ESN LLC v. Cisco Systems, Inc. et al

IN THE UNITED STATES DISTRICT COURT
FOR THE EASTERN DISTRICT OF TEXAS
TEXARKANA DIVISION

ESN, LLC, )

Plaintiff, g

V. ) Civil Action No. 5:08-CV-20

CISCO SYSTEMS, INC., and g
CISCO-LINKSYS, LLC, \ JURY DEMANDED

Defendants. )

EXHIBIT A
PART 2

Doc. 1 Att. 2

Dockets.Justia.com


http://dockets.justia.com/docket/texas/txedce/5:2008cv00020/107885/
http://docs.justia.com/cases/federal/district-courts/texas/txedce/5:2008cv00020/107885/1/2.html
http://dockets.justia.com/

US 7,283,519 B2

21

[1] are deployed at the subscriber (customer) premise. A
description of these individual elements may be found in the
DEFINITIONS section.

FIG. 4 shows network elements of the DES apart from the
full complement of those shown for the ESN architecture; as
a result, FIG. 4 serves to aid in understanding the DES itself.

Form-Factor Considerations

The EDGE SWITCH [1] can be constructed to support
any number of form-factors, depending upon the transmis-
sion capacity of the BROADBAND ACCESS NETWORK
[6.1] and the number of TELEPHONE STATIONS [3] and
SET-TOP BOXES [4] the designer believes is appropriate
for a single instance of an EDGE SWITCH [1]. FIG. 4
depicts three distinct form-factors, with EDGE SWITCHES
[1] 1abeled A, B, and C supporting 1, 4, and 8 TELEPHONE
STATIONS [3] respectively.

The choice of form-factor will effect the ratio of TELE-
PHONE STATIONS [3] to COMPUTER WORKSTA-
TIONS [5]. Regardless of the number of TELEPHONE
STATIONS [3] supported by a given EDGE SWITCH [1]
form-factor, one instance of an EDGE SWITCH [1] will
support only one COMPUTER DATA INTERFACE [4].
This circumstance results because the basic design of the
EDGE SWITCH [1] is to manage all of the transmission
capacity for a single physical connection to the BROAD-
BAND ACCESS NETWORK [6.1], and to manage it as a
shared IP data path for use by all terminal devices connected
to it. Any transmission capacity that is not used for voice and
video call sessions is made available for common data
transport through the COMPUTER DATA INTERFACE [4].
As shown for the EDGE SWITCHES [1] labeled B and C,
an ETHERNET HUB [9] may be plugged in place of a
COMPUTER WORKSTATION [5] for the purpose of dis-
tributing data service to several COMPUTER WORKSTA-
TIONS [5].

Data Service Aggregation

Any number of EDGE SWITCHES [1] may be deployed
at a single subscriber premise. If the subscriber has more
TELEPHONE STATIONS [3] or SET-TOP BOXES [4] than
can be supported by a single EDGE SWITCH [1], another
EDGE SWITCH [1] is connected to the BROADBAND
ACCESS NETWORK [6.1] to enable more TELEPHONE
STATIONS [3] and/or SET-TOP BOXES [4] to be plugged
in. Deploying more than one EDGE SWITCH [1] at the
same premise may require that the COMPUTER DATA
INTERFACES [1.4] are aggregated together into a single
data service—the subscriber is likely to want all COM-
PUTER WORKSTATIONS [5] at the premise to be inter-
connected through a common local area network (LAN)
with a single uplink to the public network (i.e. Internet).

For purposes of data service redundancy and increased
bandwidth, many businesses aggregate a number of
BROADBAND ACCESS NETWORK [6.1] connections
into a single data service to which they connect their LAN,
usually through a router. In the example above (in which
more than one EDGE SWITCH [1] is used to support more
TELEPHONE STATIONS [3] than can be supported by one
EDGE SWITCH [1] alone), a low-cost aggregation router
may be installed to load-balance LAN access to the public
network evenly across the COMPUTER DATA INTER-
FACES [1.4]. To achieve this configuration would be a cable
plug-in operation: the LAN side port of the aggregation
router would be connected to the LAN hub; uplink ports on
the aggregation router would connect it to the COMPUTER
DATA INTERFACES [1.4].
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Modes of Communication

Because all of the EDGE SWITCHES [1] are connected
to an IP CARRIER NETWORK [6], and because each
EDGE SWITCH [1] supports call sessions using SIP net-
work signaling, the communications between EDGE
SWITCHES [1] is for the most part peer-to-peer. Excepting
the circumstance in which a call session has one of its
endpoints in a network other than the IP CARRIER NET-
WORK [6] (i.e. PSTN), a SIP network signaling endpoint at
one EDGE SWITCH [1] simply “invites” a SIP network
signaling endpoint at another EDGE SWITCH [1] to joint it
in a call session. Usually, the participating endpoints nego-
tiate to create voice or video (multimedia) streams between
them.

Communications between TELEPHONE STATIONS [3]
are usually based on E.164 dialing number addressing. The
EDGE SWITCHES [1] perform the necessary conversion
(using network-based resources) to dynamically associate a
dialing number with an IP address, as required to set-up the
SIP call session. Communications between SET-TOP
BOXES [4] may be based on E.164 dialing number address-
ing or some other carrier-specific naming or addressing
convention. SET-TOP BOXES [4] typically connect to a SIP
APPLICATION SERVER and thus may use a different
scheme.

Communications between COMPUTER WORKSTA-
TIONS [5] are based on IP-based data communication
protocols. The EDGE SWITCH [1] takes an active role in
non-SIP data communications initiated by COMPUTER
WORKSTATIONS [5] plugged into the COMPUTER
DATA INTERFACE [1.4]. Data communications through
the EDGE SWITCH [1] are filtered through a programmable
firewall feature set internal to the EDGE SWITCH [1] and
Network Address Translation (NAT) services may also be
applied. In addition, the EDGE SWITCH [1] performs QoS
arbitration between all terminals competing for broadband
access network transmission capacity, and as a result may
attenuate the flow of IP packets available for data commu-
nications as transmission capacity is dynamically reserved
for voice and video transmission.

Edge Switch Hardware Architecture

FIG. 5 depicts a generalized hardware architecture for the
EDGE SWITCH [1]. The BROADBAND NETWORK
INTERFACE [1.1] physically connects (OSI Layer 1) the
EDGE SWITCH [1] to the BROADBAND ACCESS NET-
WORK [6.1]. Its ultimate role is to provide a datalink
communication path through the BROADBAND ACCESS
NETWORK [6.1] (OSI Layer 2) to the routed IP CARRIER
NETWORK [6] (OSI Layer 3). Inside the EDGE SWITCH
[1] itself, the BROADBAND NETWORK INTERFACE
[1.1] ultimately presents an IP data path in the network layer
to the IP ROUTING MODULE [1.2] (OSI Layer 3). The
physical connection provided by the BROADBAND NET-
WORK INTERFACE [1.1] may serve as the DC POWER
SOURCE [6.2] in some networks. Otherwise, the POWER
SUPPLY [1.3] will require a DC POWER SOURCE [6.2]
from the subscriber premise.

The COMPUTER DATA INTERFACE [1.4] and the
VIDEO STREAMING DEVICE INTERFACE [1.5] provide
physical interfaces for COMPUTER WORKSTATIONS [5]
and SET-TOP BOXES [4] respectively. The TELEPHONE
LINE INTERFACE [1.9] provides a physical interface for
TELEPHONE STATIONS [3]. The IP ROUTING MOD-
ULE [1.2] provides for QoS routing of IP packets through
the COMPUTER DATA INTERFACE [1.4] and the VIDEO
STREAMING DEVICE INTERFACE [1.5]. It also provides
for remote access to EDGE SWITCH [1] data exchange
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interfaces, management interfaces and feature activation
interfaces through the IP data path to the IP CARRIER
NETWORK [6].

The TELEPHONE LINE INTERFACE [1.9] converts
device-level telephone signals (e.g. POTS telephone signals)
to/from digitally encoded audio streams and digitally
encoded device states (e.g. off-hook, on-hook, DTMF dig-
its). The MEDIA STREAM CONTROLLER [1.7] interfaces
the TELEPHONE LINE INTERFACE [1.9] and is respon-
sible for routing these media streams to/from the PACK-
ETIZATION COPROCESSOR [1.6], performing media for-
mat transcoding (as required) by applying digital signal
processing algorithms to them. Digital signal processing
algorithms run on the DIGITAL SIGNAL PROCESSOR
[1.8]. The PACKETIZATION COPROCESSOR [1.6] takes
responsibility for media stream transmission through the IP
ROUTING MODULE [1.2] using RTP.

The CENTRAL PROCESSING UNIT [1.10] is respon-
sible for supervising all network communications through
the EDGE SWITCH [1], using the RANDOM ACCESS
MEMORY [1.11] to execute an operating system, network
communications protocol stacks, and CALL PROCESSING
APPLICATIONS [1.23.2]. All of these software components
are stored in a FILE SYSTEM [1.23] that uses the NON-
VOLATILE MEMORY [1.12] as its storage medium. NON-
VOLATILE MEMORY [1.12] is used to store a variety of
databases, configuration files, and event histories.

Edge Switch Software Architecture

FIG. 6 depicts a software architecture for the EDGE
SWITCH [1]. The software components and subsystems
shown should be viewed as control logic to be layered over
the EDGE SWITCH [1] hardware architecture depicted in
FIG. 5. Certain software elements serve as hardware abstrac-
tions that maintain a direct control relationship over a
particular hardware subcomponent. Other software elements
support operations that do not directly relate to any particu-
lar hardware subcomponent, but in fact impart higher func-
tionality to the EDGE SWITCH [1] as a whole.

QoS IP Routing Functions

The NETWORK ADAPATION LAYER [1.13] represents
programmable logic, firmware, or software subcomponents
required to enable the BROADBAND NETWORK INTER-
FACE [1.1] to present IP connectivity to the IP ROUTING
MODULE [1.2] in OSI Layer 3. The NETWORK ADAPA-
TION LAYER [1.13] is designed to be maintained as a
discreet subsystem apart from the IP ROUTING SYSTEM
[1.14] so that it may be changed to support different OSI
Layer 2 technologies without requiring commensurate
changes to the IP ROUTING SYTEM [1.14].

The IP ROUTING SYSTEM [1.14] is the control soft-
ware required to enable the IP ROUTING MODULE [1.2]
to operate. This software incorporates the IP protocol stack
and is responsible for supporting all IP routing functions for
the EDGE SWITCH [1], including QoS arbitration neces-
sary to support sharing transmission capacity between real-
time voice/video communications and common data trans-
mission. Certain software or firmware subcomponents of the
IP ROUTING SYTEM [1.14] may be responsible for packet
labeling (or re-labeling), traffic shaping, flow control, and
other QoS arbitration functions related to managing IP
packet exchange between the [P ROUTING MODULE [1.2]
and the routed terminal interfaces (i.e. COMPUTER DATA
INTERFACE [1.4] and VIDEO STREAMING DEVICE
INTERFACE [1.5]).

Certain software or firmware subcomponents in of the IP
ROUTING SYSTEM [1.14] system may run on the IP
ROUTING MODULE [1.2] (i.e. downloaded firmware or
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programmable logic) while others may run on the CEN-
TRAL PROCESSING UNIT [1.10], communicating with
the 1P ROUTING MODULE [1.2] in a device control
capacity.

The IP ROUTING SYSTEM [1.14] incorporates a soft-
ware abstraction of the IP ROUTING MODULE [1.2],
supporting internal APIs necessary to enable IP communi-
cations by the RTP PROTOCOL STACK [1.15], the SIP
PROTOCOL STACK [1.16], the HTTP PROTOCOL
STACK [1.17], and the SNMP PROTOCOL STACK [1.18].
Routing services such as Network Address Translation and
programmable firewall features are also supported through
this abstraction.

Protocol Stacks for Network Communications

The RTP PROTOCOL STACK [1.15] runs primarily on
the PACKETIZATION COPROCESSOR [1.6] so as to
ensure consistently uninterrupted RTP media transmission
through the network irrespective of the processing load on
the CENTRAL PROCESSING UNIT [1.10]. The RTP PRO-
TOCOL STACK [1.15] is used by the ABSTRACT TELE-
PHONE CONTROLLER [1.19] to support real-time voice
communications by TELEPHONE STATIONS [3] plugged
into the TELEPHONE LINE INTERFACE [1.19].

The SIP PROTOCOL STACK [1.16] runs on the CEN-
TRAL PROCESSING UNIT [1.10] and is used by the
ABSTRACT CALL MODEL [1.20] to support all SIP
network signaling operations. Among other roles, it func-
tions as the default SIP Proxy Server for all voice and video
terminals plugged into the EDGE SWITCH [1], acting an
intermediary for all SIP network signaling operations
between those terminal devices and those in the network
with whom they are communicating. FIG. 11 depicts this
role of the SIP PROTOCOL STACK [1.16] to the extent that
the DES as a system functions as a distributed SIP Proxy
Server, using the DNS SERVER [10] as a centralized
database to translate E.164 dialing numbers into IP
addresses (as required to establish SIP call sessions in the
ESN.

The HTTP PROTOCOL STACK [1.17] runs on the CEN-
TRAL PROCESSING UNIT [1.10] and is used to provide
secure, session-based access to the XML MGMT INTER-
FACE [1.21] by remote management applications and net-
work-based applications. In a similar fashion, the SNMP
PROTOCOL STACK [1.18] also runs on the CENTRAL
PROCESSING UNIT [1.10] and provides a standards-based
management interface to various DEVICE MGMT AGENT
[1.22] and related data objects (i.e. SNMP Agents and
SNMP Management Information Blocks).

Terminal Interfaces

The COMPUTER DATA INTERFACE [1.4] and the
VIDEO STREAMING DEVICE INTERFACE [1.5] are
physical, routed interfaces to the IP ROUTING MODULE
[1.2], thus control logic in the IP ROUTING SYSTEM
[1.14] will modulate IP packet flows to/from COMPUTER
WORKSTATIONS [5] and SET-TOP BOXES [4] plugged
into these interfaces. TELEPHONE STATIONS [3] plugged
into the TELEPHONE LINE INTERFACE [1.9] ultimately
present themselves to the EDGE SWITCH [1] software
architecture through the ABSTRACT TELEPHONE CON-
TROLLER [1.19], which provides an abstract software
control model for the MEDIA STREAM CONTROLLER
[1.7] and the TELEPHONE LINE INTERFACE [1.9]. Logi-
cal media stream control operations, adjunct digital signal
processing functions, and device-level control of TELE-
PHONE STATIONS [3] are made accessible to other inter-
nal EDGE SWITCH [1] software subcomponents through an
API presented by the ABSTRACT TELEPHONE CON-
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TROLLER [1.19]. This API contains functions that enable
the detection of device-level telephone signaling events (i.e.
on-hook, off-hook, flash, DTMF digits, flash) originating
from the TELEPHONE STATIONS [3] plugged into the
TELEPHONE LINE INTERFACE [1.9]. These logical
operations and functions supported by the API are realized
by mapping them to physical operations supported by the
MEDIA STREAM CONTROLLER [1.7] and the TELE-
PHONE LINE INTERFACE [1.9];

SET-TOP BOXES [4] are native SIP network signaling
endpoints (i.e. contain a SIP User Agent) and perform SIP
network signaling through the SIP PROTOCOL STACK
[1.16], employing it as their default SIP Proxy Server.
TELEPHONE STATIONS [3] are represented as SIP net-
work signaling endpoints by a SIP User Agent function
provided by the ABSTRACT CALL MODEL [1.20]. Thus,
both terminal types present themselves as SIP network
signaling endpoints registered with the SIP PROTOCOL
STACK [1.16] (functioning as a SIP Proxy Server). As a
result, SIP network signaling events from either type of
terminal can be intercepted and used to trigger CALL
PROCESSING APPLICATIONS [1.23.2].

Terminal Control and Call Processing

The ABSRACT CALL MODEL [1.20] provides an
abstract endpoint representation for all TELEPHONE STA-
TIONS [3] and SET-TOP BOXES [4] plugged into the
EDGE SWITCH [1]. The SIP PROTOCOL STACK [1.16]
and the ABSTRACT TELEPHONE CONTROLLER [1.19]
present network signaling events and TELEPHONE STA-
TION [3] device-level signaling events, respectively, to the
ABSTRACT CALL MODEL [1.20]. Either type of signal-
ing event may trigger execution of CALLL PROCESSING
APPLICATIONS [1.23.2] stored in the FILE SYSTEM
[1.23]. CALL PROCESSING APPLICATIONS [1.23.2] can
perform network signaling operations (such as call control)
through the SIP PROTOCOL STACK [1.16] or perform
media control and device-level TELEPHONE STATION [3]
control operations through the ABSTRACT TELEPHONE
CONTROLLER [1.19].

FIG. 7 depicts architectural details related to the design
and operation of the EDGE SWITCH [1] call model. The
DEFINITIONS section entry for the ABTRACT CALL
MODEL [1.120] provides an expanded discussion of termi-
nal control and call processing as it relates to the architec-
tural context set forth in FIG. 7.

Management Interfaces

The XML MGMT INTERFACE [1.21] provides a means
by which a client application may: (a) remotely access
information stored within FILE SYSTEM [1.23] databases;
(b) remotely invoke EDGE SWITCH [1] telephone control
and call processing features; and/or (c¢) remotely invoke
DEVICE MGMT AGENTS [1.22] resident on the EDGE
SWITCH [1]. A remote client will establish an HTTP
session through the HTTP PROTOCOL STACK [1.17].
Remote client access for the purpose of data exchange or
remote invocation of features is based on using XML-
encoding for all information. Data structures and parameter
lists passed between the client and the EDGE SWITCH [1]
during remote access are all XMI -encoded.

The SNMP PROTOCOL STACK [1.18] provides a stan-
dards-based device management interface similar to that
provided by the combination of the HTTP PROTOCOL
STACK [1.17] and the XML MGMT INTERFACE [1.21].
However, the transactions occurring through this interface
are initiated by a remote network management station com-
pliant with SNMP. The DEVICE MGMT AGENTS [1.22] in
the EDGE SWITCH [1] include specialized “SNMP
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Agents” that communicate with the network management
station using Management Information Blocks (MIBS).
Thus, the SNMP PROTOCOL STACK [1.18] implements a
more formal presentation of network element management
functions to the IP CARRIER NETWORK [6], as would be
required for implementation of the ESN by a carrier.

Distributed Edge Switch Carrier Network Reference
Architecture

FIG. 8 depicts a DES carrier network reference architec-
ture. It provides a formal presentation of network elements
that define the ESN and is used by subsequent discussions
within this disclosure to provide an operational context for
system management, call signaling, and network service
delivery work-flow sequences. All network elements are
described in significantly more detail in the DEFINITIONS
section.

The ESN recognizes the PSTN as an important “compan-
ion network” with which the ESN must fully interoperate.
The ESN must support call sessions that have one endpoint
in the ESN and another in the PSTN, whether for the purpose
of point-to-point communication between TELEPHONE
STATIONS [3] or for access to NETWORK-BASED
ENHANCED SERVICES [18] deployed in the PSTN.

FIG. 8 depicts important ESN network elements that are
considered necessary to support the full breadth of system
management, call signaling, and network service delivery
capabilities of the DES. Whereas FIG. 8 provides the
architectural context for all operations supported by the
DES, FIGS. 9, 10 & 11 will selectively expose only those
network elements from FIG. 8 that are required to illustrate
particular workflow sequences.

Distributed Edge Switch System Management Workflow

FIG. 9 depicts selected elements of the DES carrier
network reference architecture for the purpose of illustrating
DES system management workflow sequences. F1G. 9 intro-
duces selected carrier operations support system (OSS)
elements for the purpose of demonstrating how the DES,
from an operational perspective, integrates with existing
carrier back-office infrastructure.

The DES system management model does not use IP
addresses as a means to identify endusers of network ser-
vices. It assumes that IP address assignments are dynamic,
transient, and easily manipulated by users. Instead, all
subscriber transactions that must be accounted for in event
histories (i.e. billing records) are tracked on the basis of the
unique physical device address of the EDGE SWITCH [1]
that generated the event. The physical device address of the
EDGE SWITCH [1] is not accessible to the user, cannot be
modified, and is passed through the network in encrypted
format, thus it cannot be altered, falsified, or otherwise
easily misrepresented.

The DES system management workflow sequences below
reference the ten programmatic relationships shown in FIG.
9. These workflow sequences do not capture the full extent
of DES system management, but instead highlight important
examples.

Edge Switch Synchronization with SMP

In the event of EDGE SWITCH [1] replacement, the
SYSTEM MANAGEMENT PLATFORM [2] is required to
be able to reconstruct the software load and operating
configuration (including all subscriber-specific information)
used by a particular EDGE SWITCH [1]. Also, any changes
made by end user (the subscriber) to Class of Service
settings or service delivery preferences must be reflected
back into the SYSTEM MANAGEMENT PLATFORM (2]
(and vice-versa) through a synchronization process. The
synchronization process is initiated automatically through
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{1} by either the EDGE SWITCH [1] or the SYSTEM
MANAGEMENT PLATFORM [2], whenever one or the
other detects that it has experienced a change in operating
configuration and/or subscriber-specific information that is
understood to be maintained by both entities.

Not every data object on the EDGE SWITCH [1] is
necessarily maintained on the SYSTEM MANAGEMENT
PLATFORM |[2]. For example, long after being reported to
the SYSTEM MANAGEMENT PLATFORM [2] for service
billing purposes, potentially years of call log data could be
retained within the EVENT RECORD REPOSITORY
[1.23.1], remaining accessible to interactive calling services.
In the unexpected event of EDGE SWITCH [1] replacement,
this call log information would no longer be accessible to the
subscriber (without the carrier extracting it using special
diagnostic tools in a service depot). Presumably, they would
have saved call log reports by other means if the information
was considered important to them.

The EDGE SWITCH [1] synchronization process is pre-
sented for a circumstance of replacement—a situation in
which the entire contents of the EDGE SWITCH [1] must be
updated. However, the synchronization process is optimized
to ensure that only new or changed information is synchro-
nized. Thus, synchronization is a general process of infor-
mation management that will be invoked following many
types of operations, such as whenever a subscriber changes
their Class of Service settings or personal preferences. The
synchronization process may be executed in batch mode,
whereby a certain number of changes trigger execution, or
perhaps it occurs only at certain times of the day, depending
on how critical the information. Truly critical changes in
information, such as changes in Class of Service, are origi-
nated on the SYSTEM MANAGEMENT PLATFORM |[2]
first to ensure it is retained in the event of synchronization
failure.

Edge Switch Reporting of Billable Events to OSS

In the ESN, the EDGE SWITCH [1] originates billable
events and stores them locally until a pre-programmed
threshold is met, at which time it reports them to the
NETWORK BILLING SYSTEM [17]. When an EDGE
SWITCH [1] detects the threshold is met, it initiates a
transmission of new billable events to the SYSTEM MAN-
AGEMENT PLATFORM [2] via {1}. The SYSTEM MAN-
AGEMENT PLATFORM [2] confirms receipt of these
events.

Each event is bound to a particular network subscriber
based upon the physical device address of the EDGE
SWITCH [1] that originated it. The SYSTEM MANAGE-
MENT PLATFORM [2] sorts and reformats the billable
events into standard-format billing records prior to trans-
mitting them to the NETWORK BILLING SYSTEM [17]
via {10}.

Edge Switch Service Delivery Monitoring by OSS

The SYSTEM MANAGEMENT PLATFORM [2]
actively monitors service delivery by the EDGE
SWITCHES [1] and reports their status to the NETWORK
OPERATIONS CENTER [16]. Each EDGE SWITCH [1] is
programmed to report its status to the SYSTEM MANAGE-
MENT PLATFORM [2] at a specific, pre-determined time
interval. When an EDGE SWITCH [1] detects that the time
interval has expired, or at any time when it detects an error
condition, it initiates a transmission of a status report to the
SYSTEM MANAGEMENT PLATFORM [2] via {1}. The
SYSTEM MANAGEMENT PLATFORM [2] confirms
receipt of this report and the EDGE SWITCH [1] resets its
timer. The SYSTEM MANAGEMENT PLATFORM [2]
then prioritizes, sorts and reformats these reports into a
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standard format prior to transmitting them to the NET-
WORK OPERATIONS CENTER [17] via {9}.

If an EDGE SWITCH [1] report shows an alarm condi-
tion, or if the EDGE SWITCH [1] fails to report within a
specific time frame, the SYSTEM MANAGEMENT PLAT-
FORM [2] will expedite reporting of this information to the
NETWORK OPERATIONS CENTER [16] as an alarm
condition that requires expedited remediation.

Edge Switch Troubleshooting by OSS

At any time, the NETWORK OPERATIONS CENTER
[16] may query a particular EDGE SWITCH [1] (or defined
group of EDGE SWITCHES [1]) to generate an updated
status report and/or to initiate one or more internal diagnos-
tic programs (e.g. DEVICE MGMT AGENTS [1.22]) resi-
dent on the EDGE SWITCH [1] for the purpose of remote
troubleshooting. The NETWORK OPERATIONS CENTER
[16] may also retrieve, view, and/or modify a particular
EDGE SWITCH [1] base configuration and all subscriber-
specific information stored on it.

All of these interactions between the NETWORK
OPERATIONS CENTER [16] and one or more EDGE
SWITCHES [1] occur through the same general mechanism:
the NETWORK OPERATIONS CENTER [16] first defines
a select population of subscribers based on appropriate
criteria such as: (a) the names or dialing numbers of one or
more individual subscribers; (b) the name of a group of
subscribers (e.g. an organization such as a business); or (c)
a group of subscribers within a geographical region. The
definition of a select population occurs though interactions
between the NETWORK OPERATIONS CENTER [16] and
the SYSTEM MANAGEMENT PLATFORM [2] via {9}.
Through a similar mechanism, the NETWORK OPERA-
TIONS CENTER [16] then selects the desired logical
troubleshooting operations to be applied to this select popu-
lation.

The SYSTEM MANAGEMENT PLATFORM [2] trans-
lates the select population of subscribers into a population of
physical EDGE SWITCHES [1] that are providing network
services to those subscribers. It next translates the logical
troubleshooting operations to be applied to this select sub-
scriber population into sequences of EDGE SWITCH [1]
management operations. These EDGE SWITCH [1] man-
agement operations are then executed as interactions
between the SYSTEM MANAGEMENT PLATFORM [2]
and the EDGE SWITCHES [1] via {1}.

The EDGE SWITCHES [1], for their part, execute the
device management operations and transmit reports to the
SYSTEM MANAGEMENT PLATFORM [2] via {1}. The
SYSTEM MANAGEMENT PLATFORM [2] confirms
receipt of these reports, sorts and reformats them into a
standard format prior to transmitting them to the NET-
WORK OPERATIONS CENTER [17] via {9}.

Edge Switch Provisioning and Configuration by OSS

The NETWORK PROVISIONING SYTEM [15] must
initiate at least three major operations to prepare the ESN for
network service delivery to a select population of one or
more subscribers:

(a) Update carrier policies to enable network service
delivery to this select population of subscribers;

(b) Configure the network dialing plan to include termi-
nals used by the select population of subscribers.

(c) Configure DES to provide network services to this
select population of subscribers in a manner that is consis-
tent with carrier policies.

Carrier policies are updated by existing means via {7}.
The logical provisioning operations typically include ini-
tially adding the select population of subscribers to the
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POLICY SERVER [14] and assigning a default Class of
Service. In addition, each subscriber is assigned one or more
dialing numbers (or other logical endpoint addresses accord-
ing to naming conventions used to identify subscriber voice
and multimedia terminals). In the ESN, the dialing plan for
the most part is maintained by the DNS SERVER [10]; thus
the NETWORK PROVISIONING SYSTEM [15] must
ensure that dialing numbers and/or endpoint addresses
assigned to the select subscriber population in the POLICY
SERVER [14] are also represented within the carrier’s DNS
infrastructure. The NETWORK PROVISIONING SYS-
TEM [15] updates the DNS SERVER [10] via {6}.

The NETWORK PROVISIONING SYSTEM [15] con-
figures the DES to provide network services to a select
population of subscribers through its interactions with the
SYSTEM MANAGMENT PLATFORM [2] via {8}: the
NETWORK PROVISIONING SYSTEM [15] first defines a
select population of subscribers based on appropriate criteria
such as: (a) the names or dialing numbers of one or more
individual subscribers; (b) the name of a group of subscrib-
ers (e.g. an organization such as a business); or (¢) a group
of subscribers within a geographical region. The definition
of a select population occurs though interactions between
the NETWORK PROVISIONING SYSTEM [15] and the
SYSTEM MANAGEMENT PLATFORM [2] via {8}.
Through a similar mechanism, the NETWORK PROVI-
SIONING SYSTEM [15] then initiates automatic provision-
ing for that select population.

The SYSTEM MANAGEMENT PLATFORM [2] ini-
tiates automatic provisioning by synchronizing all of its
internal administrative information for the select population
with the same select population on the POLICY SERVER
[10] via {5}. If there are determined to be members of the
select population that exist on the POLICY SERVER [10]
but that do not exist within the SYSTEM MANAGEMENT
PLATFORM’S [2] internal administrative information, then
these members are identified as “new subscribers;” new
accounts are then created on the SYSTEM MANAGE-
MENT PLATFORM [2]. The Class of Service capabilities in
the POLICY SERVER [10] for all members of the select
population are translated into appropriate DES Class of
Service representations (to the extent possible) for the
corresponding select population on the SYSTEM MANAG-
MENT PLATFORM [2]. New subscribers are assigned
default Class of Service settings and default service prefer-
ences.

Each subscriber account maintained on the SYSTEM
MANAGEMENT PLATFORM |[2] contains a registry used
to associate that subscriber with one or more physical EDGE
SWITCHES [1], each identified by a unique physical device
address. Each registered EDGE SWITCH [1] has its physi-
cal location (street address) listed along with the dialing
numbers it serves. Conceptually, each EDGE SWITCH [1]
is serving a portion of the overall network dialing plan.

Having synchronized its internal administrative informa-
tion with the POLICY SERVER [10], the SYSTEM MAN-
AGMENT PLATFORM [2] then translates the select popu-
lation of subscribers into a population of registered EDGE
SWITCHES [1] that are providing network services to those
subscribers. It next attempts to communicate with each
EDGE SWITCH [1] via {1} to upload the necessary system
software and subscriber-specific information necessary to
support network service delivery by the EDGE SWITCH
[1]. Subscriber-specific information includes a specific set of
Class of Service capabilities purchased by the subscriber.
Class of Service capabilities are accompanied by default
Class of Service settings. Some settings are assigned default
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network service delivery preferences as appropriate to the
particular network service effected.

The EDGE SWITCHES [1], for their part, confirm the
success or failure of the provisioning operations, each trans-
mitting a report to the SYSTEM MANAGEMENT PLAT-
FORM [2] via {1}. When the SYSTEM MANAGEMENT
PLATFORM [2] has completed provisioning and configur-
ing all EDGE SWITCHES [1] for the select population, it
sorts the reports returned by the EDGE SWITCHES [1] and
reformats them into a standard format prior to transmitting
them to the NETWORK PROVISIONING SYSTEM [15]
via {8}. As part of the provisioning process, the EDGE
SWITCHES [1] in the select population automatically per-
form a reset and come online to begin network service
delivery; they then begin to transmit periodic status reports
as described by the workflow sequence “Edge Switch Ser-
vice Delivery Monitoring by OSS.”

End-user Configuration of Edge Switch

An end-user (i.e. the subscriber) may perform application-
mediated configuration operations that enable them to view
and modify EDGE SWITCH [1] Class of Service settings
and network service delivery preferences using a web
browser. An EDGE SWITCH [1] configuration and network
services management web application running on a WEB
SERVER [11] presents a graphical user interface via {2},
exposing information relevant to that particular subscriber’s
Class of Service. The web application performs a secure
log-in via {3} to the XML MGMT INTERFACE [1.21],
within the context of an HTTP session supported through the
HTTP PROTOCOL STACK [1.17].

Communications between the web application and the
EDGE SWITCH [1] may be encrypted to ensure secure
access. End-user modifications to the EDGE SWITCH [1]
configuration or subscriber-specific information are
reflected back to the SYSTEM MANAGEMENT PLAT-
FORM [2] as soon as it is practical to do so, according to the
workflow sequence “Edge Switch Synchronization with
SMP.”

End-User Interaction with Edge Switch

An end-user (i.e. the subscriber) may perform application-
mediated interactions with the EDGE SWITCH [1] as an
adjunct to network service delivery. Certain network ser-
vices (or elements of network services), such as interactive
calling services are implemented as web applications run-
ning on a WEB SERVER [11]. The web application presents
a graphical user interface via {2}, exposing information
relevant to that particular network service, such as display of
call log data, for example.

The web application performs a secure log-in via {3} to
the XML MGMT INTERFACE [1.21], within the context of
an HTTP session supported through the HTTP PROTOCOL
STACK [1.17]. Communications between the web applica-
tion and the EDGE SWITCH [1] may be encrypted to ensure
secure access. Through the XML MGMT INTERFACE
[1.21], the web application may (a) access information
stored in various EDGE SWITCH [1] databases, and/or (b)
access features and functions supported by the EDGE
SWITCH [1], such as call control operations.

Distributed Edge Switch Call Signaling Workflow

FIG. 10 depicts selected elements of the DES carrier
network reference architecture for the purpose of illustrating
DES network call signaling workflow sequences. SIP net-
work signaling paths and database queries are shown as they
relate to various call set-up examples. RTP bearer paths are
not shown and should be assumed from a logical perspective
to occur point-to-point between SIP network signaling end-
points participating in a SIP call session.
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Role of Distributed Edge Switch as a Distributed SIP
Proxy Server

FIG. 11 is a companion to FIG. 10, providing details as to
how the DES functions as a distributed SIP Proxy Server. In
the DES, each EDGE SWITCH [1] embeds its own SIP
Proxy Server within the SIP PROTOCOL STACK [1.16].
This SIP Proxy Server replaces most of the SIP Proxy Server
functionality that is in the NGN provided by a centralized,
network-based SIP Proxy Server, such as the SIP PROXY
SERVER [12] depicted in FIG. 8 for the Distributed Edge
Switch Carrier Reference Network Architecture. The SIP
Proxy Server within the SIP PROTOCOL STACK [1.16] has
access to subscriber policy information (e.g. subscriber
Class of Service and preferences) stored internally within
the EDGE SWITCH [1]; thus in most cases it does not need
to defer to a network-based SIP PROXY SERVER [12] to
make policy-related decisions on its behalf. In addition, the
The SIP Proxy Server within the SIP PROTOCOL STACK
[1.16] may access the DNS SERVER [10] through the
BROADBAND ACCESS NETWORK [6.1] in order to
translate dialing numbers to IP addresses. Summarily, the
centralized SIP PROXY SERVER [12] is for the most part
not used by the DES (or in any ESN) to support SIP call
sessions between EDGE SWITCHES [1].

It is likely the case that a carrier will not allow unre-
stricted SIP connectivity within the I[P CARRIER NET-
WORK [6]. To control access to carrier-owned SIP network
signaling endpoints (e.g. EDGE SWITCHES [1], PSTN
GATEWAYS [8], SIP APPLICATION SERVERS [13]),
certain SIP call sessions may be encrypted or contain
specialized parameters. To this end, the SIP PROTOCOL
STACK [1.16] provides a “protocol grooming” function to,
if necessary, re-write, encode, and/or decode SIP messages
for the purpose of ensuring secure, syntactically correct SIP
network signaling within the [P CARRIER NETWORK [6].

Internally within the EDGE SWITCH [1], TELEPHONE
STATIONS [3] plugged into it are represented as SIP User
Agent instances by the ABSTRACT CALL MODEL’S
[1.20] Telephone Gateway function. These SIP User Agents
are created to operate on behalf of TELEPHONE STA-
TIONS [3] that are by themselves incapable of performing
SIP network signaling operations. These SIP User Agents
must utilize the SIP PROTOCOL STACK [1.16] as their
default SIP Proxy Server in order to participate in SIP
network signaling operations that involve carrier-owned SIP
network signaling endpoints. SET-TOP BOXES [4] are
native SIP network signaling endpoints, and when plugged
into the EDGE SWITCH [1], they too must specify the SIP
PROTOCOL STACK [1.16] as their default SIP Proxy
Server in order to participate in SIP network signaling
operations that involve carrier-owned SIP network signaling
endpoints.

Because each EDGE SWITCH [1] contains its own SIP
Proxy Server, the network’s capacity to provide secure SIP
Proxy services scales with the network itself. Each EDGE
SWITCH [1] contains the computing resources necessary to
provide SIP proxy services to all terminals plugged into it.
The DEFINITIONS section of this disclosure contains a full
discussion of the EDGE SWITCH [1] call model, and here
it is explained how the SIP Proxy Server capability of the
SIP PROTOCOL STACK [1.16] makes possible the imple-
mentation of the ABSTRACT CALL MODEL’S [1.20]
Calling Service Delivery Function and Admission Control
Function. Both of these functions operate in the network
signaling plane and are made possible as a result of the fact
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that the SIP PROTOCOL STACK [1.16] is playing the role
of intermediary in all calls originated from and answered by
the EDGE SWITCH [1].

Unique to the DES is its peer-to-peer call routing and
“multi-tiered” configurable call set-up model that together:
(a) enable the largest number of simultaneous calls to occur
with the lowest possible utilization of network resources,
and (b) guarantee virtually instantaneous call set-up times
for on-network calls. These design elements benefit the
carrier implementing the DES because it enables them to
deliver an end-user experience that significantly improves
upon what is possible through the legacy PSTN or the
proposed NGN:

DES on-network call set-up times are virtually instanta-
neous, generating ring signaling and two-way voice com-
munications without any perceivable delay.

For all practical intents and purposes, DES on-network
call set-up will virtually never block due to trunk congestion
(i.e. will not return “network busy”);

DES feature delivery (e.g. office telephone features,
access to network-based applications) to the end-user
through voice and multimedia terminals is virtually instan-
taneous.

The multi-phase call set-up model supported by the
EDGE SWITCH [1] may be configured to optimally support
call routing requirements unique to a specific carrier’s
implementation of the ESN. The service logic needed to
supervise the EDGE SWITCH [1] call set-up procedure is
implemented in a CALL PROCESSING APPLICATION
[1.23.2]. In the case of call origination by the EDGE
SWITCH [1], a CALL PROCESSING APPLICATION
[1.23.2], for example, would be triggered to execute when
an off-hook event was detected for a TELEPHONE STA-
TION [3] plugged into it.

Since all network service delivery and call processing
logic is managed internally by the EDGE SWITCH [1] and
since billing events (i.e. call accounting records) are stored
internally by the EDGE SWITCH [1], the greater or lesser
involvement of centralized network resources has no impact
on the ability of the EDGE SWITCH [1] to (a) deliver basic
calling services according to the subscriber’s Class or Ser-
vice, and/or (b) to account for their use through the EDGE
SWITCH’S [1] internal origination, storage, and forwarding
of billable event records to the SYSTEM MANAGEMENT
PLATFORM [2]. Consequently, call routing algorithms are
not required to route calls through centralized SIP PROXY
SERVERS [12] that are responsible for originating billable
events and thus can be optimized with greater flexibility.
FIG. 10 depicts the ESN architectural context necessary to
describe selected call signaling workflow examples that
illustrate this flexibility:

On-switch Call

An on-switch call occurs when a TELEPHONE STA-
TION [3] or SET-TOP BOX [4] plugged into the EDGE
SWITCH [1] attempts to call another TELEPHONE STA-
TION [3] or SET-TOP BOX [4] plugged into the same
EDGE SWITCH [1]. As depicted in FIG. 10 for the EDGE
SWITCH [1] labeled B, SIP call signaling occurs internally
through the SIP PROTOCOL STACK [1.71], essentially
point-to-point between internal SIP User Agents as indicated
by {1}. RTP bearer transmission occurs point-to-point
through the IP ROUTING MODULE [1.2] in much the same
way. As an alternative to RTP transmission, an on-switch
call may simply interconnect media streams associated with
the participating TELEPHONE STATIONS [3] directly
through the MEDIA STREAM CONTROLLER [1.7].
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If the dialing number for the far-end cannot be identified
as a TELEPHONE STATION [3] or SET-TOP BOX [4]
plugged into the same EDGE SWITCH [1], call set-up
service logic may choose to initiate a direct call or and
indirect call, depending the circumstance. Most calls in the
DES are initiated as direct calls.

Direct Call

A direct call occurs when a TELEPHONE STATION [3]
or SET-TOP BOX [4] calls another TELEPHONE STA-
TION [3] or SET-TOP BOX [4] that is not plugged into the
same EDGE SWITCH [1] and without using an intermedi-
ate, centrally-located SIP PROXY SERVER [10] in the IP
CARRIER NETWORK [6]. As depicted in FIG. 10 for the
EDGE SWITCH [1] labeled A (originating the call in this
case), SIP call signaling occurs directly to the EDGE
SWITCH [1] labeled B (as indicated by {3}). In this case,
the SIP Proxy Server capability of the SIP PROTOCOL
STACK [1.16], as depicted in FIG. 11, is able to perform a
DNS SERVER [2] look-up to convert the far-end dialing
number to an IP endpoint address as indicated by {2}. Thus,
the SIP PROTOCOL STACK [1.16] within the EDGE
SWITCH [1] is fully capable of performing all operations
necessary to establish a SIP call session based on E.164
dialing number addressing without assistance from a cen-
trally-located SIP PROXY SERVER [10]. Class of Service
information that would determine whether or not a sub-
scriber should be allowed to place the call in the first place
is all stored internally by the EDGE SWITCH [1] and
updated as required by the SYSTEM MANGEMENT
PLATFORM [2]. As a result, there is no need for the SIP
PROTOCOL STACK [1] to query the POLICY SERVER
[10] for additional information necessary to set-up the call.
RTP bearer transmission occurs point-to-point through the
IP CARRIER NETWORK [6] in the usual way for SIP call
sessions.

Indirect Call

An indirect call occurs when a TELEPHONE STATION
[3] or SET-TOP BOX [4] uses an intermediate SIP PROXY
SERVER [10] to call another TELEPHONE STATION [3]
or SET-TOP BOX [4]. This type of call occurs when the
service logic used to set-up the call explicitly uses the IP
address (or name) of the network-based SIP PROXY
SERVER [10] as the SIP Proxy Server that should set-up the
call.

As depicted in FIG. 10 for the EDGE SWITCH [1]
labeled A (originating the call in this case), SIP call signaling
occurs through the SIP PROXY SERVER [12], as indicated
by {4}. The SIP PROXY SERVER 12 will access the
POLICY SERVER 14 for network call routing information,
as indicated by {5}, and a DNS SERVER [10] to convert the
far-end dialing number to an IP endpoint address, as indi-
cated by {6}. The SIP PROXY SERVER [12] then functions
as a SIP message router to shuttle SIP network signaling to
and from the far-end EDGE SWITCH [1] labeled B, as
indicated by {7}. RTP bearer transmission occurs point-to-
point through the IP CARRIER NETWORK [6].

In the DES, this type of indirect call usually occurs when
the dialed number is an endpoint that can only be reached
through a PSTN GATEWAY [8], or when the dialed number
is a SIP APPLICATION SERVER [13], as indicated by
{8}and {9}. In these cases, the carrier will often deploy a
SIP PROXY SERVER [12] as a means to implement a
load-balancing function; that is, the carrier will configure the
SIP PROXY SERVER [12] to route large numbers of
incoming calls to an available PSTN GATEWAY [8] or SIP
APPLICATION SERVER [13]. In the reverse direction,
incoming calls from the PSTN GATEWAY [8] to EDGE
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SWITCHES [1], for example, must be routed through the
SIP PROXY SERVER [12] so that it can be directed to the
correct EDGE SWITCH [1] in the IP CARRIER NET-
WORK [6].

On-network and Off-network Calls

All direct or indirect SIP call sessions that occur between
endpoints that lie within the ESN (i.e. entirely within the IP
CARRIER NETWORK [6]), end-to-end, are termed “on-
network” calls. An “off-network™ call occurs whenever one
end of a call session is an endpoint that lies outside of the IP
CARRIER NETWORK [6] (such as the PSTN [7]), regard-
less of which endpoint originated the call.

Off-network calls to the PSTN [7] utilize a PTSN GATE-
WAY [8] to complete the call path for both signaling and
bearer connections. Because the PSTN GATEWAY [8] is a
shared resource, potentially located only in selected network
segments and accessed by many network users at the same
time, it requires some degree of expanded access control.
The carrier may wish to partition the IP CARRIER NET-
WORK [6] with respect to PSTN GATEWAY [8] access,
perhaps for the purposes of load balancing and ensuring
redundancy. The PSTN GATEWAY [8] will require assis-
tance in routing calls inbound from the PSTN [7] to specific
IP CARRIER NETWORK [6] endpoints. For all these
purposes, a SIP PROXY SERVER [12] is most often used as
an intermediary; thus as a practical matter, an off-network
call is virtually always an indirect call. An example of an
off-network call is depicted in FIG. 10 where the EDGE
SWITCH [1] labeled A connects to a PSTN [7] endpoint
through the PSTN GATEWAY [8], as indicated by {10} and
{11}.

Distributed Edge Switch Network Service Delivery
Workflow

FIG. 12 depicts selected elements of the DES carrier
network reference architecture for the purpose of illustrating
DES network service delivery workflow sequences. Accord-
ing to the DES network service delivery model, services
internal to the EDGE SWITCH [1] and those residing in the
network are combined into more comprehensive network
services based on the subscriber’s Class of Service. Almost
every network service provided by the EDGE SWITCH [1]
is derived from, initiated by, or built on top of EDGE
SWITCH BASIC FEATURES [1.24]. EDGE SWITCH
BASIC FEATURES [1.24] render TELEPHONE STATION
FEATURES and SET-TOP BOX FEATURES to subscribers
through TELEPHONE STATIONS [3] and SET-TOP
BOXES [4] respectively, as indicated by {1}.

Any call originated or received by a terminal plugged into
the EDGE SWITCH [1] will the trigger the execution of
particular service logic (i.e. CALL PROCESSING APPLI-
CATIONS [1.23.2]). The execution of which particular
service logic depends upon the subscriber’s Class of Service
capabilities, settings, and preferences; some settings will
change the logic to a completely different type of service
logic altogether whereas other settings may simply alter
some aspect of the service logic. In some cases, the service
logic of EDGE SWITCH BASIC FEATURES [1.24], such
as “call-forwarding” for example, may as a matter of course
redirect calls to NETWORK-BASED ENHANCED SER-
VICES [18]. NETWORK-BASED ENHANCED SER-
VICES [18] may be accessible to the EDGE SWITCH [1] as
network signaling endpoints residing in either the PSTN [7],
as indicated by {4}, or the IP CARRIER NETWORK [6], as
indicated by {5}.

An ready example of {5} exists in a popular network
service called “voice call-answering.” To implement voice
call-answering, A conditional call-forwarding feature
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(EDGE SWITCH BASIC FEATURE [1.24]) is programmed
to forward a call to a voice call-answering application
(NETWORK-BASED ENHANCED SERVICE [18]) if the
TELEPHONE STATION [3] rings three times without being
answered or is busy.

An EDGE SWITCH BASIC FEATURE [1.24] may be
substituted with EDGE SWITCH OVERRIDE FEATURE
[1.25] that either (a) adds functionality to on top of it, as
indicated by {3} or (b) provides an alternative implemen-
tation of it, as indicted by {2}.

To provide an example of {3} (i.e. adds functionality to
EDGE SWITCH BASIC FEATURE [1.24]) the previous
example of voice call-answering can be expanded to offer a
Class of Service setting that would send an instant message
to inform the subscriber that they were receiving a voice
message. In this case, a simple instant messaging client in
the EDGE SWITCH [1] would perform the messaging
operation after the caller was forwarded to the voice call-
answering application. The original functionality of basic
call-answering remains unchanged.

To provide an example of {2} (i.e. provides an alternative
implementation of an EDGE SWITCH BASIC FEATURE
[1.24]) the basic call-forwarding function could be replaced
completely with a more advanced version that maintained a
“do-not-disturb” function based on time of day. At certain
times of the day (as programmed by the subscriber) all
callers would be automatically transferred to the voice
call-answering application and the telephone would not ring.
The original functionality of basic call-answering is changed
to alter its behavior based on the time of day.

In some cases, the desired EDGE SWITCH OVERRIDE
FEATURE [1.25] is too complex for the EDGE SWITCH
[1] to implement internally. As indicated by {6}, the EDGE
SWITCH BASIC FEATURE [1.24] is replaced with a
NETWORK-BASED OVERRIDE FEATURE [19]. An
example of {6} would be a “contact dialing” feature in
which the standard dial-tone provided as an EDGE
SWITCH BASIC FEATURES [1.24] is completely replaced
with replaced with a NETWORK-BASED OVERRIDE
FEATURE [19] that supports multiple dialing modalities
depending on subscriber whim. The new dial-tone feature
would interoperate with the subscribers contact list, enabling
them to “click to dial” from the COMPUTER WORKSTA-
TION [5] desktop, or simply speak the name of the contact
they wish to dial, or allow them to dial the telephone in the
usual manner.

Preferred Embodiment of Edge Switch

FIG. 13 depicts a preferred embodiment for the DES. A
version of the EDGE SWITCH [1] has been constructed for
residential subscriber deployment using a Very-high-data-
rate Digital Subscriber Line (VDSL) interface to the
BROADBAND ACCESS NETWORK [6.1]. VDSL bit
transfer rates vary according to cable length and by manu-
facturer. VDSL chip-sets currently available support down-
stream bit transfer rates over 25 megabits/second for cable
lengths in excess of 3,500 feet. Upstream bit transfer rates
are typically lower than downstream rates.

Edge Switch Physical Form Factor

The EDGE SWITCH [1] supports four individual POTS
lines and four SET-TOP BOXES [4] using an ETHERNET
SWITCH [20] plugged into the VIDEO STREAMING
DEVICE INTERFACE [1.5]. 10Base-T ethernet technology
is used for the cable connections. An ETHERNET HUB [9]
plugged into the COMPUTER DATA INTERFACE [1.4]
also uses 10Base-T ethernet technology. The ETHERNET
HUB [9] enables four COMPUTER WORKSTATIONS [5]
to share a single data service.
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The EDGE SWITCH [1] is deployed on the network-side
of the SUBSCRIBER NETWORK INTERFACE [21] at the
Telco Entrance Facility where the inside wiring is accessible
through a POTS channel bank mounted on the outside of the
subscriber premise. It is powered by current from the copper
wire plant supporting the VDSL broadband network service.

EDGE SWITCH [1] electronics and connectors are con-
tained within an environmentally protected plastic housing
that incorporates a hinged cover panel used to provide
service access. The physical dimensions of the plastic hous-
ing mirror the form factor of the Telco Entrance Facility (10"
heightx9" widthx3" depth). Using the existing Telco
Entrance Facility (originally used for POTS service), the
EDGE SWITCH [1] gains the electrical and environment
protection provided for the existing entrance device; addi-
tional protection capabilities within the housing are incor-
porated in the design to further protect the electronic com-
ponents.

Bandwidth Utilization

Each of the four POTS interfaces support three-way
calling features accessible to the TELEPHONE STATIONS
[3]. Internally, they support four-way calling so as to enable
an additional call leg in a three-way call as would occur if
the call was to be intercepted for law enforcement assis-
tance. Voice communications nominally utilize the G.729a
codec (vocoder type), which consumes 8 kilobytes/second
per voice bearer channel (media stream) connection. With
four simultaneous POTS sessions, each involved in three-
way intercepted call, the total bandwidth consumed for
voice transmission is approximately 100 kilobits/second
(not including signaling and packetization overhead). In the
event that the EDGE SWITCH [1] detects modem tones on
a line, such as from a fax machine, it will automatically
change the codec from (G.729 a to G.711 so as to enable
modem-based data communications over the voice bearer
channel.

A high-quality video stream consumes approximately 3.5
megabits/second; thus total bandwidth for four simultaneous
video (multimedia) is approximately 14 megabits/second.
Taking these estimates into consideration, the maximum
bandwidth that could be consumed by EDGE SWITCH [1]
voice and multimedia sessions is approximately 15 mega-
bits/second. Assuming a VDSL broadband capable of sup-
porting 20 megabits/second, at least 5 megabits/second
would be available for data communications by the COM-
PUTER WORKSTATIONS [5].

Operational Capacity

The EDGE SWITCH [1] supports EDGE SWITCH
BASIC FEATURES [1.24] for TELEPHONE STATIONS
[1], SET-TOP BOXES [4] and COMPUTER WORKSTA-
TIONS [5]. Two default CONFIGURATION PROFILES [5]
are pre-programmed into the EDGE SWITCH [1] so as to
enable TELEPHONE STATION FEATURES and SET-TOP
BOX FEATURES to operate as follows:

A default terminal function key profile is configured so as
to enable subscribers to access TELEPHONE STATION
FEATURES by entering DTMF digit sequences through the
TELEPHONE STATIONS [3]. TELEPHONE STATION [3]
speed-dial keys may be programmed to support these DTMF
digit sequences so that they can be used as dedicated feature
keys.

A default SET-TOP BOX [4] interface profile is pro-
grammed into the EDGE SWITCH for the particular type of
SET-TOP BOX [4] at the subscriber premise. This interface
profile is used internally by the EDGE SWITCH [1] to
convert the vendor-specific command sequences supported
by the SET-TOP BOX [4] to be compatible with the channel
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selection protocol supported by the NETWORK-BASED
ENHANCED SERVICES [18] providing selectable video
content;

DEFINITIONS

This section contains definitions for major system ele-
ments, terms, and protocols referenced in this disclosure.
The telecommunications industry contains a variety of views
regarding exactly what comprises these elements; thus the
definitions should not in all cases be considered absolute.
Definitions annotated with numerical identifiers in brackets
refer to system elements that are explicitly shown in figures.

IETF

Internet Engineering Task Force (IETF). The IETF is a
standards body whose conventions mandate that a body of
work is presented initially as an “Internet Draft” which
either expires or is formally promulgated to a “Request for
Comment” (RFC). Both the Internet Draft and RFC docu-
ments must comply with a content format convention.

ITU-T

International
ITU-T).

POTS

Plain Old Telephone Service. Standard analog telephone
service provided by the PSTN. POTS relies upon a CEN-
TRAL OFFICE SWITCH line card containing a Subscriber
Line Interface Circuit (SLIC). For more information, see the
definition for the TELEPHONE LINE INTERFACE [1.9]
below.

EDGE SWITCH [1]

DES system element that is a hardware device used to
terminate IP-based voice, video, and data broadband net-
work service at the network subscriber (customer) premise.
It is deployed as a premise-based network element at the
carrier point of demarcation where outside wiring connects
to inside wiring, and functions as an integral service delivery
component of the IP CARRIER NETWORK [6]. EDGE
SWITCHES are constructed according to a variety of form-
factors as required to accommodate voice, video, and data
termination requirements at the subscriber premise.

Regardless of form-factor, all EDGE SWITCHES are
centrally managed by a SYSTEM MANAGEMENT PLAT-
FORM [2], which is installed in the central office or central
office equivalent. When the EDGE SWITCH is connected to
the BROADBAND ACCESS NETWORK [6.1], it registers
with a default SYSTEM MANAGEMENT PLATFORM [2].
At that time, the SYSTEM MANAGEMENT PLATFORM
[2] remotely loads the EDGE SWITCH with all the software
necessary for it to deliver the network services (service
capabilities) purchased by the subscriber at whose premise
the EDGE SWITCH has been installed. Once the EDGE
SWITCH completes its system startup procedure with the
new software load, the subscriber may then configure the
EDGE SWITCH according to their personal preferences
through a web user interface. A web application running on
a WEB SERVER [11] initiates an authenticated (secure)
login to the EDGE SWITCH and thereby mediates sub-
scriber access to its features.

Architecturally, the EDGE SWITCH has two distinct
“sides:” the network side and the subscriber side. The
network side of the EDGE SWITCH incorporates a
BROADBAND NETWORK INTERFACE [1.1] that physi-
cally connects it to the BROADBAND ACCESS NET-
WORK [6.1]; it provides all necessary electrical (and poten-
tially optical) signal modulation and network adaptation
necessary to terminate broadband network access. The net-
work side ultimately presents the [P ROUTING MODULE
[1.2] in the EDGE SWITCH with an IP access path through
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the BROADBAND ACCESS NETWORK [6.1], dynami-
cally aggregating voice-over-1P, video-over-1P, and common
data-over-IP packet flows into a composite IP packet flow.
The total bitrate transmission requirements for this compos-
ite IP packet flow must be less than or equal to the total
available through the BROADBAND NETWORK INTER-
FACE [1.1]. Central to its ability to support multi-service
delivery through the BROADBAND NETWORK INTER-
FACE [1.1], the EDGE SWITCH supports internal service
logic that determines if the projected composite IP packet
flow that would be required to support the delivery of all
requested voice, video, and data services would exceed the
total bitrate transmission available from the network side.

The subscriber side of the EDGE SWITCH connects to
TELEPHONE STATIONS [3], SET-TOP BOXES [4], and
COMPUTER WORKSTATIONS [5] installed at the sub-
scriber premise. It provides telephone services to the TELE-
PHONE STATIONS [3], video (multimedia) services to the
SET-TOP BOXES [4], and data communication services to
the COMPUTER WORKSTATIONS [5]. In the case of
TELEPHONE STATIONS [3], the EDGE SWITCH con-
verts analog electrical (and potentially digital) telephone
device-level signaling and voice transmission conventions
to and from IP packets containing SIP network signaling
information and digitally-encoded voice. In the case of
SET-TOP BOXES [4], it is assumed that device signaling
information and media content are already digitally-encoded
in IP packets and that SET-TOP BOXES [4] natively support
SIP network signaling. The subscriber side supports admis-
sion control features that enable it to deny voice and/or video
calling service delivery to TELEPHONE STATIONS [3] or
SET-TOP BOXES, or attenuate data service delivery to
COMPUTER WORKSTATIONS [5].

Support for voice-over-IP or video-over-IP call sessions
on the subscriber side requires that the EDGE SWITCH
perform a prioritized IP routing function to ensure the timely
transport of IP packet flows bi-directionally between the
TELEPHONE STATIONS [3] (and SET-TOP BOXES [4])
and the IP CARRIER NETWORK [6]. As TELEPHONE
STATIONS [3] (and SET-TOP BOXES [4]) answer incom-
ing SIP call sessions or originate outgoing SIP call sessions,
the EDGE SWITCH dynamically reserves the requisite
network side bandwidth on demand—effectively removing
it from the pool of bandwidth available to COMPUTER
WORKSTATIONS [5]—and discreetly reassigns it to media
transmission. IP packets needed for real-time voice and
streaming video transmission are isolated into labeled IP
packet flows. The labeled voice and video packet flows are
then routed by the IP ROUTING MODULE [1.2] through
the BROADBAND ACCESS NETWORK [6.1] at a higher
priority than common data packets, thus enabling them to be
routed preferentially through other elements of the IP CAR-
RIER NETWORK [6], according to a higher quality of
service then necessary to support common data transmis-
sion.

TELEPHONE STATIONS [3] and SET-TOP BOXES [4]
plugged into the subscriber side of the EDGE SWITCH may
to a certain extent be vendor-specific in the way they
communicate with it. For the purpose of normalizing the
way that end-users may access network services using
different brands of TELEPHONE STATIONS [3] and SET-
TOP BOXES [4], the EDGE SWITCH supports terminal
adaptation features, performing device signaling and media
format conversion bi-directionally in real-time as required to
interoperate with SIP endpoints residing within the IP CAR-
RIER NETWORK [6].
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TELEPHONE STATIONS [3] also tend to differ from
vendor to vendor in their function key layouts. For example,
a telephone key dedicated to deleting a voice message will
generate a tone sequence or key code that may not match the
tone sequence or key code utilized by a particular vendor’s
voice messaging system for the same function. Telephone
function key layout profiles can be programmed into the
EDGE SWITCH by the subscriber (mediated through a
network-based web server) so that the EDGE SWITCH can
convert a vendor-specific tone sequence or key code used by
a particular TELEPHONE STATION [3] to a user interface
convention that can be understood by NETWORK-BASED
ENHANCED SERVICES [18].

Although the SET-TOP BOXES [4] natively support SIP
network signaling and communicate through an IP connec-
tion, the EDGE SWITCH may still be required to convert
vendor-specific device signaling information (e.g. protocols
for channel selection) to be compatible with conventions
used by NETWORK-BASED ENHANCED SERVICES
[18] providing video streaming content.

The EDGE SWITCH has sufficient storage and process-
ing capabilities to implement an optimized subset of sub-
scriber telephone features and services that are today pro-
vided by the CENTRAL OFFICE SWITCH [7.1], including
certain Customer Local Access Signaling Services (CLASS)
and selected PBX/Centrex features usually provided to
businesses. Telephone services and features are provided by
each EDGE SWITCH to the TELEPHONE STATIONS [3]
plugged into it without any requirement to interface a
CENTRAL OFFICE SWITCH [7.1], and without any
requirement to interface network elements such as “IP
Centrex” feature servers. Inasmuch as telephone features are
implemented internally by the EDGE SWITCH, so too is the
ability to generate and internally store event histories for
subscriber access to these services. The internally stored
event histories are sorted by the EDGE SWITCH such that
billable events may be periodically transmitted to a SYS-
TEM MANAGEMEMENT PLATFORM [2] for further
processing. The SYSTEM MANAGEMEMENT PLAT-
FORM |[2] positively identifies the end user that generated
the billable events by matching the physical device address
of the EDGE SWITCH that generated the billable events
with the physical device address of an EDGE SWITCH
registered to an end user.

Private dialing plans may be cached in the EDGE
SWITCH, as are subscriber preferences and related configu-
ration data necessary to support telephone feature delivery.
A single EDGE SWITCH can internally store over a year of
call log data, and make that information available to a
third-party application; thus the EDGE SWITCHES
deployed in the network collectively function as a distrib-
uted subscriber call log data base that scales with the
network and is capable of real-time access by network
applications. An EDGE SWITCH can make its feature
delivery and call control capabilities available to a third-
party application; thus the EDGE SWITCHES deployed in
the network collectively function as a distributed call control
and feature delivery resource that scales with the network
and is capable of (near) real-time access by network appli-
cations. The capability of EDGE SWITCHES to make
subscriber-specific information (call log and Class of Ser-
vice data) and calling feature delivery remotely accessible to
third-party applications enables new types of interactive
calling services in which subscribers may actively partici-
pate in network service delivery by the EDGE SWITCHES.

Making the most intelligent use of policy data and sub-
scriber preferences cached within it, the EDGE SWITCH [1]
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attempts to connect telephone calls and deliver telephone
features in the most localized manner possible with minimal
assistance from carrier network elements. The EDGE
SWITCH [1] supports SIP network signaling natively and
incorporates its own internal call routing functionality, mak-
ing it possible for telephone calls between TELEPHONE
STATIONS [3] plugged into the same EDGE SWITCH to be
routed internally through its [P ROUTING MODULE [1.2]
or potentially through its MEDIA STREAM CONTROL-
LER [1.7]. As aresult, these “on-switch” call sessions do not
require network resources to support end-to-end signaling,
media transmission, or telephone device control, and thus
are not significant consumers of network transmission
resources.

For telephone calls between TELEPHONE STATIONS
[3] that are not plugged into the same EDGE SWITCH, the
call paths are established as SIP call sessions through the IP
CARRIER NETWORK [6], between EDGE SWITCHES
[1]. This mode of communication is possible because each
EDGE SWITCH [1] presents the TELEPHONE STATIONS
[3] (and SET-TOP BOXES [4]) to the IP CARRIER NET-
WORK [6] as an array of intelligent SIP endpoints.

BROADBAND NETWORK INTERFACE [1.1]

Hardware subcomponent of the EDGE SWITCH [1] that
physically connects it to the BROADBAND ACCESS NET-
WORK [6.1] using any one of number of OSI Layer 1
broadband technologies (e.g. coaxial cable, Ethernet cable,
optical coupling, or copper wire) as required by the host
carrier. This subcomponent provides IP connectivity from
OSI Layer 3 (network layer) down, which includes OSI
Layer 2 (data link layer) and OSI Layer 1 (physical layer).
While the BROADBAND NETWORK INTERFACE may
be implemented using any type of OSI Layer 2 and OSI
Layer 1 technology, it is required to aggregate all available
broadband network transmission capacity into to single IP
data service in OSI Layer 3, and then to present an interface
to that data service to the IP ROUTING MODULE [1.2]. It
is anticipated that in some implementations, the BROAD-
BAND NETWORK INTERFACE may be support program-
mable logic that would enable it to be customized or
upgraded, potentially remotely by the SYSTEM MANAGE-
MENT PLATFORM [2].

IP ROUTING MODULE [1.2]

Hardware subcomponent of the EDGE SWITCH [1] that
performs all IP (OSI Layer 3) packet routing functions. It
communicates with the BROADBAND ACCESS NET-
WORK [6.1] through the BROADBAND NETWORK
INTERFACE [1.1]. It provides IP-based video stream con-
nectivity for SET-TOP BOXES 4 through the VIDEO
STREAMING DEVICE INTERFACE [1.5] and provides IP
data connectivity to COMPUTER WORKSTATIONS [5]
through the COMPUTER DATA INTERFACE [14]. It
provides voice stream connectivity for TELEPHONE STA-
TIONS [3] through its integration with the MEDIA
STREAM CONTROLLER [1.7] and PACKETIZATION
COPROCESSOR [1.6].

This subcomponent enforces preferential routing policies
to ensure higher priority voice and video packets are routed
in a timely fashion. The IP ROUTING MODULE prioritizes
packets for routing based upon a labeling mechanism that
assigns them to predefined QoS standards. Higher priority
packets are classified and scheduled for processing ahead of
lower priority packets. The IP ROUTING MODULE sup-
ports transmission pathways in which both connection end-
points correspond to voice or video terminals plugged into
the same EDGE SWITCH [1], and supports a programmatic
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interface such that it may be directly controlled by software
in the IP ROUTING SYSTEM [1.4].

POWER SUPPLY [1.3]

Hardware subcomponent of the EDGE SWITCH [1] that
conditions power from a DC POWER SOURCE [6.2] prior
to making it available to the electronic components of the
EDGE SWITCH [1]. This subcomponent provides for surge
protection and may be implemented with battery function-
ality so that it is able to continue powering the EDGE
SWITCH [1] for a period of time after the DC POWER
SOURCE [6.2] has failed. The POWER SUPPLY [1.3] may
be implemented with a switch that enables it to be switched
between line power (from the BROADBAND ACCESS
NETWORK [6.1] physical connection) or from a premise-
based power source.

COMPUTER DATA INTERFACE [1.4]

Hardware subcomponent of the EDGE SWITCH [1]
integrated with external cabling interface used to plug in one
or more COMPUTER WORKSTATIONS [5] to the EDGE
SWITCH [1]. The COMPUTER DATA INTERFACE sup-
ports bidirectional IP data paths used for common data
transport between the IP ROUTING MODULE [1.2] and the
COMPUTER WORKSTATIONS [5]. If more than one
COMPUTER WORKSTATION [5] is used, an ETHERNET
HUB [9] or ETHERNET SWITCH [20] may be used for the
purpose of distributing data streams to more than one
COMPUTER WORKSTATION [5] at the same time.

VIDEO STREAMING DEVICE INTERFACE [1.5]

Hardware subcomponent of the EDGE SWITCH [1]
integrated with external cabling interface that is used to
connect SIP video streaming devices such as SET-TOP
BOXES [4]. SIP media streaming devices natively support
SIP network signaling. The VIDEO STREAMING DEVICE
INTERFACE supports bidirectional IP data paths used for
SIP network signaling and real-time media streaming
between the IP ROUTING MODULE [1.2] and one or more
SET-TOP BOXES [4]. If more than one SET-TOP BOX [4]
is plugged into the EDGE SWITCH [1], an ETHERNET
SWITCH [20] should be used so as to ensure sufficient
bandwidth necessary to maintain network quality of service
for all video call sessions.

PACKETIZATION COPROCESSOR [1.6]

Hardware subcomponent of the EDGE SWITCH [1] that
is used by the MEDIA STREAM CONTROLLER [1.7] to
assist in real-time processing of voice media and voice-
related IP data packets transmitted through the IP ROUT-
ING MODULE [1.2]. Most packet processing carried out by
the PACKETIZATION COPROCESSOR [1.6] is in support
of IETF RFC 1889 on RTP: A Tramsport Protocol for
Real-Time Applications, and IEFT RFC 2833 on RTP Pay-
load for DTMF Digits, Telephony Tones and lelephony
Signals. The PACKETIZATION COPROCESSOR may also
be used for packet labeling to mark voice-related IP data
packets originating at the TELEPHONE LINE INTERFACE
[1.9] with the appropriate quality of service marker prior to
their introduction to the IP ROUTING MODULE [1.2].
While some implementations may choose to implement
voice encoding and decoding algorithms on the DIGITAL
SIGNAL PROCESSOR [1.8], it is also possible that the
PACKETIZATION COPROCESSOR [1.6] could be used
for this purpose.

MEDIA STREAM CONTROLLER [1.7]

Hardware subcomponent of the EDGE SWITCH [1] used
to interconnect, mix, and process full and half-duplex media
streams. For a media stream to be interconnected, mixed, or
processed by the MEDIA STREAM CONTROLLER, at
least one of its endpoints must terminate on it, whereas the
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other endpoint of that media stream may terminate either on
the TELEPHONE LINE INTERFACE [1.9] or within the IP
CARRIER NETWORK [6] (transmitted through the
BROADBAND NETWORK INTERFACE [1.1]).

The MEDIA STREAM CONTROLLER can be used to
interconnect two media streams to create a full or half-
duplex media session. It can interconnect three or more
media streams to create a fully meshed conference. The
MEDIA STREAM CONTROLLER enables multi-party
conference calls of this type through the use of conferencing
resources. All media streams that are interconnected through
a conferencing resource will receive the media contents of
all other media streams connected to that conferencing
resource. Media transmission to or from any media stream
endpoint can be enabled or disabled, and signal processing
algorithms may be applied to any stream.

The MEDIA STREAM CONTROLLER physically inter-
faces the IP ROUTING MODULE [1.2] on the network side
of the EDGE SWITCH [1] and the TELEPHONE LINE
INTERFACE [1.9] on the subscriber side. In order to more
efficiently transmit voice in real-time through the BROAD-
BAND ACCESS NETWORK [6.1] (according to IETF RTP
protocol standards), the MEDIA STREAM CONTROLLER
[1.7] uses the PACKETIZATION COPROCESSOR [1.6] as
a dedicated peripheral computing resource for packet pro-
cessing. In like fashion, the MEDIA STREAM CONTROL-
LER [1.7] uses the DIGITAL SIGNAL PROCESSOR [1.8]
as a dedicated peripheral computing resource to run digital
signal processing algorithms that may be applied dynami-
cally to media streams as needed.

DIGITAL SIGNAL PROCESSOR [1.8]

Hardware subcomponent of the EDGE SWITCH [1] that
is a dedicated peripheral computing resource used to provide
signal processing functions to the MEDIA STREAM CON-
TROLLER [1]. It may be implemented as an independent
device or its capabilities may be integrated directly into the
MEDIA STREAM CONTROLLER [1.7]. This subcompo-
nent supports running various digital signal processing algo-
rithms that may include DTMF digit detection, DTMF digit
generation, network tone detection, network tone genera-
tion, noise cancellation, comfort noise generation, echo
cancellation, voice onset detection, voice offset detection,
modem (fax) tone detection, and media stream encoding/
decoding/transcoding.

TELEPHONE LINE INTERFACE [1.9]

Hardware subcomponent of the EDGE SWITCH [1]
integrated with external cabling interface that is used to
connect TELEPHONE STATIONS [3]. TELEPHONE STA-
TIONS [3] do not natively support SIP network signaling
and as a result cannot present themselves to an IP network
as SIP network signaling endpoints without assistance from
the EDGE SWITCH [1].

The TELEPHONE LINE INTERFACE may also be
adapted to support a variety of proprietary telephones, such
analog POTS telephones, digital PBX telephones and vari-
ous Centrex telephones.

If used to connect POTS telephones, the TELEPHONE
LINE INTERFACE supports many of the BORSCHT func-
tions, including: (B) Battery feed to power the subscriber’s
telephone, (R) Ringing signal to the subscribers telephone,
(S) Supervision to detect caller off-hook, calls in progress,
calls terminated, (C) Coding of analog voice signals into
PCM digital format, (H) Hybrid transformer for conversion
from two-wire to four-wire, and filtering to provide imped-
ance match to remove or minimize echoes, and (T) Testing
of the local loop and circuits of the switching equipment to
detect faults and provide maintenance. Each POTS service
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interface provided by the TELEPHONE LINE INTERFACE
[1.9] is a basic two-wire “Tip and Ring” interface that is
translated into the four-wire (balanced pair) at the point
where it interfaces the MEDIA STREAM CONTROLLER
[1.7].

CENTRAL PROCESSING UNIT [1.10]

Hardware subsystem of the EDGE SWITCH [1] consist-
ing of various subcomponents that include a main processor,
peripheral controllers and memory cache devices necessary
for it to function as a stand-alone computer running a
real-time, preemptive, multi-tasking operating system. The
CENTRAL PROCESSING UNIT provides supervisory con-
trol, directly or indirectly, for all EDGE SWITCH [1]
features and functions. It interfaces RANDOM ACCESS
MEMORY [1.11], utilizing it to provide memory needed to
run the operating system and various application programs;
it interfaces NON-VOLATILE MEMORY [1.11], utilizing it
to store vital system configuration parameters and as a FILE
SYSTEM [1.23]; it interfaces both the MEDIA STREAM
CONTROLLER [1.7] and the IP ROUTING MODULE
[1.2] through a system bus or similar means, utilizing each
as a dedicated peripheral computing resource (under soft-
ware control) to implement media connectivity and IP
routing operations respectively.

RANDOM ACCESS MEMORY [1.11]

Hardware subsystem of the EDGE SWITCH [1] consist-
ing of any array of solid-state storage devices configured to
provide randomly addressable memory directly accessible to
the CENTRAL PROCESSING UNIT [1.10]. The storage
devices that comprise this subsystem provide volatile
memory whose contents are considered to be undefined after
a system reset cycle and must be initialized prior to use.

NON-VOLATILE MEMORY [1.12]

Hardware subsystem of the EDGE SWITCH [1] consist-
ing of any array of solid-state storage devices configured to
provide block addressable memory accessible to the CEN-
TRAL PROCESSING UNIT [1.10] using direct memory
access (DMA) or equivalent means. The storage devices that
comprise this subsystem user non-volatile memory whose
contents are retained between system reset cycles.

NETWORK ADAPTATION LAYER [1.13]

EDGE SWITCH [1] subsystem comprised of software,
firmware, or other programmable logic (or combination
thereof) that is used to control or impart functionality into
the BROADBAND NETWORK INTERFACE [1.1]. This
programmable subsystem makes it possible for the EDGE
SWITCH [1] to adapt to a variety of OSI Layer 1 and 2
technologies supported by the BROADBAND ACCESS
NETWORK [6.1]. The NETWORK ADAPTATION
LAYER provides all of the control logic necessary to enable
the BROADBAND NETWORK INTERFACE [1.1] to
aggregate all available broadband network transmission
capacity into to single IP data service in OSI Layer 3, and
then to present an interface to that data service to the IP
ROUTING MODULE [1.2].

Software subsystem of the EDGE SWITCH [1] consisting
of software components and related applications necessary
to control the IP ROUTING MODULE [1.2]; this software
subsystem incorporates an IP protocol stack and implements
IP routing services necessary to support voice, video, and
data communications through the I[P CARRIER NETWORK
[6]. Software modules within the IP ROUTING SYSTEM
support a programmable firewall, Network Address Trans-
lation (NAT), Dynamic Host Configuration Protocol
(DHCP), and Virtual Private (data) Networking (VPN).

The IP ROUTING SYSTEM may utilize the FILE SYS-
TEM [1.23] to store routing tables. It will support IPv6 (the
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current build to standard). IPv6 provides both enhanced
addressing capabilities as well as support for the quality of
service capabilities previously only found in ATM imple-
mentations. Thus, by supporting IPv6, the IP ROUTING
SYSTEM may employ open shortest path first (OSPF)
routing to request a path to the desired endpoint for voice,
video, and data packet transmission.

RTP PROTOCOL STACK [1.15]

Software subcomponent in the EDGE SWITCH [1] that
implements support for IETF RFC 1889 on RTP: A Trans-
port Protocol for Real-Time Applications (RTP), and its
adjunct protocol IETF RFC 2833 on RTP Payload for
DTMF Digits, Telephony Tones and Telephony Signals.
Most or all of the RTP PROTOCOL STACK software may
run on the PACKETIZATION COPROCESSOR [1.6]. RTP
is the media transmission protocol used by the DES to
transmit all real-time voice and video media streams through
the TP CARRIER NETWORK [6].

RFC 2833 describes a means by which DTMF digits,
telephone tones, and telephony signals are transmitted “out
of band” by encoding them as numerical codes that are
inserted into special-purpose RTP packets. RFC 2833 is used
when a selected voice media stream encoding format is
likely to render these DTMF digits, telephone tones, and
telephony signals unintelligible to digital signal processors
when the media stream is decoded at the receiving end of the
session.

The RTP PROTOCOL STACK is utilized by the
ABSTRACT TELEPHONE CONTROLLER [1.19] as a
means to establish real-time media stream sessions (i.e.
bearer channel connections) between SIP network signaling
endpoints within the I[P CARRIER NETWORK [6]. RTP
sessions maintained by the RTP PROTOCOL STACK are
physically associated with media stream endpoints on the
MEDIA STREAM CONTROLLER [1.7] under the control
of the ABSTRACT TELEPHONE CONTROLLER [1.19].
The RTP PROTOCOL STACK uses the data communication
services of the IP ROUTING SYSTEM [1.14] to support
IP-based media transmission between a media stream end-
point (i.e. port) on the MEDIA STREAM CONTROLLER
[1.7] and a media stream endpoint in the IP CARRIER
NETWORK [6] (or potentially with another media stream
endpoint also on the MEDIA STREAM CONTROLLER
[1.7] in the case of a call session that is internal to the EDGE
SWITCH [1]).

SIP PROTOCOL STACK [1.16]

Software subcomponent in the EDGE SWITCH [1] that
implements support for the “SIP Proxy Server” functionality
described further in this disclosure (see SIP PROXY
SERVER [12]) and in IETF RFC 2543 on SIP: Session
Initiation Protocol (SIP). The SIP PROTOCOL STACK also
implements support for IETF RFC 2327 on SDP: Session
Description Protocol (SDP). SDP is an adjunct protocol to
SIP and is used by SIP network signaling endpoints partici-
pating in a call session to describe to each other the detailed
characteristics of the voice or video media streams (i.e.
bearer channels) that they are capable of receiving from each
other.

The EDGE SWITCH [1] represents each TELEPHONE
STATION [3] internally as a SIP network signaling endpoint
to the IP CARRIER NETWORK [6] by associating it with
particular E.164 dialing number that is recognized by the SIP
PROTOCOL STACK. The ABSTRACT CALL MODEL
[1.20] supports a telephone gateway function in which a SIP
User Agent is used to perform SIP network signaling end-
point functions on behalf of each TELEPHONE STATION
[3] plugged into the TELEPHONE LINE INTERFACE
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[1.9]. This SIP User Agent directs its SIP network signaling
operations to the SIP PROTOCOL STACK, using it as its
default SIP Proxy Server.

Although a SET-TOP BOX [4] natively supports SIP
network signaling and is an actual SIP network signaling
endpoint (i.e. contains a SIP User Agent), it exchanges SIP
messages through the SIP PROTOCOL STACK on the
EDGE SWITCH [1]. The SIP User Agent in the SET-TOP
BOX [4] directs its SIP network signaling operations to the
SIP PROTOCOL STACK, using it as its default SIP Proxy
Server.

The SIP PROTOOL STACK uses the data communication
services of the IP ROUTING SYSTEM [1.14] to support

IP-based SIP network signaling operations between itself
and the IP CARRIER NETWORK [6].

HTTP PROTOCOL STACK [1.17]

Software subcomponent in the EDGE SWITCH [1] that
implements support for IETF RFC 2068 on Hypertext Trans-
fer Protocol—HTTP Version 1.1 (HTTP). HTTP provides a
generalized means for two programs to exchange text and
data files over an IP network. The operational semantics of
HTTP are based on the notion of a “HTTP client” (web
browser) that makes requests for information and an “HTTP
server” (web server) that responds to those requests. The
HTTP PROTOCOL STACK implements support for both
the “HTTP client” and the “HTTP server” elements of
HTTP.

Support for the “HTTP client” element provides a means
by which the XML MGMT INTERFACE [1.21] may com-
municate with the SYSTEM MANAGEMENT PLAT-
FORM [2] (e.g. to report updated subscriber preferences or
to upload billing records). Support for the “HTTP server”
element makes it possible for any computer implementing
the “HTTP client,” such as the SYSTEM MANAGEMENT
PLATFORM [3] or the WEB SERVER [11], to communi-
cate with the XML. MGMT INTERFACE [1.21] for the
purposes of system management, service provisioning or
subscriber interaction (e.g. to access its features and call log
data).

A computer attempting to communicate with the EDGE
SWITCH [1] using HTTP must log-in to the XML MGMT
INTERFACE [1.21] and authenticate itself as a valid user.
Information exchange and remote activation of EDGE
SWITCH [1] features by an external computer is based on
XML-encoding (via XML MGMT INTERFACE [1.21]) for
both the requests and the responses thereto. The HTTP
PROTOOL STACK uses the data communication services
of the IP ROUTING SYSTEM [1.14] to support IP-based
HTTP sessions between the “HTTP client” and “HTTP
server” instances that it maintains internally, and other
“HTTP client” and “HTTP server” instances in the IP
CARRIER NETWORK [6].

SNMP PROTOCOL STACK [1.18]

Software subcomponent in the EDGE SWITCH [1] that
implements support for IETF RFC 1157 on SNMP: A
Simple Network Management Protocol (SNMP). SNMP is a
protocol by which management information for a network
element may be inspected or altered by remote users. It is
used to communicate management information between
network management stations and “SNMP agents™ (special-
ized software processes) running on the managed network
elements. The SNMP functional paradigm for monitoring
and control is designed to be extensible to accommodate
additional, possibly unanticipated aspects of network opera-
tion and management; thus, the SNMP architecture is adapt-
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able to accommodate the management of EDGE
SWITCHES [1] by the SYSTEM MANAGEMENT PLAT-
FORM [2].

In the DES management paradigm, the SYSTEM MAN-
AGEMENT PLATFORM [2] functions as the primary man-
agement station for a select population of EDGE
SWITCHES [1]. The SNMP PROTOCOL STACK uses the
data communication services of the IP ROUTING SYSTEM
[1.14] to support SNMP sessions between the SYSTEM
MANAGEMENT PLATFORM [2] and the DEVICE
MGMT AGENTS [1.22].

ABSTRACT TELEPHONE CONTROLLER [1.19]

Software subcomponent of the EDGE SWITCH 1 that
logically defines a full-featured, abstract telephone device
control model that enables a higher-level application pro-
gram to programmatically control the operation of TELE-
PHONE STATIONS [3] plugged into the TELEPHONE
LINE INTERFACE [1.9], including the ability to intercon-
nect, mix, and process full and half-duplex media streams
associated with them. It implements features of this abstract
telephone device control model to the fullest extent possible
by invoking the MEDIA STREAM CONTROLLER [1.7] as
a media control resource and the TELEPHONE LINE
INTERFACE [1.9] as a telephone control resource. Certain
features such as tone detection, tone generation and media
transcoding are supported by the MEDIA STREAM CON-
TROLLER [1.7] working in conjunction with the DIGITAL
SIGNAL PROCESSOR [1.8].

There is no concept of a “call session” in this telephone
control model since only telephone features and media
streams are managed. The “call session” concept is main-
tained in the ABSTRACT CALL MODEL [1.20], which
functions as the “higher-level application program”—an
application with knowledge of all SIP network signaling
endpoints involved in a given call session.

The telephone control features support enabling or dis-
abling detection of telephone events originating from the
TELEPHONE LINE INTERFACE [1.9] (e.g. detection of
on-hook, off-hook, hook flash, feature keys, and calls in
progress, etc.). Telephone control features also support vari-
ous device-level telephone features such as activating stan-
dard ring signaling, enabling distinctive ringing, enabling or
disabling stutter dial-tone, activating or deactivating the
message-waiting indicator lamp or to display text on a
telephone LCD screen.

The media stream control features of the ABSTRACT
TELEPHONE CONTROLLER support programmatically
enabling or disabling media transmission to or from any
media stream endpoint, particularly with respect to media
stream endpoints associated with TELEPHONE STATIONS
[3] plugged into the TELEPHONE LINE INTERFACE
[1.9]. Conferencing features enable multi-party calls (e.g.
3-way calling, n-way calling) through the use of conferenc-
ing resources that can be applied programmatically. Digital
signal processing algorithms may be applied programmati-
cally to any stream to support tone detection, tone genera-
tion, echo cancellation and media transcoding, for example.

The media stream control model used by the ABSTRACT
TELEPHONE CONTROLLER reflects that of the underly-
ing MEDIA STREAM CONTROLLER [1.7] used to realize
its features. In some respects, the control model is similar to
that used by time division multiplex (TDM) telephony
devices that support multi-line call and media control inter-
faces. It assumes that at least one endpoint of a media stream
terminates on a MEDIA STREAM CONTROLLER [1.7]
port and that the other endpoint of that same media stream
terminates either on the TELEPHONE LINE INTERFACE
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[1.9] or on an endpoint within the I[P CARRIER NETWORK
[6] (transmitted through the BROADBAND NETWORK
INTERFACE [1.1] by the PACKETIZATION COPROCES-
SOR [1.6] using RTP). This control model also assumes that
any two media stream endpoints terminating on MEDIA
STREAM CONTROLLER [1.7] ports (regardless of where
their other endpoints terminate) may be interconnected
through the MEDIA STREAM CONTROLLER [1.7] to
create a full or half-duplex media session between the two
far-end endpoints.

ABSTRACT CALL MODEL [1.20]

Software subcomponent of the EDGE SWITCH [1] that
logically defines an abstract call control model and adjunct
telephone feature set that enables event-driven CALL PRO-
CESSING APPLICATIONS [1.23.2] to deliver network
service to subscribers through TELEPHONE STATIONS [3]
and SET-TOP BOXES [4] plugged into the EDGE SWITCH
[1]. The ABSTRACT CALL MODEL implements its
abstract call control model and telephone feature set to the
fullest extent possible by (a) invoking network signaling
operations available through the SIP PROTOCOL STACK
[1.16] and (b) invoking telephone features, media streaming
capabilities, and related digital signal processing features
available through the ABSTRACT TELEPHONE CON-
TROLLER [1.19]. By integrating with these software ele-
ments, the ABSTRACT CALL MODEL becomes the nexus
between the IP CARRIER NETWORK [6] and service logic
contained in CALL PROCESSING APPLICATIONS
[1.23.2] that are stored within the FILE SYSTEM [1.23].

CALL PROCESSING APPLICATIONS [1.23.2] define
how the EDGE SWITCH [1] responds to certain events—
they define the EDGE SWITCH [1] workflow in response to
network signaling events and device-level telephone
events—and consequently they in effect define the network
services that are provided to the subscriber through TELE-
PHONE STATIONS [3] and SET-TOP BOXES [4].

The ABSTRACT CALL MODEL supports five distinct
functions that are implemented to the fullest extent possible
in a device-independent fashion:

(1) Telephone Gateway Function

(2) Telephone Feature Delivery Function
(3) Terminal Adaptation Function

(4) Calling Service Delivery Function
(5) Admission Control Function

The Telephone Gateway Function and the Telephone
Feature Delivery Function are only applicable to call ses-
sions involving TELEPHONE STATIONS [3]. Both TELE-
PHONE STATIONS and SET-TOP BOXES [4] make use of
the other three functions. FIG. 7 depicts the EDGE SWITCH
[1] call model in some detail, showing specifically how the
five ABSTRACT CALL MODEL functions above are
implemented within the EDGE SWITCH [1] software archi-
tecture.

For TELEPHONE STATIONS [3] to participate in call
sessions using SIP network signaling, the ABSTRACT
CALL MODEL [1.20] performs a Telephone Gateway Func-
tion in which it actively converts vendor-specific, device-
level telephone signaling (through its interface to the
ABSTRACT TELEPHONE CONTROLLER [1.19]) into
SIP network signaling operations. As depicted in FIG. 7, the
ABSTRACT CALL MODEL maintains an instance of a SIP
User Agent for each TELEPHONE STATION [3] plugged
into the EDGE SWITCH [1]. This SIP User Agent is
registered with the SIP PROTOCOL STACK [1.16], using it
as its default SIP Proxy Server. The SIP PROTOCOL
STACK [1.16] knows which registered SIP User Agent
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instance corresponds to which dialing number, thus it can
direct SIP network signaling to it based on dialing number
addressing.

Certain “TELEPHONE EVENTS” received from the
ABSTRACT TELEPHONE CONTROLLER [1.19], and/or
SIP network signaling events from the SIP PROTOCOL
STACK [1.16], trigger the ABSTRACT CALL MODEL to
invoke a CALL PROCESSING APPLICATION [1.23.2] to
apply service logic to the call session. This service logic will
respond to the received event with some programmed
action.

Since the ABSTRACT CALL MODEL retains device-
level control over TELEPHONE STATIONS [3] plugged
into the EDGE SWITCH [1] (through its software integra-
tion with the ABSTRACT TELEPHONE CONTROLLER
[1.19]) it supports a Telephone Feature Delivery Function in
which it may exert device-level control over TELEPHONE
STATIONS [3] (see “TELEPHONE CONTROL” in FIG. 7).
Commands sent to the ABSTRACT TELEPHONE CON-
TROLLER [1.19] are ultimately directed to the TELE-
PHONE LINE INTERFACE [1.9], and in some cases to the
actual TELEPHONE STATION [3] itself (e.g. to display text
on an LCD screen, activate a message-waiting indication
lamp, or to initiate distinctive ring signaling).

The Terminal Adaptation Function may take place as an
adjunct to the Telephone Gateway Function when the
ABSTRACT CALL MODEL determines that a CONFIGU-
RATION PROFILE [1.23.5] contains a telephone function
key profile that has been programmed into the EDGE
SWITCH [1] for a particular type of TELEPHONE STA-
TION [3]. As a result, the ABSTRACT CALL MODEL
converts vendor-specific tone sequences or key codes to
comply with an appropriate user interface convention (in
accordance with model set forth by the function key layout
profile).

As an example of terminal adaptation, a speed-dial feature
key on a POTS telephone may be programmed to generate
a DTMF tone sequence such as “#45” when pressed. A
CONFIGURATION PROFILE [1.23.5] on the EDGE
SWITCH [1] contains a telephone function key profile
specifying that any time the DTMF digit sequence “#45” is
detected from that particular POTS telephone, a virtual
function key code called “TRANSER” is generated and
passed as a virtual function key event to the CALL PRO-
CESSING APPLICATION [1.23.2] currently executing.
Upon receiving the “TRANSFER” virtual function key
event, the CALL PROCESSING APPLICATION [1.23.2]
will interpret the next series of DTMF digits as the dialing
number to which the current call session should be trans-
ferred. From the user’s perspective, the programmed speed-
dial key functions as a dedicated “TRANSFER” key.

In FIG. 7, two SIP call sessions are shown to illustrate
potential SIP protocol message flow. One example shows a
SET-TOP BOX [4] (shown as terminal “A”) connected in a
multimedia SIP call session to another SET-TOP BOX [4]
(shown as terminal “C”). Presumably cameras are connected
to the SET-TOP BOXES [4] to enable two-way video
communications. In a second example, a TELEPHONE
STATION [3] (shown as terminal “B”) is connected in a
voice SIP call session to another TELEPHONE STATION
[3] (shown as terminal “D”).

Thus, in summary: terminal A represents a near-end SIP
User Agent communicating with terminal C, which repre-
sents a far-end SIP User Agent. Terminal B represents a
near-end SIP User Agent communicating with terminal D,
which represents a far-end SIP User Agent.
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The SET-TOP BOX [4] plugged into the VIDEO
STREAMING DEVICE INTERFACE [1.5] (terminal A)
and the TELEPHONE STATION [3] plugged into TELE-
PHONE LINE INTERFACE [1.9] (terminal B)—the near-
end SIP User Agents—are both registered with the SIP
PROTOCOL STACK [1.16], using it as their default SIP
Proxy Server. Thus, the client list for the SIP Proxy Server
(i.e. SIPPROTOCOL STACK [1.16]) will treat them both in
a consistent fashion as SIP network signaling endpoints
representing near-end terminals plugged into the EDGE
SWITCH [1].

The SIP PROTOCOL STACK [1.16], functioning the
same as any SIP Proxy Server, will forward SIP protocol
messages between the near-end SIP network signaling end-
points (terminals A & B) through the IP CARRIER NET-
WORK [6] to and from the far-end SIP network signaling
endpoints (terminals C & D) to which they are respectively
connected. It is the role of a SIP Proxy Server to make
network signaling events (shown as “SIGNALING
EVENTS”) available to an application so that service logic
can applied to the SIP call sessions. In the EDGE SWITCH
[1] software architecture, the integration between the SIP
PROTOCOL STACK [1.16] and the ABSTRACT CALL
MODEL [1.20] serves this purpose.

The Calling Service Delivery Function occurs when the
ABSTRACT CALL MODEL, triggered by SIP network
signaling events (i.e. SIGNALING EVENTS) from the
far-end terminals or near-end terminals, retrieves stored
service logic and executes it as a means to participate in the
associated SIP call sessions. Service logic for the EDGE
SWITCH [1] is contained within CALL PROCESSING
APPLICATIONS [1.23.2] stored in the FILE SYSTEM
[1.23].

The ABSTRACT CALL MODEL will recognize certain
signaling events (such as an incoming call from the network
side) that will trigger it to respond by executing a CALL
PROCESSING APPLICATION [1.23.2] that is currently
loaded in memory. Or alternately, certain events might
trigger the ABSTRACT CALL MODEL to retrieve a new
CALL PROCESSING APPLICATION [1.23.2] and execute
it anew. Certain CALL PROCESSING APPLICATIONS
[1.23.2] will actively query SUBSCRIBER SERVICE PRO-
FILES [1.23.4] to determine the Class of Service for the
TELEPHONE STATION [3] involved in the call.

Ultimately, Calling Services take effect by active partici-
pation of CALL PROCESSING APPLICATION [1.23.2] in
SIP call sessions; they perform telephone control operations,
call control operations and make use of signaling informa-
tion directly, such as the dialing numbers of the calling and

called party.

The Admission Control Function occurs each time a
SET-TOP BOX [4] or TELEPHONE STATION [3] attempts
to originate or answer a call. The CALL. PROCESSING
APPLICATION [1.23.2] contains the service logic used to
supervise the connection attempt. This service logic will
consider two gating factors that could potentially cause it to
deny admission to EDGE SWITCH [1] network services: (a)
Class of Service and (b) physical resource availability. The
Class of Service assigned to the TELEPHONE STATION
[3] or SET-TOP BOX [4] will determine the exact service
logic that should be applied to a connection attempt.

For example, if the Class of Service specifies that outgo-
ing calls to a “900” number from a certain TELEPHONE
STATION [3] are not permitted, and a connection attempt to
a “900” number is the connection being attempted, then the
CALL PROCESSING APPLICATION [1.23.2] will deny it.
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Ifthe service logic allows a connection attempt to proceed
on the basis of it complying with the Class of Service, the
CALL PROCESSING APPLICATION [1.23.2] must then
determine if sufficient physical resources are available to
complete the transaction. Among other considerations, the
service logic supported by the CALL PROCESSING
APPLICATION [1.23.2] will need to ensure that the new
connection will not exceed the maximum number of call
sessions supported by the EDGE SWITCH [1] configura-
tion, and that there is adequate network bandwidth, internal
routing capability, and digital signal processing resources to
support the connection. If all these criteria are met, the
connection attempt is allowed to proceed.

The Terminal Adaptation Function as applied to SET-TOP
BOXES [4] may take place as an adjunct to the Calling
Service Delivery Function. When the ABSTRACT CALL
MODEL determines that one of the CONFIGURATION
PROFILES [1.23.5] contains a SET-TOP BOX [4] interface
profile that has been programmed into the EDGE SWITCH
[1] for a particular type of SET-TOP BOX [4], it will use this
profile to convert the vendor-specific command sequences
supported by that SET-TOP BOX [4] to comply with an
appropriate interface convention.

Since the SET-TOP BOX [4] interfaces the EDGE
SWITCH [1] through an routed IP data path, the
ABSTRACT CALL MODEL can only exert device-level
control of SET-TOP BOX [4] features indirectly by com-
municating commands to it through the VIDEO STREAM-
ING DEVICE INTERFACE [1.5]. Commands directed to
the SET-TOP BOX [4] may support displaying text over the
video image (text overlay) or muting of audio output, for
example.

As a further example of the Terminal Adaptation Func-
tion, the SET-TOP BOX [4] at the near-end may use a
channel selection protocol incompatible with NETWORK-
BASED ENHANCED SERVICES [18] at the far-end used
to provide selectable video content; thus the protocol used at
the near-end must be converted to an appropriate interface
convention used at the far-end.

XML MGMT INTERFACE [1.21]

XML (eXtensible Markup Language) is a set of conven-
tions used to create text formats that enable data to be
structured as lists of text expressions. The XML MGMT
INTERFACE [1.21] is a software subcomponent in the
EDGE SWITCH 1 that provides a secure, XML -based data
exchange interface for the purposes of (a) enabling a remote
user to access information stored in various EDGE SWITCH
[1] databases and (b) enabling a remote user to access
features and functions supported by the EDGE SWITCH
[1], including call control operations and the ability to
remotely activate certain DEVICE MGMT AGENTS [1.22].

Database information and feature-related parameters
exchanged through this interface are structured according to
these XML text format conventions, making it possible for
them to be easily specified and/or interpreted by remote
users. Remote users, which might include web applications
and network management stations, access the XML MGMT
INTERFACE through the HTTP PROTOCOL STACK
[1.17].

DEVICE MGMT AGENTS [1.22]

Software applications integrated into the EDGE SWITCH
[1] that may be activated to perform diagnostic functions,
system software upgrades, feature testing, automated report-
ing, and other related device management tasks. The
DEVICE MANAGEMENT AGENTS may be activated
internally by EDGE SWITCH [1] software processes or
remotely by various applications and network management



US 7,283,519 B2

51

stations through the XML MGMT INTERFACE [1.21]
and/or the SNMP PROTOCOL STACK [1.18]. Certain
DEVICE MANAGEMENT AGENTS may access databases
on the FILE SYSTEM [1.23] for the purpose of accessing
event records in the EVENT RECORD REPOSITORY
[1.231] or to access CONFIGURATION PROFILES
[1.23.5], for example.

FILE SYSTEM [1.23]

Software subcomponent in the EDGE SWITCH [1] that
functions as directory-based file system; it supports standard
file system operating semantics (open, close, read, write)
and hierarchical directory structures, using the NON-
VOLATILE MEMORY [1.12] as the physical storage
device. The file system is implemented as a system resource,
accessible through the operating system functions calls.

EVENT RECORD REPOSITORY [1.23.1]

Database stored on FILE SYSTEM [1.23] that contains
event records generated by various software processes run-
ning on the EDGE SWITCH [1]. Event records stored in the
EVENT RECORD REPOSITORY [1.23.1] are selectively
generated by internal software processes according to the
EDGE SWITCH [1] device configuration. Examples of the
types of events that are stored include those that relate to
basic system operations, detailed call session events for all
incoming and outgoing calls, user access to calling features,
detected error conditions, software component updates, and
changes to subscriber preferences.

CALL PROCESSING APPLICATIONS [1.23.2]

Collection of software program files (applications) stored
on the FILE SYSTEM [1.23] that are used by the EDGE
SWITCH [1] to support network service delivery to users.
CALL PROCESSING APPLICATIONS are invoked by the
ABSTRACT CALL MODEL [1.20]. They define the service
logic for all network services delivered to subscribers
through TELEPHONE STATIONS [3] and SET-TOP
BOXES [4]. They may function as call control agents that
determine the progression of the call session, and/or they
may function as device control agents that perform various
telephone gateway and feature delivery functions.

They can reference other CALL PROCESSING APPLI-
CATIONS [1.23.2], enabling the implementation of call
control services (calling services) that impose no upper limit
on the complexity of service logic that may be supported.
The CALL PROCESSING APPLICATIONS are responsible
for generating call-related event histories and storing them
in the EVENT RECORD REPOSITORY [1.23.1] as the call
session proceeds. In creating connections, the CALL PRO-
CESSING APPLICATIONS rely upon call routing informa-
tion stored in the LOCAL CALL ROUTING TABLES
[1.23.3]. In rendering calling services, the CALL PRO-
CESSING APPLICATIONS rely upon subscriber capabili-
ties and personal preferences stored along with Class of
Service information in the SUBSCRIBER SERVICE PRO-
FILES [1.23.4]

LOCAL CALL ROUTING TABLES [1.23.3]

Database stored on FILE SYSTEM [1.23] that contains
call routing information used by the EDGE SWITCH [1] for
voice and video (multimedia) call set-up. Call routing tables
include lists of dialing numbers and related address infor-
mation used by CALL PROCESSING APPLICATIONS
[1.23.2] to create connections between SIP network signal-
ing endpoints. The LOCAL ROUTING TABLES store the
dialing numbers of TELEPHONE STATIONS [1] physically
plugged into the EDGE SWITCH [1], as well as dialing
numbers needed to access PSTN GATEWAYS|8] installed
within the IP CARRIER NETWORK [6] for the purpose of
enabling voice call sessions to PSTN [7] endpoints.
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Stored call routes provide default dialing numbers of
Emergency 911 platforms to which TELEPHONE STA-
TIONS [3] will automatically connected when 911 is dialed.

Tables of subscriber-programmed speed-dialing numbers
may also be stored in call routing tables (managed by the
subscriber or a remote user through an application running
on a WEB SERVER [11]), making it possible for the
TELEPHONE STATIONS [3] to support advanced speed-
dialing functions without having to store the speed-dialing
numbers within the TELEPHONE STATION [3].

LOCAL CALL ROUTING tables also store translation
tables needed to support private telephone networking fea-
tures, which include private dialing plans that use abbrevi-
ated dialing. Due to the substantial storage and processing
capacity of the EDGE SWITCH [1], large dialing plans
containing potentially tens of thousands of entries could be
accommodated.

SUBSCRIBER SERVICE PROFILES [1.23 4]

Database stored on FILE SYSTEM [1.23] that contains
subscriber-specific information used by the EDGE SWITCH
[1] for all network service delivery to the subscriber. In the
DES administrative model, each subscriber is associated
with one more EDGE SWITCHES [1] that are installed at
the subscriber premise for the purpose of network service
delivery. A residence or single-location business entity may
be viewed as a single subscriber, or in the case of a business
with multiple locations (i.e. branch offices), a collection of
subscribers.

Each subscriber enables a set of Class of Service “capa-
bilities” (i.e. the subscriber purchases “capabilities” in the
form of network services) that describes the collection of
features, functions, and services that they would like to be
able to access. These capabilities will determine which
network services their particular EDGE SWITCH [1] will be
capable of delivering.

The subscriber may then activate or deactivate selected
Class of Service capabilities at their discretion. The collec-
tion of Class of Service capabilities that the subscriber has
activated or deactivated is called their Class of Service
“settings.” A subscriber cannot activate any capability not
previously enabled. The EDGE SWITCH [1] will not render
any enabled capability that is not shown in the settings to be
activated.

Once activated, a setting may require additional informa-
tion from the subscriber in order for the corresponding
feature, function, or service to operate correctly. For those
settings, the subscriber configures “preferences” that further
describe details as to exactly how the Class of Service
settings should be interpreted. Preferences usually take the
form of parameters that must be selected or typed in by the
subscriber through a configuration application (e.g. tele-
phone numbers, screen names, service options).

EDGE SWITCH [1] service delivery requires that sub-
scriber Class of Service capabilities, settings, and prefer-
ences are stored locally in the FILE SYSTEM [1.23.4], each
in the form of a machine-readable data object called a
“service profile.” Service profiles may be created to store
subscriber-specific information required by a variety of
applications. CALL PROCESSING APPLICATIONS
[1.23.2] require service profiles as a means to store sub-
scriber-specific parameters that effect their control flow. In
some cases, service profiles may be created on the EDGE
SWITCH [1] by certain network-based applications to func-
tion as “cookies,” storing application-specific information
required for service delivery.
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CONFIGURATION PROFILES [1.23.5]

Database stored on FILE SYSTEM [1.23] that contains
configuration information specific to a particular EDGE
SWITCH [1] and used for its basic operation. In the DES
administrative model, each subscriber is associated with one
or more EDGE SWITCH [1], each of which may have a
unique set of physical and network-related configuration
parameters not directly related to Class of Service.

Virtually every software component of the EDGE
SWITCH [1] requires a CONFIGURATION PROFILE that
includes initialization and run-time parameters. As a few
examples, CONFIGURATION PROFILES stored on the
EDGE SWITCH [1] may include the number of terminals
that it may have plugged into it, available bitrate of its
connection to the BROADBAND ACCESS NETWORK
[6.1], input/output buffer sizes, QoS parameters, IP routing
parameters, [P address assignments, and function key layout
profiles for TELEPHONE STATIONS [3].

EDGE SWITCH BASIC FEATURES [1.24]

The term EDGE SWITCH BASIC FEATURES refers to
a specific collection of end-user features and functions that:
(a) have become well-established in common use; (b) are
likely to be highly-utilized on a day-to-day basis by the
target subscriber group; and (c) are unlikely to change over
time. The vast majority of voice, video, and data commu-
nications functions fall into this category, with features that
include Customer Local Access Signaling Services (A.K.A.
“CLASS features”), Centrex features, office telephone fea-
tures, basic video channel selection, data firewall features,
and Virtual Private (data) Networking, to name a few. EDGE
SWITCH BASIC FEATURES are sorted into three broad
categories according to the terminal type used to present
them to the subscriber:

TELEPHONE STATION FEATURES
SET-TOP BOX FEATURES
COMPUTER WORKSTATION FEATURES

These feature categories define the core feature set of the
EDGE SWITCH [1]. Network services are built up by
enabling collections of these basic features, and adding to
them access to network-based features and services. A
network-based feature may be used in some cases to over-
ride a basic feature for the purpose of providing enhanced or
alternative functionality that is logically equivalent to the
basic feature. The three categories of basic features are
discussed below in detail:

TELEPHONE STATION FEATURES

For the purposes of this disclosure, the respective types of
TELEPHONE STATION FEATURES will be differentiated
on the basis of whether they generally enhance usability in
a wide variety of subscriber environments, or whether the
are primarily applicable to an office environment. The
following list summarizes common features that “generally
enhance usability in a wide variety of subscriber environ-
ments:”

Basic dial-tone

Automatic callback

Last number redial

Repeat dialing

Audible message-waiting indication (stutter dial tone)
Visible message-waiting indication (indicator lamp)
Distinctive ringing

Call-waiting indication/call-waiting cancel
Caller-ID with name

Call-blocking

Call-forwarding

Direct-connect

Emergency 911

20

25

35

40

45

55

65

54

The EDGE SWITCH [1] supports basic dial-tone,
enabling the subscriber to originate (or receive) both on-
network calls and off-network calls. Call-blocking features
(AK.A. “call-diverting features”) enable the EDGE
SWITCH [1] to block the origination of a call (outbound
voice call) by a particular TELEPHONE STATION [3]
based on the called party dialing number, or to block
answering of a call (inbound voice calls) by a particular
TELEPHONE STATION [3] based on the calling party
dialing number. The EDGE SWITCH [1] supports config-
urable call blocking of this type, wherein the subscriber may
selectively block inbound and/or outbound calls by speci-
fying area codes, exchanges, and line numbers (or various
combinations of the three).

Call-forwarding features enable the EDGE SWITCH [1]
to automatically transfer (redirect) an inbound call based on
a number of considerations. Call-forwarding features are
often activated to automatically or conditionally transfers
inbound calls to application servers for further processing or
to provide access to NETWORK-BASED ENHANCED
SERVICES [18]. Examples of NETWORK-BASED
ENHANCED SERVICES [18] that may be accessed via
call-forwarding include an auto attendant (used to answer
calls directed to a main office number), voice mail, auto-
matic call distribution, group conferencing bridge, or a
personal call screening service. The EDGE SWITCH [1]
supports configurable call-forwarding, wherein the sub-
scriber may program it to redirect inbound calls based on:
Point of origination (determined by calling party dialing

number);
Determination of a busy or “ring-no-answer” condition

existing for the called party dialing number;
Determination that the incoming call is a fax or modem call;
Date, day of week, or time of day.

Direct-connect features (A.K.A. “direct-connect originat-
ing”) enable the EDGE SWITCH [1] to automatically origi-
nate a call to a pre-programmed dialing number when a
TELEPHONE STATION [3] goes off-hook, or upon the
detection of some other event, such as a particular TELE-
PHONE STATION [3] function key sequence. Direct-con-
nect features are often used for security telephones outside
of a building, or at kiosks to provide immediate access to a
call center help desk; they may also be used by the EDGE
SWITCH [1] to implement speed-dialing by associating
certain TELEPHONE STATION [3] key sequences with
subscriber-programmed speed-dialing numbers stored in
LOCAL CALL ROUTING TABLES [1.23.3].

Support for Emergency 911 (E911) is implemented by
configuring the dialing number “911” as a reserved dialing
number. Any call to the dialing number 911 creates a
connection to a SIP APPLICATION SERVER [13] or TDM
APPLICATION SERVER [7.4] (through a PSTN GATE-
WAY [8]) that supports emergency services intervention.
SIP network signaling passes the calling party dialing num-
ber to the APPLICATION SERVER, which then may deter-
mine the physical (geographical) location of the calling
party as would be required to support emergency services
intervention.

Customer Local Access Signaling Services (A.K.A.
“CLASS features) comprise an additional layer of features
that make TELEPHONE STATIONS [3] more generally
useful in both residential and office settings. Depending
upon one’s point of reference, there is a significant overlap
between what some may consider “CLASS features” and
“office telephone features.” Many of the features mentioned
above, such as Distinctive Ringing and Audible message-
waiting indication are considered by most local exchange
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carriers as CLASS features. For the purposes of this disclo-
sure, CLASS features are not viewed as a distinct feature set
and are instead subsumed by the broader category of TELE-
PHONE STATION FEATURES.

Office telephone features (A.K.A. “Centrex” or “PBX
features™) comprise an additional layer of specialized fea-
tures that make TELEPHONE STATIONS [3] more useful
in an office environment. Certain office telephone features
make it possible for a user at a TELEPHONE STATION [3]
to transfer calls between TELEPHONE STATIONS [3] that
may not necessarily be plugged into the same EDGE
SWITCH [1]. In the case where TELEPHONE STATIONS
[3] are not plugged into the same EDGE SWITCH [1],
implementation of certain features may require special com-
munication between EDGE SWITCHES [1] in which a SIP
call session is initiated from one to another, not to set-up a
new call, but to request that a call in progress be managed
in a particular way (e.g. transferred to a different SIP
signaling endpoint residing on a different EDGE SWITCH
[1]). The following list summarizes common office tele-
phone features that are “primarily applicable to an office
environment:”

Private telephone network (private dialing plan)
Speed dialing

Multiple line appearances
Three-way calling
Call-hold

Call-transfer

Call-pickup

Call-park

Call-waiting with display
Call log

Calling reason display
Do not disturb

Executive busy override
Feature button support
Make busy key

The DES as a system supports the ability to create a
virtually unlimited number of private telephone networks
(AK.A. “virtual private telephone network™ or “virtual
telephone network™) that are implemented by programming
private dialing plans into participating EDGE SWITCHES
[1]. Generally speaking, a private telephone network is a
collection of telephone endpoints that may address each
other as specific community of users, thus enabling the
carrier to offer special configuration options and rate plans
to participating subscribers. Often, on-network calls made
between participating subscribers are billed at a flat rate. The
private dialing plan is managed by the subscriber and
supports abbreviated dialing number formats that seamlessly
integrate with existing dialing plans (e.g. the North Ameri-
can Dialing Plan).

Private telephone networks may operate within a single [P
CARRIER NETWORK [6] or within a wider area through
a more expansive IP network infrastructure that consists of
interconnected IP CARRIER NETWORKS [6]. Since
EDGE SWITCH [1] support for private telephone networks
is based on dialing numbers, a private telephone network can
include both SIP network signaling endpoints within the IP
CARRIER NEWORKS [6] and PSTN [7] endpoints acces-
sible through a PSTN GATEWAY [8].

SET-TOP BOX FEATURES

SET-TOP BOXES [4] are known to the EDGE SWITCH
[1] as stand-alone SIP network signaling endpoints. The
EDGE SWITCH [1] assumes that they will originate and
answer multimedia call sessions independently and will
support only limited remote (indirect) control of their feature
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sets by CALL PROCESSING APPLICATIONS [1.23.2]
running on the EDGE SWITCH [1]. SET-TOP BOXES [4]
originate multimedia call sessions to SIP APPLICATION
SERVERS [13] that are capable of delivering streaming
video content to the connecting SET-TOP BOX [4].

In support of this type of video (multimedia) call session,
the SIP PROTOCOL STACK [1.15] residing on the EDGE
SWITCH [1] functions as a SIP Proxy Server, mediating the
multimedia call session. the CALL PROCESSING APPLI-
CATION [1.23.2] managing the multimedia call session may
at the same time communicate with the SET-TOP BOX [5]
over the IP connection to the access its internal feature set.
The following list summarizes common SET-TOP BOX [5]
features that should be implemented as EDGE SWITCH
BASIC FEATURES:

Detect, decode, and translate multimedia channel selection
protocol

Detect, decode, and translate interactive services protocols
(e.g. pay-per-view)

Display text overlay on top of video image

Control audio output gain

Detect, decode, and translate camera control protocol for
two-multimedia applications

Download/upload device settings and preferences

COMPUTER WORKSTATION FEATURES

These features relate to the EDGE SWITCH’S [1] ability
to provide data connectivity through the COMPUTER
DATA INTERFACE [1.4]. Data feature examples include:
Network Address Translation (NAT) to provide IP address

support for multiple COMPUTER WORKSTATIONS

[51;

Programmable firewall features used to support file system
protection and content filtering;

Dynamic Host Configuration Protocol (DHCP);

Virtual Private (data) Networking (VPN);

Packet metering for connects that use QoS transport ser-
vices;

Admission control, dialing number assignment, and protocol
message grooming for SIP call sessions.

EDGE SWITCH OVERRIDE FEATURES [1.25]

The term EDGE SWITCH OVERRIDE FEATURES
refers to a specific collection of end-user features and
functions that provide alternative versions of EDGE
SWITCH BASIC FEATURES [1.24]; they in some way
modify or enhance the behavior of EDGE SWITCH BASIC
FEATURES [1.24], and may be implemented internally by
the EDGE SWITCH [1] as alternative versions CALL
PROCESSING APPLICATIONS [1.23.2] used to imple-
ment EDGE SWITCH BASIC FEATURES [1.24]. They
may also be implemented external to the EDGE SWITCH
[1] as NETWORK-BASED OVERRIDE FEATURES [19]
that are transparently and dynamically accessed through the
BROADBAND ACCESS NETWORK [6.1] when the fea-
ture is invoked. EDGE SWITCH OVERRIDE FEATURES
implemented externally as NETWORK-BASED OVER-
RIDE FEATURES [19] are accessed by originating a SIP
call session to a SIP APPLICATION SERVER [13].

SYSTEM MANAGEMENT PLATFORM [2]

All EDGE SWITCHES [1] are provisioned, configured,
managed, and actively monitored by a SYSTEM MAN-
AGEMENT PLATFORM deployed in a carrier central
office, or central office equivalent. The SYSTEM MAN-
AGEMENT PLATFORM is a scalable, fault-tolerant, high-
availability network element that functions as the nexus
between carrier operations support systems (A.K.A. “carrier
OSS” or “back-office interfaces”) and the EDGE
SWITCHES [1] deployed at the subscriber premise; it does
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not directly participate in network service delivery at any

time, but provides only a supporting, administrative role.

EDGE SWITCHES [1] do not interface the carrier OSS
directly, but do so only through mediation by software
applications running on the SYSTEM MANAGEMENT
PLATFORM. The software applications running on the
SYSTEM MANAGEMENT PLATFORM support the fol-
lowing DES system management functions:

Configure and upload software loads to the EDGE
SWITCHES [1] as part of a provisioning or upgrade
process;

Dynamically provision EDGE SWITCH [1] service capa-
bilities (using default settings and preferences) according
to a Class of Service provisioning model;

Actively monitor EDGE SWITCH [1] service delivery and
report status through carrier OSS;

Remotely retrieve, view, and modify EDGE SWITCH [1]
base configuration and subscriber Class of Service param-
eters through carrier OSS;

Remotely initiate EDGE SWITCH [1] diagnostics and sys-
tem test procedures, and provide capability to report
results through carrier OSS;

Synchronize EDGE SWITCH [1] information with same
information stored in SYSTEM MANAGEMENT PLAT-
FORM databases and information respositories, including
Class of Service capabilities, Class of Service settings,
subscriber preferences, local call routing tables, sub-
scriber service profiles, and configuration profiles;

Collect event logs from EDGE SWITCHES [1], then store
in databases and information respositories according to
programmed policies;

Sort and re-format billable events, then forward to carrier
OSS;

Provide for and adapt to all standardized carrier OSS
requirements related to telecommunications service deliv-
ery (operations, administration, management and provi-
sioning).

The software applications supporting these DES system
management functions operate in conjunction with scalable
databases and information repositories (for bulk storage)
that are integral components within the SYSTEM MAN-
AGEMENT PLATFORM. In some cases, SYSTEM MAN-
AGEMENT PLATFORM databases store and manage infor-
mation that duplicates specific subsets of information stored
on the carrier’s POLICY SERVER [14]. As a result, opera-
tions support system workflow models provide for some
level of synchronization to ensure consistency between the
DES and the carrier OSS.

SYSTEM MANAGEMENT PLATFORM databases and
information respositories provide reliable, redundant storage
for the following:

Administrative information needed to track and manage
EDGE SWITCH [1] deployments at the subscriber
premise, including a subscriber database that details the
physical addresses, hardware revisions, software revi-
sions, and physical locations of all EDGE SWITCHES [1]
assigned to each subscriber;

Synchronized backup copy of all subscriber-specific infor-
mation stored on every EDGE SWITCH [1], including
Class of Service capabilities, Class of Service settings,
subscriber preferences, local call routing tables, sub-
scriber service profiles, and EDGE SWITCH [1] configu-
ration profiles;

Software loads, event logs, service records, billing records,
provisioning templates, diagnostic reports, and other
operational information referenced by administrative
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information or received as output from the EDGE

SWITCHES [1] in the course of network service delivery.

TELEPHONE STATION [3]

Terminal device that is plugged into the TELEPHONE
LINE INTERFACE [1.9] and used for voice communica-
tions. The term “voice communications” refers to the ability
of a terminal device to participate directly or indirectly as an
endpoint in a “voice call session.” A voice call session is
defined as a SIP call session in which at least one bearer
connection is transporting voice media content. A TELE-
PHONE STATION does not support SIP network signaling
and cannot present itself to the [P CARRIER NETWORK
[6] as a SIP network signaling endpoint; therefore it cannot
participate directly in a voice call session and relies upon the
EDGE SWITCH [1] to perform the necessary conversions.

A TELEPHONE STATION communicates with the
EDGE SWITCH [1] directly through the TELEPHONE
LINE INTERFACE [1.9] using analog electrical (or poten-
tially digital) device-level telephone signaling (i.e. not net-
work signaling). Beyond support for basic telephone line
signaling (e.g. on-hook, off-hook, DTMF tone generation),
device-level telephone signaling is used by the TELE-
PHONE LINE INTERFACE [1.9] to activate and control
special features supported by the TELEPHONE STATION,
such as illuminating message-waiting indication lamps or to
detect feature key presses by the user. Ultimately, it becomes
the task of the EDGE SWITCH [1] (through the TELE-
PHONE LINE INTERFACE [1.9] and other internal com-
ponents) to convert the TELEPHONE STATION’S analog
or digital device-level telephone signaling and voice trans-
mission conventions to and from IP packets containing SIP
network signaling information and digitally-encoded voice,
respectively.

TELEPHONE STATIONS [3] work best with EDGE
SWITCH [1] features when they support function keys that
the EDGE SWITCH [1] can convert to an appropriate user
interface convention. EDGE SWITCH [1] CALL PRO-
CESSING APPLICATIONS [1.23.2] and NETWORK-
BASED ENHANCED SERVICES [18] are implemented
with the highest possible degree of device-independence,
and therefore rely upon user input (feature key presses) that
comply to a known user interface convention.

A POTS telephone with programmable speed-dial keys or
a PBX telephone with dedicated functions keys can both be
used as TELEPHONE STATIONS [3]. In the case of sup-
porting a POTS telephone, the TELEPHONE LINE INTER-
FACE [1.9] must embody “SLIC” (Subscriber Line Inter-
face Circuit) functionality whereas in the case of supporting
a digital PBX telephone, the TELEPHONE LINE INTER-
FACE [1.9] must support a particular, vendor-specific line-
level interface for that device.

SET-TOP BOX [4]

Terminal device that is plugged into the VIDEO
STREAMING DEVICE INTERFACE [1.5] and used for
multimedia communications. The term “multimedia com-
munications” refers to the ability of a terminal device to
participate directly or indirectly as an endpoint in a “mul-
timedia call session.” A multimedia call session is defined as
a SIP call session in which at least one bearer connection is
transporting video media content. In this disclosure, the term
“video call session” should be understood as synonymous
with “multimedia call session.” The use of the term “video”
remains to preserve the general concept of the EDGE
SWITCH [1] providing support for all three media types:
voice, video, and data.

Depending on terminal device capabilities and network
capabilities, a single multimedia call session may encapsu-
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late any number of concurrent voice, video, and data bearer
connections simultaneously, and any one of them may be
operating in a half-duplex or full-duplex mode. By plugging
and ETHERNET SWITCH [20] into the VIDEO STREAM-
ING DEVICE INTERFACE [1.5], more than one SET-TOP
BOX can be connected to the EDGE SWITCH [1].

To participate in multimedia call sessions, the SET-TOP
BOX interfaces with a television set, using it as an audio-
visual output device. A camera apparatus may be connected
to and controlled by the SET-TOP BOX for two-way mul-
timedia communications. As required for direct participation
in a multimedia call session, the SET-TOP BOX supports
SIP network signaling and presents itself to the IP CAR-
RIER NETWORK [6] as a SIP network signaling endpoint.
It communicates with the EDGE SWITCH [1] through the
VIDEO STREAMING DEVICE INTERFACE [1.5] using:
(a) a QoS IP connection; (b) SIP network signaling; and (c)
a number of adjunct, vendor-specific device control proto-
cols as required to implement EDGE SWITCH BASIC
FEATURES [1.24] described for the SET-TOP BOX.

Since the EDGE SWITCH [1] is functioning as a SIP
Proxy Server, mediating the multimedia call session origi-
nated by the SET-TOP BOX, it may directly communicate
with the SET-TOP BOX over the same IP connection for the
purpose of accessing its internal feature sets. Vendor-specific
device control protocols may be implemented either as
distinct protocols or as SIP extensions, depending on SET-
TOP BOX requirements.

A telephone terminal that supports SIP network signaling
and that can present itself to the IP CARRIER NETWORK
[6] as a SIP network signaling endpoint is considered to be
operationally identical to a SET-TOP BOX. A so-called “SIP
phone” is an example of this type of terminal device.
Accordingly, a SIP phone could be plugged into the VIDEO
STREAMING DEVICE INTERFACE [1.5] and participate
directly in a voice call session.

Whereas a SIP phone cannot be controlled directly by the
TELEPHONE LINE INTERFACE [1.9] using device-level
telephone signaling, access to its internal feature set must be
accomplished by communicating with it through the IP
connection to it, using SIP extensions and potentially other
vendor-specific device control protocols as required to
implement EDGE SWITCH BASIC FEATURES [1.24]
described for the TELEPHONE STATION [3].

This disclosure has deliberately characterized SIP phones
to be the functional equivalent of SET-TOP BOXES to avoid
creating confusion between the direct control of telephone
features through the TELEPHONE LINE INTERFACE
[1.9] and the indirect control of telephone features through
vendor-specific IP protocols.

COMPUTER WORKSTATION [5]

Terminal device that is plugged into the COMPUTER
DATA INTERFACE [1.4] and used for data communica-
tions. In most cases, this terminal device will be a desktop
PC with an Ethernet LAN adapter running an IP protocol
stack. By plugging an ETHERNET HUB [9] into the COM-
PUTER DATA INTERFACE [1.4], more than one COM-
PUTER WORKSTATION can be connected to the EDGE
SWITCH [1].

IP CARRIER NETWORK [6]

Large-scale, routed internet protocol (IP) network
designed to support the delivery of voice, video, and data
communications services to a subscriber base made up of
potentially millions of subscribers. The IP CARRIER NET-
WORK is a private network offering controlled access to a
public subscriber base. It is owned and operated by a
telecommunications carrier (A.K.A. “facilities-based net-
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work service provider”). It consists of a backbone network
that is used to interconnect a number of access networks, and
all transmission paths through both the backbone network
and the access network are engineered to ensure that both
signaling and bearer channel connections can be maintained
with a Quality of Service (QoS).

QoS generally refers to the ability of the network to honor
certain quality guarantees (i.e. minimum bit transfer rates,
maximum allowable latentcy, maximum allowable jitter,
maximum rate of packet loss, etc.) as necessary to support
real-time, full-duplex voice and video calls in addition to
providing “best effort” data communications at specified
minimum bitrates.

An IP CARRIER NETWORK is fully managed such that
its performance (QoS transmission and service delivery) is
monitored at all times. In addition, such a network supports
the capability to be securely partitioned so as to logically or
physically segregate subscriber data, and subscriber data
types, from each other into Virtual Private (data) Networks.
The IP CARRIER NETWORK in most cases is imple-
mented as a hybrid network in that IP connectivity in the
network layer (OSI Layer 3) may be transported over an
ATM packet-switched infrastructure in the data link layer
(OSI Layer 2).

BROADBAND ACCESS NETWORK [6.1]

Specific type of access network that is designed to provide
a relatively high-bitrate IP data path to the subscriber
premise. For the purposes of this disclosure, the term
“high-bitrate” is used loosely here to characterize a mini-
mum bit transfer rate of 128 Kbit/second for both the
downstream (toward the premise) or upstream (away from
the premise) direction. For most implementations without
video support, it is recommended that BROADBAND
ACCESS NETWORK support a nominal bit transfer rate of
at least 500 kilobit/second for both the downstream or
upstream direction. Support for video services would require
a 20 megabit/second downstream bitrate capacity.

In addition to minimum bitrate requirements, the
BROADBAND ACCESS NETWORK must support QoS
for its connections. The BROADBAND ACCESS NET-
WORK is often described as the segment of the IP CAR-
RIER NETWORK [6.1] that bridges the “last mile” between
the central office and the subscriber premise. Examples of
“last mile” technologies that are suitable for integration into
the BROADBAND NETWORK INTERFACE [1.1] include
Digital Subscriber Line (DSL), coaxial cable, T1 in unchan-
nelled mode, and Passive Optical Network (PON).

DC POWER SOURCE [6.2]

The EDGE SWITCH [1] is a computing device that
requires a DC POWER SOURCE to operate. BROAD-
BAND ACCESS NETWORKS [6.1] based on DSL or
coaxial cable usually provide power through the copper wire
or cable, respectively. In some cases, this source is sufficient
to power the EDGE SWITCH [1]. Otherwise, power must be
provided at the premise.

PSTN [7]

Public Switched Telephone Network. The network

depicted in FIG. 1 consisting of CENTRAL OFFICE
SWITCHES and a TDM TRANSPORT NETWORK.

CENTRAL OFFICE SWITCH [7.1]

End-office switch deployed in a central office as the PSTN
[7] network element used to provide telephone service to
network subscribers. It is the same as the CENTRAL
OFFICE SWITCH depicted in FIG. 1. The telephone fea-
tures provided by the CENTRAL OFFICE SWITCH are
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virtually identical to the TELEPHONE STATION FEA-

TURES described as a subset of the EDGE SWITCH

BASIC FEATURES [1.24].

T1/E1/PRI [7.2]

T1, E1 or ISDN Primary Rate Interface digital trunk
interfaces used in the PSTN [7]. T1, E1, and PRI are based
upon circuit-switched time division multiplex (TDM) tech-
nology; they enable the transmission of voice or bearer
channel content along with varying degrees of network
signaling information.

SS#7 [7.3]

Signaling System #7; the out-band signaling network
used in the PSTN [7].

TDM APPLICATION SERVER [7.4]

Application server deployed in a central office as a PSTN
[7] network element used to provide NETWORK-BASED
ENHANCED SERVICES [18] to network subscribers. The
TDM APPLICATION SERVER contains hardware and soft-
ware components required to support the operation of one or
more NETWORK-BASED ENHANCED SERVICES [18].
It typically presents access to these services through a digital
trunk interface (see T1/E1/PRI [7.2]).

The TDM APPLICATION SERVER operates conceptu-
ally as an array of “computer-controlled” telephones in
which the service logic contained in a software application
program replaces a human operator as the controlling entity.
According to this model, the software application program
is able to use a variety of system resources (databases,
speech recognition systems, media storage systems) to pro-
vide computer-controlled, personalized network services to
connecting voice telephones.

PSTN GATEWAY [8]

ESN connectivity element that translates network signal-
ing and bearer channel encoding formats so as to enable a
call session in which one end of the call is a SIP network
signaling endpoint in the IP CARRIER NETWORK [6] and
the other end is a legacy TDM endpoint in the PSTN [7].

ETHERNET HUB [9]

Simple, low-cost, multi-port data distribution device that
enables data communications to occur between all network
devices plugged into it using Ethernet technology or the
equivalent. This type of device has only modest transmission
capacity and therefore cannot guarantee that a certain mini-
mal bandwidth is maintained for each data path passing
through it. This device may operate in a wired or wireless
capacity.

DNS SERVER [10]

Distributed database application (A.K.A. “Domain Nam-
ing Server”) that works at the transport layer (OSI Layer
4—above the network layer) to provide name-to-address
mapping for all client applications in an IP network. The
client applications can include e-mail, web hosting, and
SIP-based telecommunications. It is a component in the
DES carrier reference network architecture and serves mul-
tiple purposes as it would in any IP-based network archi-
tecture.

Three principal DNS SERVER functions stand out as
most significant to the operation of the DES:

Translate generic network element names into one or more
IP addresses that correspond to actual physical instances
of that network element type;

Convert E.164 dialing numbers into IP addresses as required
for call routing with the IP network;

Enable load balancing by providing IP addresses for mul-
tiple instances of a certain type of network element or
other network resource.
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WEB SERVER [11]

Software application program that implements support for
the “web server” functionality described by IETF RFC 2068
on Hypertext Transfer Protocol—HTTP Version 1.1
(HTTP). The WEB SERVER is a component in the DES
carrier reference network architecture and primarily used as
a means to enable subscribers to communicate indirectly
with EDGE SWITCHES [1] for the purposes of interactive
configuration and interactive network service delivery.

With respect to interactive configuration, the WEB
SERVER presents a web browser-based graphical user inter-
face that enables subscribers to selectively enable or disable
Class of Service settings and then to control or input
preferences that relate to the delivery of activated network
services. The WEB SERVER performs an authenticated
log-in to the subscriber’s EDGE SWITCH [1], and thus
functions as an intermediary agent to ensure that the sub-
scriber’s settings and preferences are written to the target
EDGE SWITCH [1] in a secure and syntactically correct
manner.

To support interactive network service delivery to the
subscriber, the WEB SERVER once again functions as an
intermediary agent, hosting service-related applications that
enable browser-based interactions between the subscriber
and the EDGE SWITCH [1]. The WEB SERVER again
performs an authenticated log-in to the subscriber’s EDGE
SWITCH [1], but this time for the purposes of (a) accessing
call log data stored within it so that it may be used as
application data, and (b) exerting control over internal
EDGE SWITCH [1] features, such as originating or answer-
ing a call.

SIP PROXY SERVER [12]

This term refers specifically to a network-based imple-
mentation of a stand-alone SIP Proxy Server (or SIP Proxy
Server cluster) and not to the SIP Proxy Server functionality
supported by the SIP PROTOCOL STACK [1.16]. While the
SIP Proxy Server functionality supported by both is essen-
tially identical, they operate independently in support of
different roles.

According to IETF RFC 2543 on SIP: Session Initiation
Protocol a SIP PROXY SERVER is defined as follows:

“An intermediary program that acts as both a server and
a client for the purpose of making requests on behalf of other
clients. Requests are serviced internally or by passing them
on, possibly after translation, to other servers. A proxy
interprets, and, if necessary, rewrites a request message
before forwarding it.”

The SIP PROXY SERVER is a component in the DES
reference carrier network architecture and is required to
support many SIP network signaling operations within it by
shuttling SIP messages back and forth between two or more
SIP User Agents participating in a SIP call session.

Specifically, the SIP PROXY SERVER functions much
like an intermediary SIP message router to ensure that the
SIP network signaling messages to/from the SIP endpoints
in the network are ultimately channeled to the correct
destination. In this message-routing capacity, several SIP
PROXY SERVERS can cooperate to pass SIP network
signaling messages bi-directionally through a hierarchy of
SIP PROXY SERVERS, each of which gets it closer to the
target endpoint. SIP PROXY SERVERS access both the
DNS SERVER [10] and the POLICY SERVER [14] to
determine how to route SIP call sessions within the IP
CARRIER NETWORK [6].

SIP APPLICATION SERVER [13]

ESN connectivity element deployed in an IP CARRIER
NETWORK [6] to providle NETWORK-BASED
ENHANCED SERVICES [18] to network subscribers. The
SIP APPLICATION SERVER contains hardware and soft-
ware components required for the operation of one or more
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NETWORK-BASED ENHANCED SERVICES [18]. It pre-
sents itself as a SIP network signaling endpoint that may
communicate with any other SIP network signaling endpoint
in a SIP call session.

It is assumed that the SIP APPLICATION SERVER will
provide a means, directly or indirectly, to support one or
more RTP bearer channel connections that are likely to be
required for voice or multimedia call sessions. Because
bearer channel capabilities for these SIP-based call sessions
are assumed, the SIP APPLICATION SERVER may viewed
conceptually to operate as an array of “computer-controlled”
voice or multimedia terminals in which the service logic
contained in a software application program replaces a
human operator as the controlling entity.

According to this model, the software application pro-
gram is able to use a variety of system resources (databases,
speech recognition systems, media storage systems) to pro-
vide computer-controlled, personalized network services to
connecting voice or multimedia terminals.

As a consequence of the fact that most call sessions in
which the SIP APPLICATION SERVER participates are
mediated through a SIP PROXY SERVER [12], each SIP
signaling path created to support these call sessions may be
used as a context to invoke additional capabilities of the SIP
PROXY SERVER [12].

By exchanging SIP messages with the SIP PROXY
SERVER [12] (through the SIP signaling path created to
support a call session), the application program responsible
for controlling a call session may perform complex call
control operations, such as to transfer calls, add/drop call
participants, or connect to a specialized type of SIP APPLI-
CATION SERVER [13] called a “media server” for the
purpose of invoking media services. A media server is
capable of supporting media-intensive application services
such as speech recognition, interactive voice response, or
music-on-hold. Media servers are called “dialog servers”
when they interpret and execute interactive voice response
commands written in Voice XML.

POLICY SERVER [14]

Collection of database applications owned, operated, and
maintained by the carrier for the purpose of managing
network service delivery to network subscribers. These
database applications are referred to collectively as a
POLICY SERVER for two reasons:

(a) It is a practical impossibility to accurately characterize
a “generic” carrier policy database server configuration;
carrier network elements of this type will vary according to
their unique network infrastructure requirements;

(b) It is a practical impossibility to accurately characterize
how a particular carrier logically organizes its information;
each may conceive schema and/or combine data objects in
very different ways that will vary according to their unique
network infrastructure requirements;

The POLICY SERVER thus represents a logical entity
that stores essential network operational support information
and enable DES system elements to access that information.
Information stored on the POLICY SERVER includes:
Subscriber-specific information (Class of Service, account

status, service profiles, preferences);

Connection policies and related call routing information;
dialing plans;

Billing policies and rate plans for service delivery; General
network authentication services for all human and
machine users.

The connection policies are abstract data representations
of'the control logic necessary to route calls, invoke services,
and perform other interconnection operations that define the
behavior of the SIP PROXY SERVER [12] as it establishes
specific call paths through the IP CARRIER NETWORK

[6].
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NETWORK PROVISIONING SYSTEM [15]

Network operations support system used by carrier to
enable, disable, or modify network service delivery for
network subscribers.

NETWORK OPERATIONS CENTER [16]

Network operations support system used by carrier to
configure, monitor, troubleshoot, and manage network ele-
ments involved in delivering network services to network
subscribers.

NETWORK BILLING SYSTEM [17]

Network operations support system used by carrier to
collect billing records from network elements involved in
delivering network services to network subscribers, and then
to convert them to customer invoices based on billing
policies and rate plans.

NETWORK-BASED ENHANCED SERVICES [18]

In contrast to NETWORK-BASED OVERRIDE FEA-
TURES [19], NETWORK-BASED ENHANCED SER-
VICES are typically stand-alone network services that per-
form complete, independent functions; they are not
functionally bound to any EDGE SWITCH [1] feature, but
are generally accessible through the IP CARRIER NET-
WORK [6] using TELEPHONE STATIONS [3] and/or
SET-TOP BOXES [4] plugged into and EDGE SWITCH
[1]. They are general-interest applications that appeal to a
wide audience.

Examples of NETWORK-BASED ENHANCED SER-
VICES include voice call-answering, group audio confer-
encing, language translation services, or video content deliv-
ery. Most NETWORK-BASED ENHANCED SERVICES
are suitable to be offered as either stand-alone applications
or as part of an overall services package that incorporates
other features and services. An important distinction
between EDGE SWITCH BASIC FEATURES [1.24] and
NETWORK-BASED ENHANCED SERVICES is that the
latter are not substitutes for, or alternative versions of,
EDGE SWITCH BASIC FEATURES [1.24], but are inde-
pendent, companion network services with which EDGE
SWITCH BASIC FEATURES [1.24] must interoperate.

NETWORK-BASED OVERRIDE FEATURES [19]

Special-purpose, network-based applications that work in
conjunction with EDGE SWITCH OVERRIDE FEATURES
[1.25] for the purpose of imparting the EDGE SWITCH [1]
with more advanced feature delivery capabilities. Advanced
features of this type are likely to appeal to only a select
subset of subscribers and/or are potentially costly to imple-
ment; thus they do not meet the requirements necessary to be
implemented as EDGE SWITCH BASIC FEATURES
[1.24].

An simple example of a NETWORK-BASED OVER-
RIDE FEATURE is an “inbound call management” net-
work-based application (implementing the feature) that
enables the end-user to accept or deny an incoming call from
the PC desktop. In this case, the EDGE SWITCH [1] would
transfer the inbound call to a network-based application
rather than simply ringing the TELEPHONE STATION [1].
The network-based application would support a NET-
WORK-BASED OVERRIDE FEATURE that would present
the identity of the calling party on the PC desktop (through
a web browser graphical user interface). If the end-user
accepts the incoming call through the web browser graphical
user interface, the NETWORK-BASED OVERRIDE FEA-
TURE transfers the call back to the EDGE SWITCH [1]
with a marker indicating that call-setup should be allow to
proceed in the normal fashion.

ETHERNET SWITCH [20]

Multi-port data distribution device based on Ethernet
technology. The ETHERNET SWITCH enables data com-
munications to occur between all network devices plugged
into it at the same time, and is able to guarantee a minimal
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amount of bandwidth for each data transmission path pass-
ing through it. This device may operate in a wired or
wireless capacity.
SUBSCRIBER NETWORK INTERFACE (POTS) [22]
Demarcation point that defines the interface between the
public carrier network (PSTN [7] or IP CARRIER NET-
WORK [6]) and the subscriber’s inside wiring plant. The
SUBSCRIBER NETWORK INTERFACE (A.K.A. “Telco
Entrance Facility”) is required to be physically located in a
“publicly accessible place.” Its physical manifestation is
usually a modest wire interface device (channel bank) used
to connect copper wires from the street to the copper wiring
within the premise. From a regulatory perspective, every-
thing on the network side of the SUBSCRIBER NETWORK
INTERFACE is the responsibility of the carrier and every-
thing on the premise side is the responsibility of the sub-
scriber. For residential telephone service, the SUBSCRIBER
NETWORK INTERFACE is usually located on the outside
of the residence. Businesses often have more complex
termination requirements and allocate a wiring closet to
serve this purpose.
A number of embodiments of the invention have been
described. Nevertheless, it will be understood that various
modifications may be made without departing from the spirit
and scope of the invention. Accordingly, other embodiments
are within the scope of the following claims.
What is claimed is:
1. A network device comprising:
a plurality of communication interfaces, including a tele-
phone line interface, a computer data interface, and a
broadband network interface;
a processor;
a machine-readable storage medium which during use
stores a call processing application and service profiles,
and which stores executable instructions to mediate
communications between the plurality of communica-
tion interfaces, the instructions causing the network
device to
detect network signaling events or trigger points in a
telephone call and

invoke the call processing application in response to the
detected network signaling events or trigger points,
the call processing application operating according
to parameters defined in the service profiles.

2. The network device of claim 1, wherein the plurality of
communication interfaces further includes a video streaming
device interface.

3. The network device of claim 1, wherein the broadband
network interface terminates a broadband network link that
joins a customer premises to a packet carrier network.

4. The network device of claim 1, wherein the instructions
further cause the network device to route IP data between the
computer data interface and the broadband network inter-
face.

5. The network device of claim 1, wherein the network
device is contained in a single physical enclosure.

6. The network device of claim 1, wherein the instructions
further cause the network device to provide a SIP user agent
to represent a telephone that uses the telephone line inter-
face.

7. The network device of claim 1, wherein the storage
medium during use further stores call routing tables, and

the instructions further cause the network device to per-
form call routing for telephone calls that use the
telephone line interface.
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8. The network device of claim 1, wherein the storage
medium during use further stores call routing tables, and

the instructions further cause the network device to per-

form call routing for telephone calls according to the
call routing tables, the telephone calls using the tele-
phone line interface.

9. A network device comprising;

a broadband network interface;

a plurality of interfaces, including a telephone line inter-

face and a computer data interface;

a processor; and

a machine-readable storage medium that stores processor-

executable instructions to provide SIP agents, the
instructions causing the network device to

provide a SIP user agent to represent a non-SIP telephone

that uses the telephone line interface, and

the instructions further causing the network device to

implement a SIP proxy server that mediates all SIP
communications over the broadband network interface
involving the non-SIP telephone.

10. The network device of claim 9, wherein the computer
data interface passes IP data.

11. The network device of claim 9, wherein the plurality
of interfaces includes a video streaming device interface.

12. The network device of claim 9, wherein the network
device is contained in a single physical enclosure.

13. A method for establishing a voice-over-packet net-
work architecture, the method comprising:

locating a system management platform in a shared

packet network, the system management platform col-
lecting call log data front a plurality of network
devices; and

distributing the plurality of network devices that each

include

a telephone line interface,

a computer data interface,

a broadband network interface terminating a link from
the shared packet network,

a processor, and

a machine-readable storage medium storing processor-
executable instructions to control telephone calls, the
instructions causing each network device to route
telephone calls in a peer-to-peer fashion over the
shared packet network and to send call log data to the
system management platform.

14. The method of claim 13, wherein for each device the
broadband network interface terminates a link from the
shared packet network.

15. The method of claim 13, wherein the routing of
telephone calls includes SIP signaling.

16. The method of claim 13, wherein the storage medium
further stores processor-executable Instructions to act as an
SIP proxy server for devices using the telephone line inter-
face and for devices using the computer data interface.

17. The method of claim 13, wherein the shared packet
network uses IP protocols.

18. The method of claim 13, wherein the shared packet
network uses ATM protocols.

19. The method of claim 13, wherein the plurality of
network devices each further include a video streaming
device interface.
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