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Description
METHODS AND SYSTEMS FOR CONVERTING AN INTERNET

PROTOCOL (IP)-BASED MESSAGE CONTAINING SUBSCRIBER
CONTENT TO A PUBLIC SWITCHED TELEPHONE NETWORK (PSTN)-
BASED MESSAGE INCLUDING SUBSCRIBER CONTENT

Related Applications

This application claims the benefit of U.S. Provisional Patent Application
Serial No. 60/609,488, filed September 13, 2004, and corresponding U.S.
Patent Application Serial No. 10/957,852, filed October 4, 2004, the disclosures

of each of which are incorporated herein by reference in their entireties.

Technical Field

The present invention generally relates to methods and systems for
converting Session Initiation Protocol (SIP)-based messages containing
MIME-encoded text messages into signaling system number 7 (§S7)-based
short message service (SMS) messages. More particularly, the present
invention relates to methods and systems for converting SIP INVITE requests
containing MIME-encoded text messages to SS7 SMS messages and SS7
ISDN User Part (ISUP) messages.

Background Art

Instant messaging (IM) services have existed in Internet protocol (IP)

networks for some time. Instant messaging is generally defined as the
exchange of content, usually short text messages, between a set of participants
in near real time. IM clients have evolved to include presence applications,
which determine when a predetermined list of users are actively connected to
the IP network and are available to participate in an IM session. The Session
Initiation Protocol (SIP) is used to set up multi-media sessions between SIP
users. For example, the sessions may be voice telephone calls between SIP-
capable telephones. SIP has also been extended to support the transfer of

instant messages.
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SIP uses an INVITE request to initiate a media session between two or
more users. One feature of the INVITE request is that it can contain MIME-
encoded text, so some instant messaging clients may use an INVITE request to
deliver instant messaging text while establishing a media stream between
users. Another method for delivering instant messages in the SIP environment
is a MESSAGE request. The main difference between an INVITE request
containing text and the MESSAGE request is the MESSAGE request does not
establish a SIP dialog session.

Figure 1 depicts a typical SIP network deployment. In this example, user
agent 102 wishes to establish a call with user agent 104. To establish the call,
user agent 102 sends an INVITE request addressed to user agent 104. While
user agent 102 knows the uniform resource identifier (URI) and the SIP identity
for user agent 104, it is likely that user agent 102 does not know the specific
location or the address of the SIP server that serves user agent 104. To
determine the address of the SIP server, user agent 102 transmits the INVITE
request to a local proxy server 106. The proxy server 106 receives SIP
requests and forwards them on behalf of the requester. In this example, the
proxy server 106 receives the INVITE request and sends a response back to
user agent 102 indicating that the proxy server 106 is attempting to deliver the
message. Proxy server 106 may determine the address of the proxy server
associated with user agent 104 by various means, including performing a
domain name service (DNS) lookup or sending a request to a redirect server
108. Once the address of the destination proxy server 110 is obtained, proxy
server 106 forwards the INVITE request to proxy server 110 for delivery to user
agent 104. Once proxy server 110 receives the INVITE request, proxy server
110 consults a location service database 112 that contains the current IP
address of user agent 104. Proxy server 110 may deliver the INVITE request
directly to user agent 104 or may use an intermediate proxy server 114,
depending on network topology.

As noted above, the INVITE request may include MIME-encoded text.
For example, user agent 102 may wish to include a short text message stating

the purpose of the call so that user agent 104 can decide whether to answer the
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call or not. On SIP-enabled phones, the text portion of the INVITE request may
be displayed by the phone when the user is notified of an incoming call.

It should be appreciated that Figure 1 depicts a network configuration
where both the originating user agent and the destination user agent are
located on IP-based networks. However, it is important for IP-based networks
to interoperate with traditional PSTN networks to enable voice communication
between users of each network. Thus, the SIP protocol, which is used to
establish a media session between user agents in an IP network, must
interoperate with the SS7 ISUP protocol, which is used for call processing in a
PSTN network. While SIP permits the transmission of text while establishing a
voice connection, SS7 does not support this feature.

Accordingly, there is a need to provide a system and method for
converting an INVITE request containing MIME-encoded text into
corresponding SS7 messages, thereby preserving the MIME-encoded text

portion and establishing an end-to-end connection.

Disclosure of the Invention

In accordance with the present invention, a method of converting a
session initiation protocol (SIP) message to a signaling system 7 (SS7)
message is provided. A SIP INVITE request is received by a node in a
converged network and the node determines whether the SIP INVITE request s
destined for an SS7 user. If the INVITE request is destined for an SS7 user,
the node determines whether the INVITE request contains MIME-encoded text
and constructs a short message service (SMS) message containing the MIME-
encoded text. The SMS message is routed to the SS7 user. In addition, the
node constructs an initial address message (IAM) and routes the 1AM to the
SS7 user.

Accordingly, it is an object of the invention to provide a similar level of
messaging service to SIP and non-SIP users.

It is another object of the invention to translate text and non-text portions
of a SIP INVITE request into corresponding SS7 protocol messages.

Some of the objects of the invention having been stated hereinabove,

and which are addressed in whole or in part by the present invention, other
-3-
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objects will become evident as the description proceeds when taken in

connection with the accompanying drawings as best described hereinbelow.

Brief Description of the Drawings

Preferred embodiments of the invention will now be explained with
reference to the accompanying drawings of which:

Figure 1 is a network diagram illustrating a typical SIP network
deployment;

Figure 2 is a network diagram illustrating a hybrid SIP/SS7 network that
permits the conversion and delivery of SIP INVITE requests to subscribers on
the SS7 network according to an embodiment of the present invention;

Figure 3 is a flow diagram illustrating exemplary steps taken by various
network components to deliver a message from a SIP user agent to a PSTN
subscriber according to an embodiment of the present invention;

Figure 4 is a block diagram illustrating an exemplary internal architecture
of a signaling gateway that may be used to translate SIP INVITE requests into
SS7 SMS and IAM messages according to an embodiment of the present
invention;

Figure 5 is a call-flow diagram illustrating exemplary messages
exchanged for transmitting a mobile-terminated short message from the
network gateway controller to a mobile station according to an embodiment of
the present invention; and

Figure 6 is a call-flow diagram illustrating exemplary messages
exchanged for a call originated by a SIP user agent to a user on the PSTN

network according to an embodiment of the present invention.

Detailed Description of the Invention

The present invention includes methods and systems for converting SIP-
based INVITE requests and SIP-based MESSAGE requests containing MIME-
encoded text messages into SS7-based SMS and ISUP messages. In one
implementation, the MIME-encoded text portion of the INVITE request is used
to generate an SS7 SMS message and an SS7 initial address message (IAM)

is generated to establish the voice portion of the call.
4-
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Figure 2 depicts a hybrid SIP/SS7 network that permits the conversion
and delivery of SIP INVITE requests to subscribers on the 8S7 network. It
should be appreciated that telephones operating on the SS7 network that are
capable of displaying MIME-encoded text messages are currently limited to
mobile subscribers. Accordingly, while this embodiment of the invention may
be described in terms of a PSTN mobile subscriber, the invention should not be
so limited.

Returning to Figure 2, the SIP portion 202 of the hybrid SIP/SS7 network
may include multiple SIP user agents (204A, 204B, 204C), multiple SIP proxy
servers (206A, 206B), and one or more additional servers 208 to provide other
services, such as DNS lookup and location services. The function of each of
these components is described in greater detail above with respect to Figure 1.

The SS7 portion 210 of the hybrid SIP/SS7 network may include one or
more signal transfer points (STP) 212A, 212B, for routing SS7 messages to
various nodes in the network. The SS7 network may include service control
points (SCP) 214, which provide database functions to the network. The
database functions may include a home location register (HLR) 220 and a
visitor location register (VLR) 222, which provide routing information for mobile
terminals in a wireless network. Messages destined for a mobile terminal may
be routed through a mobile switching center (MSC) 224, which forwards the
message to the appropriate base station system (BSS) 226 for transmission to
the mobile terminal MT 228.

A network gateway controller (NGC) 218 provides the interface between
the SIP portion 202 of the network and the SS7 portion 210 of the network. In
accordance of one aspect of the invention, the NGC 218 may receive from the
SIP portion of the network an INVITE request that contains MIME-encoded text.
The NGC 218 may deconstruct the INVITE request and generate an SS7 SMS
message containing the MIME-encoded text portion of the INVITE request and
an SS7 IAM message to establish the voice session between user agents.

Figure 3 is an exemplary flow diagram generally showing the steps taken
by various network nodes to deliver a message from a SIP user agent 204 to an

SS7 user agent 216. In step 302, the SIP user agent originates an INVITE

-5-
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request destined for the call recipient. This may be accomplished by creating
an INVITE request addressed to, in this case, SS7 user agent 216. A call
between a SIP user agent and a non-SIP user agent is referred to as an off-net
call. However, the SIP user agent that originates the message is not concerned
with whether the message is destined for an on-net or off-net recipient. Rather,
the SIP user agent 204A creates an INVITE request addressed to recipient
user agent 216 and forwards the INVITE request to a SIP proxy server 206A
(step 304).

In step 306, the SIP proxy server 206A examines the SIP URI of the
INVITE request and, in step 308, determines whether the destination is an on-
net or off-net user agent, for example, by comparing the destination domain or
IP address to values stored in a routing table. If the SIP proxy server 206A
determines that the designated recipient is a SIP user agent, the call is
processed in a conventional manner, for example according to RFC 3261 (step
310). If the destination of the INVITE request is not a SIP user agent, the SIP
proxy server forwards the INVITE request to the NGC 218 for further
processing (step 312).

In step 314, the NGC 218 examines the received INVITE request and
extracts the destination phone number. The NGC 218 may compare the
destination phone number against an internal routing table or it may query other
SS7 network components to determine how to route the call. Once the routing
information is obtained, the NGC 218 examines the received INVITE request to
determine if it contains MIME-encoded text. If the message contains MIME-
encoded text, the NGC 218 builds an SMS message and MTP routes the SMS
message to the appropriate STP 212A or 212B for delivery to the destination
user agent 216. In addition, the NGC 218 builds an 8S7 IAM message and
MTP routes the message to the appropriate STP 212A or 212B for delivery to
the SS7 user agent 216. The SMS message delivers the text portion of the SIP
INVITE request while the SS7 IAM message initiates an ISUP dialogue
between switching offices that establishes a bi-directional media connection or

voice phone call.
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information in the SIP INVITE request. Table 1 contains several SIP message
parameters that may be used by the NGC 218 to create an SMS-compatible

message using the SS7 protocol stack.

Parameter Description

o contains a display name and a SIP URI toward which
the request was originally directed

From contains a display name and a SIP URI that indicates
the originator of the request

Call ID contains a globally unique identifier for the call

Cseq (command sequence) contains an integer and a
method name

Content-type contains a description of the message body

Content-length contains a byte count of the message body

Content-disposition | describes how the message body is to be interpreted

Content message body

Table 1: SIP Message Parameters

It should be appreciated that SIP messages may carry MIME content
that is not compatible with SMS. For example, a SIP message may include a
session description protocol (SDP) structure in the message body. The SDP
may include media information such as RTP payload type, addresses, and
ports. Therefore, an INVITE request may include a piece of text, an image, etc.
In one embodiment of the invention, the content of the SIP message must be
compatible with SMS. In alternate embodiments, NGC 218 may extract other
types of subscriber content, such as multimedia content, from the SIP message
and formulate the appropriate multimedia messaging service (MMS) message
for delivery to the PSTN subscriber. For an SMS-only implementation, the
content type must be text, the content length cannot be greater than the
number of characters supported by SMS, and the content disposition must be
setto render. As described in RFC 3261, the content disposition field describes
how the message body is to be interpreted by the user agent client or user

-7-
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agent server. By setting the content disposition field to render, the user agent
is instructed that the message body should be displayed or otherwise rendered
to the user.

As discussed above, the NGC 218 acts as a gateway between the IP
portion of the network and the SS7 portion of the network. In one
implementation, a signaling gateway (SG) 400 may be used to perform this
function.

Figure 4 is a block diagram illustrating an exemplary internal architecture
of NGC 218 that may be used to translate SIP INVITE requests into S§7 SMS
and IAM messages according to an embodiment of the present invention. NGC
218 may include SS7 signal transfer point (STP) functionality for processing
SS7 messages and IP functionality for processing IP messages. In a particular
embodiment, NGC 218 may be implemented on an Eagle® SS7/IP gateway
platform available from Tekelec of Calabasas, California. The Eagle® platform
may be modified to include the SIP to SMS and ISUP conversion functionality,
as will be described in detail below.

In the illustrated embodiment, NGC 218 includes an interprocessor
message transport (IMT) bus 402, which provides a reliable transport
mechanism for transporting messages between modules in NGC 218. IMT bus
402 may include a dual counter-rotating bus so that traffic may be re-routed in
response to a module failure. A number of cards or processing modules may
be coupled to IMT bus 402. These cards or processing modules may include
an SS7-capable link interface module (LIM) 404, an IP-capable SIP interface
module (SIM) 406, and a network gateway module (NGM) 408. Each of the
modules may be physically connected to IMT bus 402 such that signaling and
other messages may be routed internally between all active cards or modules.

As used herein the term “module” may include a hardware component, a
software component, a firmware component or any combination thereof. For
example, a module may be a chip, such as an ASIC, designed to perform a
specific function. Alternatively, a module may be a part of a computer program
that performs a specific function or a module may be a microprocessor

programmed to perform a specific function.
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In one implementation, each module includes a printed circuit board
having an application processor and a communications processor mounted
thereon. The application processor on each module may be programmed to
perform a telecommunications processing function. For example, the
application processor on network gateway module 408 may be configured to
translate signaling messages between SIP and SS7. The communications
processor on each module may be programmed to perform link-level
communications with other modules via IMT bus 402.

For simplicity of illustration, only single LIM, SIM, and NGM cards are
included in Figure 4. However, it should be appreciated that the distributed,
multi-processor architecture of the NGC 218 facilitates the deployment of
multiple LIM, SIM, NGM and other cards, all of which may be simultaneously
connected to and communicating via IMT bus 402.

Focusing now on the functions of LIM card 404, in the illustrated
embodiment, LIM 404 includes a number of sub-components including an SS7
MTP level 1 and 2 process 410, an |/O buffer or queue 412, a gateway
screening (GWS) process 414, an SS7 MTP level 3 discrimination process 416,
a distribution process 418, and a routing process 420. MTP level 1 and 2
process 410 provides the facilities necessary to send and receive digital data
over a particular physical medium. MTP level 1 and 2 process 410 also
performs error detection, error correction and sequenced delivery of SS7
message packets from the SS7 network. 1/0 queue 412 provides for temporary
buffering of incoming and outgoing signaling message packets. GWS process
414 examines received message packets and determines whether the
messages should be allowed into NGC 218 for processing and/or routing.
Gateway screening may include examining the destination point code of the
received MSU to determine whether the MSU is to be allowed into a network for
which NGC 218 routes messages.

Discrimination process 416 performs a discrimination function, effectively
determining whether an incoming SS7 message packet requires internal
processing or is simply to be through-switched, i.e., routed to another node.

This determination may be made by examining a destination point code in the

-9-
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message. |f the destination point code is set to the point code of routing NGC
218, discrimination process 416 may determine that the message requires
internal processing. If the destination point code is not set to the point code of
NGC 218, discrimination process 416 may determine that the message is
required to be through-switched.

In addition to examining the destination point code in a received
message, discrimination process 416 may also examine the service indicator in
a message to determine whether the message is an SCCP message. If the
destination point code in the message is set to the point code of NGC 218 and
the service indicator indicates that the message is an SCCP message,
discrimination process 416 may forward the message to distribution process
418. Distribution process 418 handles the internal routing of SS7 message
packets that require additional processing prior to final routing. If discrimination
process 416 determines that a message should be through switched,
discrimination process 416 forwards the message to routing process 420.
Routing process 420 routes signaling messages to the appropriate outbound
signaling links based on destination point codes in the messages.

SIP interface module (SIM) 406 transmits and receives SIP formatted
messages to and from the IP network. In the illustrated embodiment, SIM 406
includes an IP layer process 422, an I/O queue 424, a SIP discrimination
module 426, a distribution process 428, and a routing process 430. [P layer
process 422 receives IP packets from the IP network, performs error checking,
and forwards the packet payload to the I/O queue 424. 1/O queue 424 provides
for temporary buffering of incoming and outgoing SIP messages.

SIP discrimination process 426 receives messages from the 1/0 queue
424. The SIP discrimination process 426 determines whether the incoming
packet is destined for a user on a SIP network or a PSTN network. Messages
destined for a PSTN user are forwarded to the distribution process 428, while
messages destined for a SIP user are forwarded to the routing process 430.
Messages received by the routing process 430 are transferred via the IMT 402

to another SIM module for delivery to another part of the SIP network.
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Messages received by the distribution process 428 are forwarded to the
network gateway module 408 for further processing.

On the NGM 408, the SIP/SS7 mapping process 432 receives SIP
messages from the distribution process 428 on the SIM 406. The SIP/SS7
mapping process 432 determines the type of SS7 message that corresponds to
the received SIP message and builds the SS7 message by mapping SIP
parameters to SS7 parameters. For example, if the SIP message is an INVITE
request, SIP/SS7 mapping process 432 may build an SS7 IAM message. The
SIP/SS7 mapping process 432 may examine the SIP parameters to determine
if the SIP message contains MIME-encoded text. This may be accomplished
by examining one or more of the content-type, content-length, content-
disposition, or content portions of the SIP message. If the SIP/SS7 mapping
process 432 determines that the SIP message includes text, the message is
forwarded to the SIP/SMS mapping process 434. The SS7 message that was
built by the SIP/SS7 mapping process 432 is forwarded to the SS7 routing
process 436. It should be appreciated that some SIP messages may not
require an SS7 ISUP message. For example, a SIP MESSAGE request may
be processed by SIP/SMS mapping process 436 without SIP/SS7 mapping
process 432 generating an SS7 ISUP message. For SIP MESSAGE requests,
SIP/SMS mapping process 434 may convert these messages into the
appropriate SMS messages, such as forward-short-message messages. |t
should also be appreciated that some SIP messages may require mapping to
other SS7 protocol message types, such as Transaction Capabilities
Application Part (TCAP). Accordingly, SIP/SS7 mapping process 432 may
provide the capability to generate other SS7 protocol messages.

SIP/SMS mapping process 434 receives the SIP message from the
SIP/SS7 mapping process 432. The SIP/SMS mapping process 434 analyzes
the content parameters to determine whether the message content is
compatible with SMS. For example, for SMS translation the content-type must
be text, the content-length cannot be greater than the number of characters
supported by SMS, and the content-disposition must be set to render. For

multimedia messaging service (MMS), SIP/SMS mapping process 434 may
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create an appropriate MMS message including the multimedia content. If the
content of the SIP message is compatible with SMS, the SIP/SMS mapping
process 434 builds a SMS message by mapping parameters of the SIP

message to corresponding SS7 parameters, as shown in Table 2.

SS7 Parameter SIP Notes
Parameter

DPC Generated based on Phone
Number

OPC Point Code of NGC

Calling Party Point Point Code of NGC

Code

Calling Party Address From

Called Party Point Code Generated based on Phone
Number (SSP serving called
party)

Called Party Address To

Sm-RP-DA To Used to identify the destination
IMSI.MIN of the SMS

Sm-RP-OA Used to identify the destination
IMSI-MIN of the SMS

Sm-RP-Ul SMS Data Content The SMS content

Sm-RP-UI Originator From The originating address

Address IMISI/MSISN/MIN

Table 2: SIP Parameters Mapped to SS7 SMS Parameters

It should be appreciated that not all of the SS7 SMS parameters can be
determined directly from the parameters of the SIP message. Once the
SIP/SMS mapping process 434 has built the SMS message as completely as
possible based on the SIP parameters, the SMS message is forwarded to the
SS7 routing process 436.

SS7 routing process 436 receives the SS7 message from SIP/SS7
mapping process 432 and the SMS message from SIP/SMS mapping process

2
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434. The SS7 routing process 436 may perform lookups for various network
databases to determine information necessary to route the SS7 message and
the SMS message. For example, the SS7 routing process 436 may query a
home location register (HLR) to obtain subscriber information for the destination
user. Once the SS7 routing process 436 obtains the necessary routing
information, the SMS message and SS7 message are routed to the appropriate
line interface module for delivery to the PSTN network. For example, the SMS
message may be routed to the final servicing MSC for delivery to a wireless
customer.

Figure 5 is a call-flow diagram for transmitting a mobile terminated short
message from the network gateway controller to a mobile station. In step 1,
the NGC 218 interrogates the HLR 220 and receives the routing information for
the mobile subscriber by sending, for example, a
sendRoutingInfoForShortMessage query. The NGC 218, acting as a SMSC,
sends the short message to the MSC 224 using the forwardShortMessage
operation. In step 3, the MSC 224 retrieves the subscriber information from the
VLR 222, if necessary. This operation may include an authentication
procedure. For example, in step 3A, a sendinfoForMT-SMS query is sent from
the MSC 224 to the VLR 222. The VLR 222 may interrogate the mobile station
to obtain authentication. Upon completion of the authentication process, the
VLR 222 sends a sendInfoForMT-SMS acknowledge message to the MSC 224
(step 3B). In step 4, the MSC 224 transfers the short message to the mobile
station. The MSC 224 reports the outcome of the forwardShortMessage
operation to the SMSC. This confirmation message may be forwarded to the
network gateway module 408 where the appropriate peg counts are updated.
Various peg counts may be stored by the network gateway module 408 and
may be used for billing and measurement purposes. For example, peg counts
may be based on the number of messages that are successfully converted from
SIP to SS7, the number of messages that failed conversion, the number of
messages that were delivered successfully, and the number of messages that
failed delivery. The network operator may use the peg counts to tally the

transactions for billing at an offline database.
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Figure 6 is an exemplary call-flow diagram for a call originated by a SIP
user agent 204 to a user on the PSTN network. The messages sent from the
user agent 204 to the NGC 218 use SIP, while messages sent from the NGC
218 to the PSTN 224 use the SS7 ISUP protocol. Thus, the NGC 218 is
responsible for converting messages between SIP and ISUP. In step 1, the SIP
user agent 204 initiates the call by sending an INVITE request toward the proxy
server 206. The proxy server 206 returns a 100 Trying message to
acknowledge the receipt of the INVITE request (step 2). In step 3, the proxy
server 206 forwards the INVITE request to the NGC 218 for routing to the
PSTN. In step 4, the NGC 218 acknowledges the receipt of the INVITE request
by sending a 100 Trying message to the proxy server 206. The NGC 218
generates an SS7 IAM to the MSC 224 (step 5). In step 6, the MSC 224
returns an SS7 address complete message (ACM) to the NGC 218 to indicate
that the call is progressing. In step 7, the NGC 218 sends a 183 (session
progress) Session Description message to the proxy server 206 to indicate that
the call is progressing, and the proxy server 206 forwards this message to the
SIP user agent 204 (step 8). At this point, one-way audio is established from
the PSTN network to the SIP user agent (step 9). In step 10, after the phone is
answered, the MSC 224 sends back an SS7 answer message (ANM). In step
11, the NGC 218 sends a 200 OK Updated Session Description message to the
proxy server, which forwards this message to the SIP user agent 204 (step 12).
The SIP user agent 204 acknowledges the session description message (step
13) and the proxy server 206 forwards this acknowledgement to the MGC 224
(step 14). At this point, two-way voice communication between the SIP user
agent 204 and the PSTN user has been established (step 15).

Thus, the present invention provides a system and method for converting
an INVITE request MIME-encoded text into corresponding SS7 messages,
thereby preserving the MIME-encoded text portion and establishing an end-to-
end connection. More specifically, the INVITE request initiates an SS7 IAM
message directed toward a user in the PSTN. The INVITE request is analyzed
to determine if it contains MIME-encoded text and the parameters of the INVITE

request are used to generate an SS7 SMS message that contains the MIME-
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encoded text, which is forwarded to the user in the PSTN network. Thus, a
user in the PSTN network is able to receive the text portion of an INVITE
request and also establish an end-to-end connection with the user in the SIP
network.

5 It will be understood that various details of the invention may be changed
without departing from the scope of the invention. Furthermore, the foregoing
description is for the purpose of illustration only, and not for the purpose of

limitation, as the invention is defined by the claims as set forth hereinafter.
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CLAIMS

What is claimed is:

1. A method of converting a session initiation protocol (SIP) message to a

signaling system 7 (SS7) message comprising:

(@)
(b)

(c)

receiving a SIP INVITE request;

determining whether the SIP INVITE request is destined for a

PSTN subscriber,

in response to determining that the INVITE request is destined for

a PSTN subscriber:

(i) determining whether the INVITE request contains
subscriber content;

(i) in response to determining that the INVITE request
contains subscriber content, constructing a PSTN-
compatible message service message containing the
subscriber content and forwarding the message service
message to the PSTN subscriber;

(i)  constructing an initial address message (IAM); and

(iv)  routing the IAM to a switching office associated with the
PSTN subscriber.

2. The method of claim 1 wherein determining whether the SIP INVITE
request is destined for a PSTN subscriber includes consulting a routing

table.

3. The method of claim 1 wherein determining whether the INVITE request

contains subscriber content includes examining at least one of a

content-length field, a content-type field, a content-disposition field, and

a content field of the INVITE request.

4, The method of claim 1 wherein constructing the PSTN-compatible

message service message includes:

(a)

(b)

determining whether the subscriber content is compatible with
short messaging service (SMS);

in response to determining that the subscriber content is
compatible with SMS, formatting the PSTN-compatible message

service message as an SMS message;
-16-
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(c) in response to determining that the subscriber content is not
compatible with SMS, formatting the PSTN-compatible message
service message as a multimedia messaging service (MMS)
message; and

(d)  mapping SIP parameters of the INVITE request to SS7
parameters of the PSTN-compatible message service message.

The method of claim 1 wherein routing the PSTN-compatible message

service message to the PSTN subscriber includes determining SS7

routing parameters based on SIP message parameters.

The method of claim 1 wherein constructing the IAM messag‘e includes

mapping SIP message parameters of the INVITE request to SS7

message parameters of the IAM message.

The method of claim 1 wherein routing the IAM message to the SS7

user includes determining SS7 routing parameters based on SIP

message parameters.

A network gateway controller comprising:

(a) afirstinterface module operatively coupled to an Internet protocol
(IP) network and capable of receiving a session initiation protocol
(SIP) message;

(b)  a first mapping process for extracting parameters from the SIP
message and mapping the extracted parameters to generate
corresponding signaling system 7 (SS7) message parameters;

(c) a second mapping process for extracting parameters from the
SIP message and mapping the extracted parameters to generate
corresponding PSTN-compatible message service message
parameters; and

(d)  a second interface module operatively coupled to a network
utilizing signaling system 7 (SS7) and capable of transmitting a
message formatted in an SS7 protocol.

The network gateway controller of claim 8 wherein the first interface

module includes a SIP discrimination process capable of determining

whether the SIP message is destined for a SIP user or a PSTN

subscriber.
-17-
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11.

12.

13.

14.

15.

The network gateway controller of claim 8 wherein the first mapping
process is adapted to generate corresponding ISDN User Part (ISUP)
messages. |

The network gateway controller of claim 8 wherein the first mapping
process is adapted to generate corresponding Transaction Capabilities
Application Part (TCAP) messages.

The network gateway controller of claim 8 wherein the second mapping
process is adapted to determine whether the extracted parameters are
compatible with short messaging service (SMS).

The network gateway controller of claim 12 wherein in response to
determining that the extracted parameters are compatible with SMS, the
second mapping process is adapted to formatting the PSTN-compatible
message service message as an SMS message.

The network gateway controller of claim 12 wherein in response to
determining that the extracted parameters are not compatible with SMS,
the second mapping process is adapted to formatting the PSTN-
compatible message service message as an multimedia messaging
service (MMS) message.

The network gateway controller of claim 8 wherein the second mapping
process is adapted to examine at least one of a content-length field, a

content-type field, a content-disposition field, and a content field.
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