V, or other media content, is provided directly 
to MGW 64A, typically in the vicinity of the point in which 
the call enters system 174. Note that although the incoming 
call arrives into the packet-switched network, the call itself 
is not necessarily a packet-switched call. For example, the 
signaling of the incoming call may comprise SS7 signaling. 

0169. The MGC views CS 72 as a standard application 
server, and sends the signaling of the incoming call to the CS 
(e.g., via SIP signaling). CS 72 interrogates HLR 40 and 
obtains from the HLR the necessary routing information for 
routing the call in the circuit-switched network. As 
described in FIG. 6 above, the CS receives a TRN from the 
HLR and sends the TRN to the MGC via signaling. This 
message appears to the MGC as if an application server has 
changed the destination of the call. The signaling is then 
routed to S-MSC 36, as instructed by the HLR. MGC 68 
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instructs MGW 64A to route the voice content over the IP 
backbone of the packet-switched network to MGW 64B, 
from which it is routed to S-MSC 36 and to the destination 
terminal. 

0170 It can be seen that no GMSC participates in the 
process. In effect, the functionality of the gateway MSC has 
been distributed between MGC 68 and CS 72. As a result, 
the processing and communication handling required from 
the GMSCs in the network is significantly reduced. Thus, 
GMSC resources are freed and can be used for other 
functions, such as for serving as S-MSC for other calls. The 
method further simplifies the routing paths used for routing 
incoming calls. 

0171 In some embodiments, CS 72 may receive from the 
HLR an indication regarding call services that should be 
provided to the incoming call. In these embodiments, CS 72 
invokes the appropriate service platform, which may com 
prise a SCP 44, an AS 60 or both, to provide the call services 
to the call. Additionally or alternatively, some call services 
(e.g., a call forwarding service) may relate to the routing of 
the call. For such services, CS 72 may perform the appro 
priate routing internally without invoking an external service 
platform. 

0172 FIG. 8B shows a network configuration 178, in 
accordance with an alternative embodiment of the present 
invention. In this configuration, the incoming call comprises 
a packet-switched call. Such as a call arriving from an 
external SIP terminal or SIP trunk. Such a scenario is 
encountered, for example, when networks 24 and 28 are 
interconnected with an external packet-switched network. 
0173 The signaling information of the incoming call is 
routed directly to MGC 68. CS 72 interrogates the HLR and 
provides the appropriate routing information to MGC 68. 
The MGC routes the signaling information to S-MSC 36 and 
on to the destination terminal. The voice content of the 
incoming call is routed, as instructed by MGC 68, to MGW 
64B and from there to S-MSC 36 and to the destination 
terminal. In the exemplary configuration of network 178, the 
call arrives directly to MGW 64B, thus MGW 64A does not 
participate in the call handling process. 

0.174. In some embodiments, the circuit-switched net 
work comprises multiple communication domains conform 
ing to different protocols, each comprising a separate HLR 
and one or more GMSCs. In these embodiments, CS 72 can 
interrogate the appropriate HLR out of the multiple HLRs, 
thus avoiding the call from being routed to the multiple 
GMSCs. For example, the circuit-switched network may 
comprise a cellular network comprising a CDMA segment 
and a GSM segment. FIG. 8B shows two HLRs denoted 
40A and 40B, both interrogated by CS 72. 
0175. The exemplary configurations shown in FIGS. 8A 
and 8B refer to a single incoming voice call handled by a 
small number of MSCs and media gateways. These con 
figurations were chosen purely for the sake of conceptual 
clarity. The methods and systems described herein can be 
similarly used to handle other types of calls comprising 
signaling and media content, such as multimedia sessions. 
These methods and systems can be used in networks having 
a higher number of MSCs and/or MGWs. Typically, the 
benefit of distributing the functionality of gateway MSCs 
increases with growing network complexity. 
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0176 An exemplary application of configurations 174 
and 178 is enabling a mobile virtual network operator 
(MVNO) to use a wireless network of another service 
provider. Assume that the systems shown in FIGS. 8A-8C 
comprise wireless networks. The incoming calls comprise 
calls originating from a MVNO that provides connectivity 
and services to Subscribers without actually owning a wire 
less network. Thus, MGC 68 and CS 72 jointly function 
similarly to a GMSC that allows calls originating from the 
MVNO to be processed by the wireless network. 
0.177 FIG. 9 is a call-flow diagram that schematically 
illustrates a method for processing an incoming call using a 
distributed GMSC configuration, such as the configurations 
of FIGS. 9A and 8B above, in accordance with an embodi 
ment of the present invention. The call flow begins with the 
signaling of an incoming call arriving at MGC 68. (The 
figure refers to the signaling of the call. As explained above, 
the voice content of the call arrives at one of MGW 64.) 
0.178 MGC 68 sends the call to CS 72, which typically 
acknowledges the acceptance of the call. CS 72 interrogates 
HLR 40 in order to determine which call services should be 
provided to the incoming call. The HLR returns a list of 
services and parameters, such as an IN trigger list. The CS 
invokes the requested services by invoking the appropriate 
SCP 44. Using this technique, the T-side services previously 
provided by the gateway MSC can now be provided by the 
CS. 

0179 CS 72 now interrogates HLR 44 again, this time in 
order to request a TRN to which to route the incoming call. 
The HLR in turn interrogates the S-MSC and sends the TRN 
sent by the S-MSC to the CS. The CS may optionally invoke 
SCP 44 again. The CS sends the TRN to the MGC, which 
typically acknowledges. The MGC then uses the TRN to 
route the incoming call to the destination terminal via the 
S-MSC. In this exemplary call flow, the CS remains part of 
the signaling path of the call, so that it may continue to 
provide call services during the call. 

Call Flow Examples 
0180. The following section provides additional exem 
plary call flows, in order to demonstrate several aspects of 
the methods and systems described above. 
0181 FIG. 10 is a call-flow diagram that schematically 
illustrates a method for processing incoming calls destined 
to a cellular phone 32 in circuit-switched mobile network 24, 
in accordance with an embodiment of the present invention. 
The call flow follows the principles described in FIG. 6 
above. The method begins with an incoming call arriving via 
a gateway MSC of network 24. The GMSC interrogates 
HLR 40, in order to determine which call services should be 
provided to the incoming call. The HLR responds with a list 
of services and service parameters, such as using an IN 
trigger list. 
0182. Using the list, The GMSC invokes the appropriate 
SCP 44 to provide the desired call services. The GMSC 
interrogates the HLR again, this time in order to determine 
the routing of the incoming call. The HLR interrogates the 
CS, and the CS sends the HLR a TRN (denoted CS TRN), 
causing the call to be forwarded to the CS. The HLR 
provides the CS TRN to the GMSC. 
0183) Optionally, the GMSC may choose to invoke SCP 
44 again. Then, the GMSC begins a process of routing the 
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call to the CS. In some embodiments, for example in order 
to simplify future hand-off processes, the routing of the call 
also passes through the CSCF. This process is referred to as 
anchoring the call at the CSCF. The CS may optionally 
choose to invoke additional services carried out by SIP AS 
60 in network 28. 

0184 Until now, the messages exchanged in the network 
and the invoked services carried the public ID. At this stage, 
it is assumed that the CS determines that the private ID 
selected for routing the call is the cellular private ID. (A flow 
call that describes routing of an incoming call to a SIP 
terminal is shown in FIG. 11 below.) 
0185. The CS interrogates the HLR with the cellular 
private ID. The HLR communicates with the S-MSC of the 
destination cellular phone and requests a TRN in order to 
route the call to the S-MSC. The S-MSC responds with a 
TRN (denoted S-MSC TRN). The HLR sends the S-MSC 
TRN to the CS, which in turn routes the call via the MGC, 
CSCF and S-MSC to the destination cellular phone. 
0186 FIG. 11 is a call-flow diagram that schematically 
illustrates a method for processing incoming calls destined 
to a SIP terminal 52 in packet-switched network 28, in 
accordance with an embodiment of the present invention. 
The call flow follows the principles described in FIG. 6 
above. The method begins with an incoming call arriving via 
a GMSC. The initial stags of the call flow are similar to the 
flow of FIG. 10 above. In the present example, however, 
after anchoring the call at the CSCF and optionally invoking 
SIP AS 60, it is assumed that the CS determines that the 
private ID selected for routing the call is the SIP private ID. 
Therefore, the CS routes the call via the CSCF to the 
destination SIP terminal. 

0187 FIG. 12 is a call-flow diagram that schematically 
illustrates a method for processing outgoing calls initiated 
by a cellular phone 32 in mobile network 24, in accordance 
with an embodiment of the present invention. The call flow 
follows the principles described in FIG. 7 above. The 
method begins with phone 32 initiating an outgoing call. The 
call, carrying the phone's private ID, is sent to the S-MSC 
serving phone 32. The S-MSC requests and receives a CS 
TRN from CS 72. The S-MSC routes the call to the CS using 
the CS TRN. As explained above, the call is routed 
(“anchored”) via the CSCF and MGC.. 
0188 All the above messages carry the cellular private 
ID. At this stage, the CS replaces the private ID with the 
public ID in the outgoing call. The CS may invoke SCP 44 
and/or SIPAS 60 to provide O-side services to the outgoing 
call, based on the public ID. The CS routes the call via the 
CSCF and MGC to its destination, in this example over 
PSTN 78. 

0189 FIG. 13 is a call-flow diagram that schematically 
illustrates a method for processing outgoing calls initiated 
by a SIP terminal 52 in packet-switched network 28, in 
accordance with an embodiment of the present invention. 
The call flow follows the principles described in FIG. 7 
above. In the present example, the call is destined to a 
cellular phone 32 in network 24. The method begins with 
SIP terminal 52 initiating a call carrying the SIP private ID 
to CSCF 56. The CSCF routes the call to CS 72, which 
replaces the originating SIP private ID with the correspond 
ing public ID. Optionally, CS 72 activates O-side services by 
invoking SCP 44 and/or SIP AS 60. 
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0190. The CS interrogates the HLR, in order to check 
which services should be provided to the termination side of 
the call (which in this example comprises a cellular phone 
24). As a result of this interrogation, CS 72 may invoke SCP 
44 to provide the appropriate T-side services. 
0191). The CS now interrogates the HLR in order to 
determine the routing of the outgoing call. The HLR 
requests and accepts a S-MSCTRN from the S-MSC serving 
the destination phone 24. The HLR sends the S-MSC TRN 
to CS 72. CS 72 may optionally choose to activate SCP 44 
again. The CS then routes the call to the S-MSC using the 
S-MSC TRN. 

0.192 FIG. 14 is a call-flow diagram that schematically 
illustrates the processing of SMS messages, in accordance 
with an embodiment of the present invention. The figure is 
divided into the following four sub-processes: 

0193 Processing of an SMS message sent from net 
work 24 to an application server (AS) that handles SMS 
in network 28. 

0194 Processing of an SMS message sent from a SIP 
terminal in network 28 to the application server. 

0.195 Processing of an SMS message sent from the 
application server to a cellular phone 32 in network 24. 

0196. Processing of an SMS message sent from the 
application server to a SIP terminal in network 28. 

0197) The four sub-processes can be combined in any 
suitable order. For example, the second sub-process fol 
lowed by the third sub-process describe the processing of an 
SMS message sent from a SIP terminal to a cellular phone. 
0198 Sending an SMS message from network 24 to AS 
60 begins with the message being provided to SMS center 
(SMSC) 48. The message may originate from a cellular 
phone 24 or from any other Suitable source. Such as a 
web-based messaging service connected to SMSC 48, as is 
known in the art. SMSC 48 sends the SMS message to CS 
72 using the originating private ID. The CS replaces the 
private ID with the public ID and forwards the message to 
AS 60. AS 60 sends an acknowledgement to CS. 72 and CS 
72 sends an acknowledgement to SMSC 48. 

0199 Sending an SMS message from SIP terminal 52 in 
network 28 to AS 60 begins with the SIP terminal sending 
the message to CS 72, which the CS acknowledges. CS 72 
then replaces the private ID in the message with the public 
ID, and sends the message to AS 60. AS 60 sends an 
acknowledgement to CS 72, which in turn acknowledges to 
SIP terminal 52. 

0200 Sending an SMS message from AS 60 to a desti 
nation cellular phone 32 begins with AS 60 sending the 
message to CS 72. The message carries the terminating 
public ID. The CS selects the private ID to which the 
message is to be sent, in this example the cellular private ID. 
The CS interrogates HLR 40 in order to obtain the identity 
of the MSC serving the destination cellular phone. The HLR 
responds and provides the routing address of the MSC. The 
CS then sends the SMS message to the MSC, to be for 
warded to the destination cellular phone. The procedure is 
completed with the MSC sending an acknowledgement to 
CS 72, and CS 72 sending an acknowledgement to AS 60. 
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0201 Sending an SMS message from AS 60 to a desti 
nation SIP terminal 52 begins with AS 60 sending the 
message to CS 72. The message carries the public ID. The 
CS selects the private ID to which the message is to be sent, 
in this example the SIP private ID. The CS sends the 
message to the destination SIP terminal. The procedure is 
completed with the SIP terminal sending an acknowledge 
ment to CS 72, and CS 72 sending an acknowledgement to 
AS 60. 

0202) Note that in the processing of SMS messages, 
unlike Voice calls, the signaling and data go through the 
same path. Therefore, it is generally unnecessary to use the 
TRN mechanism when processing SMS messages. Once the 
SMS message is forwarded to its destination, the process is 
considered completed. 

Hand-Off Procedures 

0203 FIGS. 15 and 16 are call-flow diagrams that sche 
matically illustrate methods for handing-off calls, in accor 
dance with embodiments of the present invention. In the 
present example, the assumption is that a particular dual 
mode terminal comprises a cellular phone 32 and a Wi-Fi 
SIP terminal 52. FIG. 15 describes an exemplary hand-off 
procedure for handing off an active call from the SIP 
terminal to the cellular phone. A hand-off procedure from the 
cellular phone to the SIP phone is described in FIG. 16 
further below. 

0204 The method of FIG. 15 begins in a situation in 
which an active call exists between the Wi-Fi SIP terminal 
of the dual-mode terminal and between a third terminal, in 
this example over PSTN 78. In principle, the hand-off 
process comprises three stages: (1) initiating a new call from 
the cellular phone of the dual-mode terminal to the CS in 
parallel to the existing SIP call, (2) connecting the new call 
to the third terminal and (3) terminating the original call with 
the SIP terminal. 

0205. In some embodiments, cellular phone 32 initiates 
the new call to a static number associated with the CS. The 
static number is dedicated to hand-off procedures. There 
fore, whenever the CS accepts a call to this number, it 
concludes that the call is part of a hand-off process and treats 
it accordingly. The CS optionally updates SIPAS 60 regard 
ing the hand-off process in progress. 
0206. The cellular phone of the dual-mode terminal ini 
tiates a cellular call with the third terminal via the S-MSC 
serving phone 32. The CS then connects the two cellular 
calls (the call between phone 32 and the CS and the call 
between the CS and the third terminal) to produce the new 
call between phone 32 and the third terminal. Having 
established the new call, the CS terminates the SIP call. 

0207 FIG. 16 describes an exemplary hand-off proce 
dure for handing off an active call from the cellular phone to 
the SIP terminal. The method of FIG. 16 begins in a 
situation in which an active call exists between the cellular 
phone of the dual-mode terminal and between a third 
terminal, in this example over PSTN 78. In principle, the 
hand-off process comprises three stages: (1) initiating a new 
SIP call from the SIP terminal of the dual-mode terminal to 
the CS in parallel to the existing cellular call. (2) connecting 
the new SIP call to the third terminal and (3) terminating the 
original cellular call. 
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0208. The SIP terminal of the dual-mode terminal ini 
tiates a new SIP call. Similarly to the process of FIG. 14 
above, the new SIP call is destined to a static number 
associated with the CS, which is dedicated to hand-off 
processes. The CS may choose to update SIPAS 60 regard 
ing the hand-off process. The CS connects the call to the 
third terminal via the CSCF and terminates the original 
cellular call. 

0209. It will be appreciated that the embodiments 
described above are cited by way of example, and that the 
present invention is not limited to what has been particularly 
shown and described hereinabove. Rather, the scope of the 
present invention includes both combinations and Sub-com 
binations of the various features described hereinabove, as 
well as variations and modifications thereof which would 
occur to persons skilled in the art upon reading the foregoing 
description and which are not disclosed in the prior art. 

1-30. (canceled) 
31. A computer-implemented method for communication 

in a communication system comprising a circuit-switched 
network and a packet-switched network, the method com 
prising: 

accepting a request to set up a call for a communication 
terminal associated with one of the circuit-switched 
network and the packet-switched network; 

establishing the call with the one of the circuit-switched 
network and the packet-switched network responsively 
to the request; and 

during the call, invoking a first service platform in the 
circuit-switched network to provide a first call service, 
and a second service platform in the packet-switched 
network to provide a second call service to the com 
munication terminal. 

32. The method according to claim 31, wherein the 
circuit-switched network operates in accordance with a 
signaling system 7 (SS7) protocol. 

33. The method according to claim 31, wherein the first 
service platform comprises a service control point (SCP) and 
wherein the first service comprises an intelligent network 
(IN) service. 

34. The method according to claim 31, wherein the 
packet-switched network comprises an Internet Protocol 
(IP) network, and wherein the second service platform 
comprises a session initiation protocol (SIP) application 
server (AS). 

35. The method according to claim 31, wherein the 
packet-switched network comprises an IP Multimedia Sub 
system (IMS) network. 

36. A convergence server, comprising: 

first and second network interfaces, which are respec 
tively arranged to communicate with a circuit-switched 
network and a packet-switched network; and 

a processor, which is arranged to accept a request to set up 
a call for a communication terminal associated with one 
of the circuit-switched network and the packet 
Switched network, to establish the call with the one of 
the circuit-switched network and the packet-switched 
network responsively to the request and, during the 
call, to invoke a first service platform in the circuit 
switched network to provide a first call service, and a 
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second service platform in the packet-switched net 
work to provide a second call service to the commu 
nication terminal. 

37. The convergence server according to claim 36, 
wherein the circuit-switched network operates in accordance 
with a signaling system 7 (SS7) protocol. 

38. The convergence server according to claim 36, 
wherein the first service platform comprises a service con 
trol point (SCP) and wherein the first service comprises an 
intelligent network (IN) service. 

39. The convergence server according to claim 36, 
wherein the packet-switched network comprises an Internet 
Protocol (IP) network, and wherein the second service 
platform comprises a session initiation protocol (SIP) appli 
cation server. 

40. The convergence server according to claim 36, 
wherein the packet-switched network comprises an IP Mul 
timedia Subsystem (IMS) network. 

41. A communication system, comprising: 
a circuit-switched network comprising a first service 

platform, which is arranged to provide a first call 
service; 

a packet-switched network comprising a second service 
platform, which is arranged to provide a second call 
service; and 

a convergence server connected to the circuit-switched 
and packet-switched networks, which is arranged to 
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accept a request to set up a call for a communication 
terminal associated with one of the circuit-switched 
network and the packet-switched network, to establish 
the call with the one of the circuit-switched network 
and the packet-switched network responsively to the 
request and, during the call, to invoke the first and 
second service platforms in order to provide the first 
and second call services to the communication termi 
nal. 

42. A computer Software product for communication, the 
product comprising a computer-readable medium, in which 
program instructions are stored, which instructions, when 
read by a computer, cause the computer to communicate 
with a circuit-switched network comprising a first service 
platform arranged to provide a first call service, to commu 
nicate with a packet-switched network comprising a second 
service platform arranged to provide a second call service, 
to accept a request to set up a call for a communication 
terminal associated with one of the circuit-switched network 
and the packet-switched network, to establish the call with 
the one of the circuit-switched network and the packet 
Switched network responsively to the request and, during the 
call, to invoke the first and second service platforms in order 
to provide the first and second call services to the commu 
nication terminal. 

43-62. (canceled) 


