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(57) ABSTRACT

A telecommunications platform that provides redundant
interfaces to a telecommunications system for multiple IP
based telecommunication devices. The telecommunications
platform includes a gateway cluster with two or more signal-
ing gateways. FEach signaling gateway is assigned a point
code for being accessed by devices in the telecommunications
system. The gateway cluster is assigned a virtual point code.
Any of the IP based telecommunications devices can be
accessed by the telecommunications system by routing to the
virtual point code through one of the signaling gateways in
the gateway cluster. Thus, if one of the signaling gateways is
not available, the IP based telecommunications devices can
still be accessed through one of the other signaling gateways
in the gateway cluster.
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BACKGROUND OF THE INVENTION

[0020] The present invention relates to distributed IP sys-
tems and telecommunication systems and, more particularly,
to a multi-functional telecommunications system with geo-
graphically dispersible components that interact over a dis-
tributed IP architecture.

[0021] Over the past several decades, voice mail has con-
tinued to expand and establish itself as a key element in the
successful operations of most businesses. The typical voice
mail system today can take on a variety of forms, including a
computer card that can operate within a personal computer
that is connected to a businesses telephone system, or a com-
puter card or component that is directly integrated into the
businesses telephone system, or as a service provided by a
telecommunications company.

[0022] The common ingredient to each of the voice mail
systems available today is that the components that make up
the voice mail system must communicate with each other and
thus, must be co-located. This can be a great disadvantage for
companies that have geographically dispersed offices.
[0023] Intoday’s global economy, even small business may
have a need for multiple offices for serving clients, interacting
with vendors, or various other reasons. The advent of the
Internet, email and video conferencing helps to allow such
dispersed operations appear more seamless. However, a sig-
nificant problem that still exists for dispersed offices is having
a common telephonic system that operates as a single, co-
located system but serves the needs of the various offices.
Generally, each office purchases and maintains its own tele-
phone system without any direct interface between the tele-
phone systems of the various offices and without any central
control. This can be a costly endeavor in that duplicative
hardware must be purchased and maintained at each site. In
addition, the logistics of inter-office communication such as
call transfers, voice mail retrieval etc. can be complex. Thus,
there is a need in the art for a telecommunications system that
allows seamless integration for remotely located offices.
[0024] Inaddition, even if a seamless integration of a tele-
phone system is obtained, there still exists a need for person-
alization of the telephone systems in the various offices. For
instance, if the offices are located in different time zones, it
may be important to have the ability for each office to
uniquely set up the system for handling incoming calls,
switching the system to night or weekend mode, entering or
deleting individuals from the system etc. Thus, there is a need
in the art for a distributed telephone system that provides
seamless integration, while at the same time allowing com-
ponents of the system to be individually programmed and/or
maintained at the remote offices.

[0025] By incorporating IP technology into a distributed
telecommunications platform, additional complexities are
encountered. One complexity is that components on the IP
side of the telecommunications system cannot communicate
directly with the telecommunications network unless they
also incorporate a SS7 protocol stack. The industry has
addressed this need in the art by utilizing the SIGTRAN
protocol between an SS7 gateway and IP based devices. This
allows the IP based devices to talk over the SS7 telecommu-
nications network without having to include a full SS7 pro-
tocol stack within the IP devices.
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[0026] Another necessity in modern day telecommunica-
tions systems is the deployment of redundancy on critical
elements. Adding redundancy in any complex network set-
ting can give rise to many technical hurdles that must be
overcome for a successful deployment. One such need in the
art is a technique to provide redundancy in a gateway that
allows IP based devices to talk over the SS7 telecommunica-
tions network. The present invention is directed at such a
solution.

BRIEF SUMMARY OF THE INVENTION

[0027] The present invention is directed towards the
deployment of redundant gateways within a distributed tele-
communications system to provide an interface for IP devices
to communicate over an SS7 network. The distributed tele-
communications system provides functionality that is typical
of what is required in most modern small or large business
settings, such as call forwarding, auto-attendant, voice mail,
voice messaging, etc. The telecommunications system is
made up of several components that can be located in various
locations that are remote from each other. Each of the com-
ponents includes an interface to an IP network such as the
Internet. A single component or class of components (signal-
ing gateway) interfaces to a switched telephone network
using the signaling system seven (SS7) protocol. Each of the
other components in the telecommunications system that
would require such an interface to the switched telephone
network simply communicates through the signaling gate-
way.

[0028] Each component in the telecommunication system
communicates with the other components through the IP
network. This advantageously allows the components to be
geographically dispersed yet to operate as a single, seamless
telecommunications system.

[0029] More particularly, one embodiment of the present
invention includes redundant signaling gateways, media serv-
ers, one or more application servers and one or more central
message and data stores. The signaling gateways include a
signaling interface to a telephone network, such as an SS7
interface and an interface to an IP network. The media server
includes a circuit-switched interface to the telephone network
for receiving and initiating telephone services over the tele-
phone network. The media server also includes an interface to
the IP network. The media server operates to provide com-
munication services, such as voice mail, voice messaging,
voice-based menus, etc to callers and subscribers over circuit
switched connections through the telephone network.

[0030] Each of the signaling gateways is assigned a point
code, as is require in order to interface to the SS7 network. In
addition, the pair of signaling gateways is also assigned a
virtual point code. The virtual point code is registered with the
telecommunications network and traffic being routed to a
circuit identification code (CIC) associated with that CIC can
be routed to either of the redundant signaling gateways. If one
of the signaling gateways goes off-line, the other signaling
gateway can handle all traffic for the virtual point code. In
addition, the signaling gateways can instruct the telecommu-
nications network to avoid certain CICs that are controlled by
an off-line or failed media server.

[0031] The media server operates closely in conjunction
with the application server and communicates with the appli-
cation server over the IP network. The media server receives
requests for services and then, request the provision of those
services through the application server. The application
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server provides the functionality for providing various com-
munication servers to callers and subscribers. The central
data and message store provides configuration information
that is used to control the operation of the communication
services provided by the application server.

[0032] In operation, a media server, located at a first loca-
tion, may receive a request for a communications service. The
request for a communications service can take on a variety of
forms including, but not limited to receiving an incoming call,
receiving a request for a call origination, receiving a menu
selection of a voice-based menu. The media server responds
to the request by either invoking or calling up an application
from the application server. Depending on the particular
embodiment of the invention, the application server can sim-
ply provide the application to the media server to render, or
can be partially or entirely rendered by the application server.
In rendering the communications service, the central data and
message store may be accessed to obtain particular configu-
ration or customization information pertaining to the provi-
sion of the communications service. While the communica-
tions service is being provided, the media server may receive
additional feedback from a calling party or subscriber and the
application will respond correspondingly. For instance, the
communications service may include a voice mail function.
In this case, the application will prompt a calling party to
leave a voice message. The voice message can then be
received and stored in the central data and message store.
Other features, capabilities and advantages of the present
invention are more fully described with reference to the fig-
ures and the detailed description.

BRIEF DESCRIPTION OF THE SEVERAL
VIEWS OF THE DRAWING

[0033] Various aspects, features and advantages of the
present invention will become fully appreciated as the same
becomes better understood when considered in conjunction
with the accompanying drawings, in which like reference
characters designate the same or similar parts throughout the
several views, and wherein:

[0034] FIG. 1 is a system diagram illustrating the compo-
nents and the connectivity of an exemplary next-generation
communications platform suitable as an environment for the
present invention.

[0035] FIG. 2 is a block diagram illustrating the redundant
signaling gateway interfaces to the SS7 telecommunications
network in accordance with an embodiment of the present
invention.

[0036] FIG. 3 isa flow diagram illustrating the operation of
the distributed telecommunications platform employing a
redundant SGF cluster and an IP SIGTRAN interface to vari-
ous devices.

DETAILED DESCRIPTION OF THE INVENTION

[0037] The present invention provides a distributed IP
architecture, also described as a next-generation communica-
tions platform, for telecommunications equipment, such as a
PBX, voicemail system, or the like, with redundant gateways
to provide an interface to the SS7 telecommunications net-
work for the IP based devices. By utilizing the architecture of
the present invention, the various functionalities of the tele-
communications equipment can be divided amongst various
physical components and the physical components can be
geographically dispersed. Each of the components commu-
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nicates with each other, as needed, through independent inter-
faces to an IP network. The complexities of interfacing to the
telephone network are handled through the single gateway
components and a simplified protocol is used for communi-
cation between the remaining components of the telecommu-
nications equipment or to the telephone network through the
gateway component.

[0038] Now turning to the drawings, in which like labels
refer to like elements throughout the several views, various
aspects and features of the present invention are described.
[0039] FIG. 1 is a system diagram illustrating the compo-
nents and the connectivity of an exemplary next-generation
communications platform of the present invention. One
aspect of the present invention is a distributed IP-based archi-
tecture for telecommunications equipment that, among other
things, can provide telecommunication services such as voice
mail, call forwarding and other telecommunication features.
In the illustrated embodiment, the next-generation commu-
nications platform 100 has a distributed IP architecture and is
connected to a telecommunications network, such as the Pub-
lic Switched Telephone Network (PSTN) or the Mobile Net-
work, through a switching center 110. The communications
platform 100 is illustrated as including one or more signaling
gateway functions (SGF) 120, one or more media servers
(MS) 130, one or more system management units (SMU) 140,
one or more application servers (AS) 150 and one or more
central data and message store (CDMS) 160. It should be
understood that the distribution of functionality illustrated in
the figures and described, although having novel aspects in
itself, is not the only acceptable arrangement, and aspects of
the present invention could be incorporated into a system that
includes fewer or more components and a different arrange-
ment of functionality among the components.

[0040] In general, each SGF 120 serves as a Signaling
System 7 (SS7) interface to the PSTN 110 and allows one or
more components or sub-systems to share the same point
code (thereby reducing the need for destination point codes
(DPC) and signaling links for call-control. This makes the
telephonic system appear as single trunk group in the net-
work; however, sharing the same point code does not neces-
sarily mean that all the trunks are in a single trunk group. The
media servers 130 terminate IP and/or circuit switched traffic
from the PSTN via a multi-interface design and is responsible
for trunking and call control. The application server modules
150 generate dynamic VoiceXML pages for various applica-
tions, renders the pages through the media server 130 and
provides an external interface via a web application server
configuration. The SMU 140 is a management portal that
enables service providers to provision and maintain sub-
scriber accounts and manage network elements from a cen-
tralized web interface. The CDMS 160 stores voice messages,
subscriber records, and manages specific application func-
tions including notification. Each of these sub-systems are
described in more detail following.

[0041] Each ofthe components in the next-generation com-
munications platform is independently scalable and indepen-
dently interconnected onto an IP network. Thus, the compo-
nents can be geographically distributed but still operate as a
single communications platform as long as they can commu-
nicate with each other over the IP network. This is a signifi-
cant advantage of the present invention that is not available in
state-of-the-art communication systems.

[0042] Signaling Gateway Function (SGF). Each SGF 120
offers a consolidated signaling interface creating a single
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virtual SS7 signaling point for the next generation communi-
cations platform. SS7 provides the extra horsepower net-
works need, whether large or small. A SIGTRAN interface
(IETF SS7 telephony signaling over IP) to the multi-function
media server 130 as well as IP Proxy functions are supported
via the SGF 120. Consolidating SS7 into a single component
(in this case the SGF 120) of the next-generation communi-
cations platform provides the benefits of reduced point codes,
cost efficiency in the design of the other components and
easier maintenance.

[0043] Each signaling point or component that interfaces to
the SS7 network is uniquely identified by a numeric point
code. Point codes are carried in signaling messages
exchanged between signaling points to identify the source
and destination of each message. Each signaling point in the
telecommunications network uses a routing table to select the
appropriate signaling path for each message.

[0044] There are three kinds of signaling points in the SS7
network: SSP (Service Switching Point), STP (Signal Trans-
fer Point) and SCP (Service Control Point). SSPs are switches
that originate, terminate or tandem calls. An SSP sends sig-
naling messages to other SSPs to setup, manage and release
voice circuits required to complete a call. An SSP may also
send a query message to a centralized database (an SCP) to
determine how to route a call (e.g., a toll-free 1-800/888 call
in North America). An SCP sends a response to the originat-
ing SSP containing the routing number(s) associated with the
dialed number. An alternate routing number may be used by
the SSP if the primary number is busy or the call is unan-
swered within a specified time. Actual call features vary from
network to network and from service to service.

[0045] Network traffic between signaling points may be
routed via a packet switch called an STP. An STP routes each
incoming message to an outgoing signaling link based on
routing information contained in the SS7 message. Because it
acts as a network hub, an STP provides improved utilization
of the SS7 network by eliminating the need for direct links
between signaling points. An STP may perform global title
translation, a procedure by which the destination signaling
point is determined from digits present in the signaling mes-
sage (e.g., the dialed 800 number, calling card number or
mobile subscriber identification number).

[0046] An STP can also act as a “firewall” to screen SS7
messages exchanged with other networks. Because the SS7
network is critical to call processing, SCPs and STPs are
usually deployed in mated pair configurations in separate
physical locations to ensure network-wide service in the
event of an isolated failure. Links between signaling points
are also provisioned in pairs. Traffic is shared across all links
in the link set. If one of the links fails, the signaling traffic is
rerouted over another link in the link set. The SS7 protocol
provides both error correction and retransmission capabilities
to allow continued service in the event of signaling point or
link failures.

[0047] The availability of point codes is limited and can be
very expensive. The consolidation of signaling links eases the
pressure on these resources or eliminates the need for addi-
tional point codes all together. Thus, the consolidated signal-
ing interface in the SGF 120 provides immediate network
simplification and cost savings. The redundant SGFs 120
presents the appearance of a single identity to the SS7 net-
work via the single “virtual” point code of the messaging
network and recognizes and processes messages in a trans-
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parent manner. The SGF 120 can potentially reduce the maxi-
mum number of point codes needed in some cases from 50 to
only three.

[0048] From anetworking perspective, each SGF 120 looks
like an STP to the rest of the network giving access to the
various components of the next-generation communications
platform through the use of the single virtual point code. Thus
use of redundant SGF's introduce multiple paths to the various
components of the next-generation communications platform
are available.

[0049] Each SGF 120 shares a common virtual point codes
that is used to access the various components in the commu-
nications platform. This virtual point code is the only desti-
nation point code necessary for the entire communications
platform. The SGFs communicate with each other to synchro-
nize the CICs and IP devices, such as the media servers and
other components integrated into the communications plat-
form, that are associated with the virtual point code. Thus, if
one SGF fails, access to the communications platform is
easily provided through the other SGF.

[0050] This is significantly different and advantageous over
each of the components in the next generation communica-
tions platform looking like synchronized SS7 stacks.

[0051] In an exemplary embodiment, the SGF 120 server
supports N+1 fail over redundancy schemes and load sharing
configurations and is built on an Intel server. A minimum of
two SGF's is recommended for load sharing and redundancy
purposes for increased availability.

[0052] Media Server (MS). The MS 130 terminates IP traf-
fic from the SGF 120 and circuit-switched traffic from the
PSTN 110. The MS 130 is responsible for call set up and
control within the platform architecture. The MS 130 pro-
cesses input from the user in either voice, DTMF format or
other signaling scheme (much like a web client gathers key-
board and mouse click input from a user). The MS 130 then
presents the content back to the user in voice form (similar in
principle to graphic and text displayed back to the user on a
PC client). This client/server methodology is important in the
platform architecture in that it enables rapid creation of new
applications and quick utilization of content available on the
World Wide Web. The client/server architecture also is the
primary enabler for the ability of the system to be geographi-
cally distributed.

[0053] The MS 130 processes incoming calls via requests
to the AS 150 using HTTP. A load balancer preferably directs
traffic arriving at the multi-function MS 130 to one of a
plurality of ASs 150. This functionality ensures that traffic is
allocated evenly between active servers. The multi-function
MS 130 works as the VoiceXML client on behalf of the end
user in much the same manner as a client like Netscape works
onbehalfofan HTML user ona PC. A VoiceXML or CCXML
browser residing on a multi-function media server interprets
the VoiceXML documents for presentation to users.

[0054] VoiceXML is a standards-based scripting language
for developing voice-enabled software applications. This
means that developers use and leverage Web-based (HTML)
development expertise in developing speech-based telephony
applications.

[0055] Application Server (AS). The modular design of the
next-generation communications platform has the added
advantage that it is easy to deploy enhanced services, such as
voice dialing and voice navigation, unified communications
solutions, multimedia messaging services, and presence &
availability management applications. Adding applications to
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the platform is accomplished via the addition of standard
application servers 150 to the common platform.

[0056] Each application server 150 generates application
documents (VoiceXML pages) in response to requests from
the media server 130 via the internal Ethernet network. The
application server 150 leverages a web application infrastruc-
ture to interface with back-end data stores (messages stores,
user profile databases, content servers) to generate the
VoiceXML based documents.

[0057] The overall web application infrastructure separates
the core service logic (i.e., providing the business logic) from
the presentation details (VoiceXML, CCXML, SALT,
XHTML, WML) to provide a more extensible application
architecture. The application server 150 utilizes Java 2 Enter-
prise Edition (J2EE) environment and Java Server Pages
(JSP) to create the dynamic VoiceXML pages for the multi-
function media server. Combining these technologies enables
rapid incorporation of Speech Application Language Tags
(SALT) to provide interoperability (multimodal) between
applications like WAP, HTML, XHTML and voice—allow-
ing the end user to simultaneously input data via voice com-
mand and receive presentation via WAP or HTML.

[0058] To create an environment for easy application devel-
opment, the application server 150 preferably supports Tem-
plate+JSPs. Applications are implemented in JSPs using an
APT for access to messaging functions. These JSPs are readily
modifiable making changes in application behavior and cre-
ation of new applications very easy.

[0059] The cooperation of the media server 130 and the
application server 150 allows for customization of certain
features to be offered to particular subscribers. For instance,
if a company has one office on the west coast and another
office on the east coast, the operation of the telephone system,
particularly the media server 130 and the application server
150 for each office may be quite different. For instance, the
voice mail system and auto attendant may go to night-time
mode in the east coast office at 6:00 PM Eastern Time and at
the west coast office at 6:00 PM Pacific Time. In addition, the
menu structure and prompts provided by the various offices
may be substantially different. For instance, a dial by name
directory would include different employees. With the
present invention, separate media servers can be located at the
two offices and the media servers 130 can render different
communication services. The different communication ser-
vices could be rendered from different application servers
150, co-located with the media servers 130, or through a
common application server that can serve a communications
services application based on the location or an ID of the
media server 130.

[0060] In addition, remotely located media servers 130 can
provide common functionality to the various subscribers and
callers as well as provide a seamless integration of the tele-
phone system from the perspective of both the subscribers
and users. A company may want to present a voicemail and
auto attendant interface that seamlessly serves all locations of
the company. The present invention can be utilized to provide
such functionality. The application server 150 can render a
tiered dial by name or menu selection function that first
allows callers to select an office and then, an application
server 150 and/or media server 130 invokes a particular func-
tion to provide dial by name services for that particular office.
Alternatively, the application server 150 may maintain access
to a single CDMS 160 or multiple CDMSs 160 that include all
of the subscriber information for all offices of the company.
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The application server 150 can then provide a single level
menu structure for a company wide dial by name directory.
[0061] Common Database and Message Store (CDMS).
The next-generation communications platform uses the
CDMS 160 to store voice/audio messages, subscriber
records, and to manage certain application functions such as
notification schedules. The CDMS 160 is preferably designed
with fully redundant components and utilizes reflective
memory and Redundant Array of Independent Disks (RAID)
technology for fault tolerance, immediate fail over and recov-
ery. This ensures five 9’s availability for associated hardware
and software components. Essential disk drive and RAID
controller components are preferably “hot swappable” elimi-
nating the need to power down the system for replacements.
With the CDMS 160, performance is optimized for the unique
characteristics of voice messaging, eliminating the perfor-
mance degrading, unnecessary e-mail-centric database func-
tionality that comes with the searching and sorting of e-mail
stores.

[0062] The CDMS 160 can utilize standard of the shelf
e-mail storage systems. The message store is abstracted
through the use of Java middleware that allows the selection
of the message store to be transparent to the application,
enabling each message type to be stored in the most efficient
store possible.

[0063] System Management Unit (SMU). The SMU 140
provides a centralized point for service providers to manage
all network elements, providing remote access, maintenance,
and backup functionality. The SMU 140 provides a single
interface for provisioning, alarming, reports, and subscriber
migration. The SMU 140 integrates and customizes systems
with new elements and applications, and provides operational
support and network management functions for carriers expe-
riencing swiftly growing networks and exploding traffic vol-
umes. Core features of the SMU component include:

[0064] Element Auto-Discovery—when service providers
add new network elements, the SMU automatically recog-
nizes them and includes the new elements in the graphical
network map.

[0065] Graphical Network Map—a network/cluster map
and map editor provides a snapshot of the entire network or
cluster and facilitates quick problem identification and reso-
lution.

[0066] Time Synchronization—a central time source
ensures all network components maintain a uniform time
reference across the entire messaging network—important
for any distributed architecture.

[0067] Centralized network logging—logging for the
entire messaging network is centralized on the SMU 140.
[0068] The SMU 140 uses a dual processor computer and
allows remote dial-in for access to the SMU 140 server as well
as all other servers in the system via Telnet. Backup of system
configurations and other critical data can also accomplished
via the SMU.

[0069] FIG.2 is a block diagram illustrating the redundant
signaling gateway interfaces to the SS7 telecommunications
network in accordance with an embodiment of the present
invention. A telecommunications network is interfaced with a
mobile switching center MSC 400. The MSC 400 interfaces
with switching points STP 410 that are connected within the
telecommunications network. Two signaling gateways 420
are provided in accordance with the present invention. Each
ofthe STPs 410 can communicate with either of the SGFs 420
and the communication is performed using SS7. It should be
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appreciated that the illustrated components are a simplifica-
tion for the purposes of conveying the inventive concept. In
actuality, the network will include many more STP’s 410 and
the telecommunications platform employing the redundant
SGF's 420 can actually utilize more than two.

[0070] The SGFs 420 interface to the Media Servers 430
over an IP network using SIGTRAN. Call setup information
directed towards a particular CIC is directed to one of Media
Servers 430 that is utilizing the identified CIC. The Media
Servers 430 connect to switches 440 within the telecommu-
nications network over voice lines, such as T1 or E1 lines, that
include one or more CICs.

[0071] The SGFs are provisioned with a point code as is
required for being connected to the SS7 telecommunications
network. Each SGF registers periodically with the telecom-
munications network to identify their existence and the point
code assigned to them. In the illustrated embodiment, the
SGFs 420 are assigned point codes PC1 and PC2. The redun-
dant SGF cluster 422 is assigned a virtual point code VPC.
Each of SGF 420 in the cluster also registers the VPC as an
adjacent switching point. Thus, the various switching points
in the network have the VPC listed in their routing table, along
with the following paths to access the VPC: PC1-VPC and
PC2-VPC.

[0072] Each Media Server 430 that is connected to the SGF
cluster 422 is connected to one or more CICs. The Media
Servers 430 notifies the SGFs 420 regarding the CICs for
which they are provisioned. This information is also included
in the telecommunication network routing tables. Thus, the
routing tables identity the VPC assigned to the SGF cluster
422 as being the point code for routing traffic to any of the
CICs that are handled by the Media Servers 430 connected to
the SGF cluster 422. As a result, the VPC points to a large
number of CICs.

[0073] FIG. 3 is a flow diagram illustrating the operation of
the distributed telecommunications platform employing a
redundant SGF cluster and an IP SIGTRAN interface to vari-
ous devices. At step 310, the MSC or switching center 110
receives a call setup request that is directed towards a particu-
lar telephone number or called line identifier CLID_1. The
call setup request is simply being provided as an example and
those skilled in the art will appreciate that the present inven-
tion is equally applicable to a variety of telecommunications
services. To route the call, or telecommunication service,
associated with the call setup request, the point code associ-
ated with the CLID is identified by accessing the routing table
315. For the network illustrated in FIG. 2, CLID_1 is assigned
to a CIC that is connected to the SGF cluster 422. Thus, an
entry in the routing tables identifies VPC as the destination
point code for the call, and identifies the range of CICs asso-
ciated with that VPC. In addition, the routing table identifies
the path that can be used to access VPC 320. In the illustrated
network, VPC can be accessed through PC1 or PC2. At step
325, the MSC determines if PC1 and VPC are accessible. If
so, a CIC associated with the VPC is selected and the call
setup request is routed to the VPC 330. If VPC cannot be
reached through PC1, the MSC determines if VPC can be
reached through PC2 335. If so, a CIC associated with the
VPC s selected and the call setup request is routed to the VPC
340. If the VPC cannot be reached through PC2, then the call
cannot be setup 345.

[0074] Thus, it has been shown that among other things, the
present invention includes a distributed telecommunications
platform that allows for multiple IP based devices to be incor-
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porated into the platform, provides redundancy for accessing
the telecommunications platform through an SGF cluster, and
provides access to each component of the distributed tele-
communications platform through a reduced number of point
codes, one point code for each SGF in the cluster and a virtual
point code.

[0075] The present invention has been described using
detailed descriptions of embodiments thereof that are pro-
vided by way of example and are not intended to limit the
scope of the invention. The described embodiments comprise
different features, not all of which are required in all embodi-
ments of the invention. Some embodiments of the present
invention utilize only some of the features or possible com-
binations of the features. Variations of embodiments of the
present invention that are described and embodiments of the
present invention comprising different combinations of fea-
tures noted in the described embodiments will occur to per-
sons of the art. The scope of the invention is limited only by
the following claims.

What is claimed is:

1. A method for providing an interface to a telecommuni-
cations system for a plurality of IP based devices, the method
comprising the steps of:

assigning a point code to each gateway in a gateway cluster,

wherein each gateway passes data between an SS7 tele-
communications network and a packet switched net-
work and, further, includes a signaling interface to an
STP of the telecommunications system and an IP inter-
face;

registering each point code with the telecommunications

system,

assigning a virtual point code to the gateway cluster;

registering the virtual point code with the telecommunica-

tions system as an adjacent switching point for each
gateway in the cluster;

connecting a plurality of media servers to the gateway

cluster through an IP network, wherein each media
server comprises a circuit-switched interface for termi-
nating circuit-switched traffic over the telecommunica-
tions network and is associated with at least one circuit
identification code;

receiving telecommunications traffic at the gateway cluster

from a user of the telecommunications system, the tele-
communications traffic being directed to the virtual
point code through one of the signaling gateways in the
gateway cluster and being associated with a particular
circuit identification code; and

routing the telecommunications traffic to the particular

media server associated with the particular circuit iden-
tification code;

wherein if a particular media server cannot terminate cir-

cuit-switched traffic, the gateways are configured to
instruct the telecommunications network to avoid the at
least one circuit identification code associated with the
particular media server.

2. The method of claim 1, further comprising the steps of:

receiving the telecommunications traffic at the media

server associated with the particular circuit identifica-
tion code, wherein the telecommunications traffic is a
request for services; and

the media server requesting the provision of the services

from an application server, wherein the application
server is connected to the media server via the IP net-
work.
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3. The method of claim 2, further comprising the steps of:

the application server accessing a data store via the IP
network, wherein the data store provides the application
server with configuration parameters for the provision of
the services; and

the application server providing the services to the user of

the telecommunications system.

4. The method of claim 3, wherein the configuration
parameters are associated with the particular media server.

5. The method of claim 3, wherein the application server
providing the services to the user of the telecommunications
system comprises providing the services to the particular
media server, wherein the particular media server renders the
services to the user.

6. The method of claim 3, further comprising the steps of:

the media server receiving feedback from the user of the

telecommunications system;

the media server requesting the provision of additional

services from the application server; and

the application server providing the additional services.

7. The method of claim 6, wherein the additional services
comprise a prompt to the user to leave a voice message.

8. The method of claim 7, further comprising the steps of:

recording the voice message; and

storing the voice message in a data store.

9. A distributed telecommunications platform providing
redundancy and integration of IP based devices, the distrib-
uted telecommunications platform comprising:

atleast two signaling gateways to pass data between an SS7

telecommunications network and a packet switched net-

work, wherein each signaling gateway includes:

a signaling interface to an STP of the telecommunica-
tions network;

an [P interface to one or more other components in the
telecommunications system; and

an assigned point code in the telecommunications net-
work; and

a plurality of media servers configured to provide commu-

nication services to subscribers and to notify the signal-
ing gateways with regards to the circuit identification
codes (CICs) associated with the media server such that
the telecommunications network maintains routing
information that identifies all of the circuit identification
codes associated with the virtual point code, wherein
each media server includes:

a circuit-switched interface for terminating circuit-
switched traffic over the telecommunications net-
work;

an association with at least one circuit identification
code; and

an IP interface for interfacing to the signaling gateways
through an IP network;

wherein the combination of signaling gateways is assigned

avirtual point code and each signaling gateway registers

its assigned point code with the telecommunications
system and further designates the virtual point code as
an adjacent switching point; and

wherein the signaling gateways communicate with each

other to synchronize the CICs associated with the plu-

rality of media servers such that if one signaling gateway
fails, redundant access to the plurality of media servers
is provided through a different signaling gateway.

10. The distributed telecommunications platform of claim
9, wherein a telecommunications service directed to a par-
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ticular CIC can be routed to the distributed telecommunica-
tions platform through the virtual point code.

11. The distributed telecommunications platform of claim
10, wherein the telecommunications service can be directed
to the virtual point code through any of the active signaling
gateways.

12. The distributed telecommunications platform of claim
11, wherein prior to directing the telecommunications service
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to the virtual point code, a switch within the telecommunica-
tions system that is directing the telecommunications service
first determines if a signaling gateway is active.

13. The distributed telecommunications platform of claim
9, wherein the telecommunications server interfaces to the
telecommunications network through one of the signaling
gateways.



