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Intemet Engineering Task Force (IETF) standard
in 1999 as RFC 2543. Wengrovitz tcaches a SIP
user agent to represent a non-SIP telephone and &
SIP proxy server that mediates all SIP
communications.

For example, Wengrovitz states: “Switching
device 50 is preferably a private branch exchange
{PBX) unit i ing and ing calls
for a particular location. Switching device 50
includes an emulation client 50a for converting
i ing into PBX and
PBX into SIP Inits
simplest form, the emulation client 50a takes the
role of a UAC 15 in the data communication
network, According to one embodiment of the
invention, the emulation client 50a is implemented
as a software program executing on the internal
PBX processor.” Wengrovitz, Col. 4, 11. 11-21.

Wengrovitz explains the need for enabling legacy
telephones to make and receive SIP calls:

“there is a need in the current art for a system and
method for enabling legacy telephones to
participate seamlessly in SIP-based telephony
systems. Such a system and method should allow
legacy telephones to seamlessly make and receive
SIP calls with other legacy telephones as well as
with teleph with SIP functionality without
requiring that such legacy telephones be equipped
with their own SIP stack.”

Improved System—A person having ordinary
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skill in the art in
obvious to modify the base system of Chow to
include these  wellknown  claimed  SIP
components and apply the well-known techmiques
tsught by Wengrovitz, for example, to enable the
telephones in Chow 10 participate in SIP-based
telephony systems.

oy s

A method for establishing a voice-over-packet
network architecture, the method comprising:

locating a m management platform in a
shared packet net CSM 6), the system
management platform coltestipg call log data from
2 plurality of network devices ; &

Service Provider Network Access Interface (SPNAI) 27
aggregates the waffic from the attached devices onto a single
broadband interface. “SPNAI 27 provides connectivity to
UDS pipe 1. CSM 6 is able to suport the various transport
technologies implemented for the UDS pipe. CSM 6 converts
all informaticn (i.e., voice, data, multimedia and video) into
packet (e.g., I[P over ATM or voice over IP) based medi
for ransport to/from the NAM.™ (FIGURE 2; {0050’

“CSM keeps a log
{[o0s8])

/

distributing the plurality of network devices (
6) that each include

8 h line i
interface),

nputer data i (SSI 211 desa
parallel port interface and an Ethernet

interface),

Chow teaches a network architecture jntegrates
broadband subscriber services from a service prow

{FIGURE 1; (0038)).

Subscriber Site [nterface (SSI) 21 comnees with TR
telephones. “SS1 21 provides local access to the CPEs that
may consist of existing residential T/R pbone, ISDN/BRI
phone, computer modem, fax machine, wircless residential

base station (e.g.. extension of public cellular service w
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Claim 9 A network device (CSM 6) comprising: a
broadband network :merfnce (SPNAIIT); 8
plurality of ion interfaces, includi
telephone line interface (SS1 21 includes a T/R
interface) and a computer data interface (SSI 21
includes a parallel port Interface and an
Ethernet interface), and.

Chow teaches a network architecture that integrates
broadband subscriber services from a service provider
(FIGURE 1; [0038)).

Subscriber Site Interface (SSI) 21 connects with T/R
telephones. “SSI 21 provides local access to the CPEs that
may consist of existing residential T/R phoae, ISDN/BRI
phone, computer modem, fax machine, wireless residential
base sation (e.g., extension of public cellular service two
home, PCS) and LAN, etc..” (FIGURE 2; [0049)).

Subscriber Site Interface (SSI) 21 connects with computers.
“§S1 21 provides local access to the CPEs that may consist of
existing residential T/R phone, ISDN/BRI phone, computer
modem, fax machine, wircless residential base station (e.g.,
extension of public cellular service to home, PCS) and LAN,
etc.” (FIGURE 2; [0049}).

Service Provider Network Access Interface (SPNAI) 27
aggregates the traffic from the attached devices onto a single
broadband intesface. “SPNAI 27 provides connectivity to
UDS pipe 1. CSM 6 is able to supont the various transport
technologies implemented for the UDS pipe. CSM 6 converts
al! information (i.c., voice, data, multimedia and video) into
packet (c.g., IP over ATM or voice over IP) based medium
for transport to/from the NAM." (FIGURE 2; [0050}).

Part of Paper No. 20090402

a pracessor (CPU 23);

“As shown in FIG. 2, the CSM includes a number of inter-
related elements, including an IP router 20, a speech
processor 22, a CPU 23, memeory 24 and a call processsing
inter-working unit 25.” (FIGURE 2; {0047])

b dahl.

a storage
of CSM 6) that stores processor-a machine-

memory 24

“As shown in FIG. 2, the CSM includes a number of inter-
related elements, including an [P router 20, a speech
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-£519(Claim L5
readable storage medium that stores processor- processor 22, a CPU 23,
exccutable instructions o provide SIP agents (call | inter-working unit 25.” (FIGU'RE 2; (0047])
processing inter-working unit 25 or the other .
software at CSM 6 that performs services)
the instructions causing the network device to SIP user agents and SIP proxy: CSM 6 includes software, | Base Synem—Chow dxscloses a network device
provide a SIP user agent to represent 8 non-SIP such as call processing inter-working uait 25, that performs for ket network
lephone that uses the teleph line interface call processing. (FIGURE 2; {0047])). architecture (e.g., CSM 6).
(call processing inter-working unit 25 or the
other software at CSM 6 that performs Known Technique— A person having ordinary
services), and the instructions further causing the skill in the art in 2001 would have been well-
network device to implement a SIP proxy server aware of SIP technology since it became en
(CSM 6 includes instructions to mediate Intemet Engineering Task Force (IETF) standard
communications between the plurality of in 1999 as RFC 2543. Wengrovitz teaches a SIP
communlcntion interfaces) that mediates all SIP user agent to represent a non-SIP telephone and a
s over the broadband network SIP proxy server that mediates all SIP
interface involving the non-SIP teleph communications.
For example, Wengrovitz states: “Switching
device 50 is prefmhly a private branch exchange
(PBX) unit and ing calls
for a particular location. Switching dsze 50
mcludu an emulation client 50a for convesting
g SIP into PBX ges and
goi s PBX into STP Inits
simplest form, the emulation clien! 50a takes the
role of 8 UAC 15 in the dsta communication
k. A ing to onc embodi of the
invention, the emulation client 50z is implemented
28 a software program executing on the internal
PBX processor.” Wengrovitz, Col. 4, 11 11-21.
Wengroviz explains the need for enabling legacy
telephones to make and receive SIP calls:
DALO1:99426).1 -2-

296 of 349




Office Action Appendix

Control Number 95/000,344 4-2-2009 Part of Paper No. 20090402
. . . APPENDIX J3
Chow in view of Wengrovitz =
X £ % ﬁf 0%, ‘J’ﬂe *K-":’i"{i’»'_: ‘; 3
4519 Chaim Clsim Limitatiops . . ISR blicationEN0%2003/0185203 LsasanyRer
“there is a need in the current ant for a system and
method for enabling legacy telephones to
participate scamlessly in SIP-based telephony
systems. Such & system and method should allow
legacy telephones to scamlessly make and receive
SIP calls with other legacy telephones as well as
with telephones with SIP functionality without
requiring that such legacy telephones be equipped
with their own SIP stack.”
Improved System—A person having ordinary
skill in the ant in 2001 would have considered it
obvious to modify the base system of Chow to
include these  well-known claimed  SIP
components and apply the well-known. techniques
taught by Wengrovitz, for example, to enable the
telephones in Chow to participate in SIP-based
telephony systems.
Claim 10 The network device of claim 9, wherein the “The integrated system of the present invention can be
computer data interface passes IP data. implemented with a broadband packet access network as the
supporting infrastructure that enables the UDS pipe access 1o
the service provider's core backbone network. Such a network
is capable of supporting the traditional circuit-switched
ion, IP-based ion less packets and mobile IP
for personal mobility. It is envisioned that the intefligence of
the network will be distributed to the home environment for
the subscriber to control how service is rendered. The
methodology and the service applications necessary to cost
effectively integrate a UDS pipe for local access services with
DALO1:994263.1 -3-
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integrated voice, data and multimedia spplications from the
home is an imp bjective of the present i ion.”
([0029])
Claim 11 The network device of claim 9, wherein the Video phone 3. Figure 1.
plurality of interfaces includes a video streaming
device interface.
T ISR - %
Claim 12 The network device of claim 9, wherein the CSM 6 is contained in a single physical enclosure. Figure 1.
network device is contained in a single physical
enclosure.
DALO1:994263.1 -4-
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e ({0088)
e Rk s N Y IR .
Claim 15 The method of claim 13, wherein the routing of “The integrated system of the present invention can be Base System—Chow discloses a network device
lephone calls includes SIP signaling. implemented with a broadband packet access network as the for blishi; a voil packet rk
: supporting infrastructure that enables the UDS pipe access to | architecture {e.g., CSM 6).
the service provider's core backbone network. Such a network
is capable of supporting the traditionat circuit-switched Known Technique— A person having ordinary
ion, IP-based ion less packets and mobile IP skill in the art in 2001 would have been well-
for personal mobility. It is envisioned that the intelligence of | aware of SIP technology since it became an
the network will be distributed to the home envi for Internet Engineering Task Force (IETF) standard
the subscriber to control how service is rendered. The in 1999 as RFC 2543. Wengrovitz teaches a SIP
methodology and the service applications necessary to cost user agent to represent a non-SIP telephone and a
effectively integrate a UDS pipe for local access services with | SIP  proxy server that mediates all SIP
integrated voice, data and multimedia applications from the communications.
home is an imp bjective of the present i ion.”
{(0029)) For cxample, Wengrovitz states: “Switching
device 50 is preferably a private branch exchange
(PBX) unit ing incoming and outgoing calls
for a particular location. Switching device 50
includes an emulation client 50a for converting
i ing SIP into PBX and
going PBX into SIP Inits
simplest form, the emulation client 50a takes the
role of a UAC 15 in the data communication
network. According to one embodiment of the
invention, the emulation client 50a is implemented
as a software program executing on the internal
PBX processor.” Wengrovitz, Col. 4, 1. 11-21.
Wengrovitz explains the need for enabling legacy
telephones to make and receive SIP calls:
DALO1:994265.1 -71-
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“there is a need in the current art for a system and
method for enabling legacy telephones to
participate scamlessly in SIP-based telephony
systems. Such a system and method should sllow
legacy telephones to scamlessly make and receive
SIP calls with other legacy telephones as well as
with teleph with SIP functionality without
requiring that such legacy telephanes be equipped
with their own SIP stack.”

Improved System—A person having ordinary
skill in the art in 200! would have considered it
obvious to modify the base system of Chow to
include  these well-known claimed SIP
components and apply the well-known techniques
taught by Wengrovitz, for example, to enable the
telephones in Chow (o participate in SIP-based
telephony systems.

D Enddier

ed Sirdas

SIP proxy server: CSM 6 detects network signaling events.
“Ted is using his video-phone and tells his CSM to call Paul
for video-telephony. His CSM finds Paul's CSMN, §55-2222,
in the CSM's address book stored, for example, in a datsbase
within memory 24 shown in FIG. 2 and sends a signaling
request to the nerwork to Peul's CSM. When Paul’'s CSM
detects the incoming request, it will parse the signaling 10
determine who is the request for, the type of request, and
other service data.” ([0156-0159]).

discloses a network device
for b 8 voi packet network
architecture (e.g., CSM 6).

Base System—Chow

Known Technigune— A person having ordinary
skill in the ant in 200! would have been well-
sware of SIP technology since it became an
Internet Engineering Task Force (IETF) standard
in 1999 Bs RFC 2543. Wengrovitz teaches a SIP
user agent to represent a non-SIP telephone and a
SIP proxy scrver that mediates all SIP

Claim 16 The method of claim 13, wherein the storage
medium further stores processor-executable
Instructions to act s an SIP proxy server for
devices using the telephone line interface and for
devices using the computer data interface.
DALDI994265.0
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communications.

For example, Wengrovitz states: “Switching
device 50 is preferably a private branch exchange
(PBX) unit managing incoming going calls
for a particular location. Switching device 50
includes an emulation client 50a for converting
i ing STP into PBX and
going PBX into SIP Inits
simplest form, the emulation client 50a takes the
role of a UAC 1S in the data communication
network. According to one embodiment of the
invention, the emulation client 50a is implemented
as a software program ¢xecuting on the intermnat
PBX processor.” Wengrovitz, Col. 4, 11. 11-2],

Wengrovitz explains the need for enabling legacy
telephones to make and receive SIP calls:

“there is a need in the current art for a system and
method for enabling legacy telephones to
participate scamlessly in SIP-based iclephony
systerns. Such a system and method should allow
legacy telephones to scamlessly make and receive
SIP calls with other legacy telephones as well as
with teleph with SIP functionality without
requiring that such legacy telephones be equipped
with their own SIP stack.”

Improved System—A person having ordinary
skill in the art in 2001 would have considered it
obvious to modify the base system of Chow to
include these  well-known  claimed SIP
components and apply the well-known techniques

DALD}:994263.1
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taught by Wengrovitz, for example, to ensble the
telephones in Chow to participate in SIP-based
telephony systems.

.
DALOI 954265.1 -10-

302 of 349




Office Action Appendix

Contro! Number 95/000,344 4-2-2009 Part of Paper No. 20090402 :
APPENDIX J7

Chow in view of Girard-SIP

: SyRublicationiNe}?09 £,
finds Paul's CSMN, 555-2222, in the CSM's address book
stored, for example, in a database within memory 24 shown in
FIG. 2 and sends a signaling request to the network to Paul's
CSM. When Paul's CSM detects the incoming request, it will
parse the signaling to determine who is the request for, the
type of request, and other service data. The CSM will
determine that Paul is available to receive such a request, (i.c.,
Paul has not informed the CSM to redirect his calls) and will
acknowledge the request, allocate the bandwidth from
UDS pipe (e.8., 384 Kbps), and direct the call 's video-

M ([0156-0159]).

the call p ing applicati ing ding | service pro!
1o parameters defined in the service profiles residential subscri

B Claim Limitations -

wherein the network device consists of one (:r"("ﬁmordancc with the present invention, Mﬁm’ng
more premise equi dules4CSM | Ci Premises Equi ("CPE", i.¢, equi

6). provided to the customer by the service provider) is couple:

10 a Customer Service Manager (CSM) 6. As shown in FIG.
1, the CPEs may include a remote laptop computer interface
2, video phone 3, computer 4 and telephone 5. As in the
typical home environment, the various CPEs may be located
in different rooms within the home and are connected to CSM

6 by direct signal wire connection or other suitable means.”
((0039)

Claim 6 The network device of claim 1, wherein the SIP user agent: CSM 6 includes software, such as call Base System—Chow discloses a network device
instructions further cause the network device to processing inter-working unit 25, that performs call for blishing a voi packet network
provide a SIP user agent to rep: a teleph pr ing. (FIGURE 2; [0047]). architecture (e.g., CSM 6).
that uses the telephone line interface.
Known Technique— A person having ordinary
skill in the art in 2001 would have been well-
aware of SIP technology since it became an
DALOI:994971.1 ' -3-
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2 T 2 :
Intemet Engincering Task Force (TETF) standard
in 1999 as RFC 2543. Girard teaches a SIP user
agent (SIP User Agent in the softswitch wilizing
the SIP signaling pathway established for initial
call setup) o represent a non-SIP telephone and a
SIP proxy server that is a concatenation of s UAC
and UAS.

For example, Girard states that the Application
Server includes a SIP Proxy Server as defined by
prosecuting counsel for the ‘519 Patent: “Using a
SIP User Agent Client (UAC), telephony
applications running on the APPLICATION
SERVER may create connections between any
two network endpoints in any connectivity domain
{IP, ATM, PSTN, etc.) that is addressable by the
SOFTSWITCH and the MGs under its control.
The APPLICATION SERVER also contains a SIP
User Agent Server (UAS).” Girard, Figure 2;
Pages | and 6.

Girard explains the need for enabling legacy
telephones to make and receive SIP calls:

“this SIP-Telephony Service Interfece (SIP-TSI) is
capable of supporting 8 level of telephony

pplication functionali with Time
Division Multiplex device interfaces used in
legacy PSTN voice and facsimile telephony
applications.” Girerd, Pege 1.

Improved System—A person having ordinary
skill in the art in 2001 would have considered it
obvious to modify the base system of Chow to

DALOL:994971.1 -4-
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include these  well-known  claim SIP
components and apply the well-known techniques
taught by Girard, for example, to enable the
telephones in Chow to participate in SIP-based
telephony systems.
PR BERTAR - N S g
Clatm.]3 A method for establishing a voi pach Service Provider Network Access Interface (SPNAI) 27
network archi , the method comprising: aggregates the traffic from the attached devices onto a single
broadband interface. “SPNAI 27 provides connectivity to
tem management platform in a UDS pipe 1. CSM 6 is able to suport the various transport
k (CSM 6), the system technologies implemented for the UDS pipe. CSM 6 converts
platform Cotlegting cail log data from | all information (i.e., voice, data, multimedia and video) into
a plurality of network devices™ packet (e.g., IP over ATM or voice over IP) based medium
for transport to/from the NAM." (FIGURE 2; [0050]).
“CSM keeps g and outgoing requests;”
([0088])
distributing the plurality of network devices (CSM ’Mbﬂ a8 neiwork  archited! that  integrates
6) that each include roadband subscriber services from a sétvicg provider
(FIGURE I; [0038)).
a telephone line interface (SSI 21 i
interface), Subscriber Site Interface (SSI) 21 commects with T/R
telephones. “SS1 21 provides local access to the CPEs that
may consist of existing residential T/R phone, ISDN/BRI
phone, computer modem, fax machine, wircless residential
base station (e.g., extension of public cellular service to
home, PCS} and LAN, cic..” (FIGURE 2; [0049)).
a broadband network interface terminating a link
DALOE:994971.1 -5-
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Chaim9 A network device (CSM 6) comprising: a
broadband network interface (SPNAI 27); &
plurality of ication interfaces, including
telephone line interface (SSI 21 includes a T/R
interface) and a computer data interface (SSI 21
includes a parallel port interface and an
Ethernet interface), and;

that integrates

Chow teaches a network architecture
broadband subscriber services from a service provider
(FIGURE 1; (0038}]).

Subscriber Site Interface (SSI) 21 connects with T/R
telephones. “SSI 21 provides local access to the CPEs that
may consist of existing residential T/R phone, ISDN/BRI
phone, computer modem, fax machine, wireless residential
base station (e.g., extension of public cellular service to
home, PCS) and LAN, etc..” (FIGURE 2; [0049]).

Subscriber Site Interface (SSI) 21 connects with computers.
“SSI 21 provides local access to the CPEs that may consist of
existing residential T/R phoae, ISDN/BRI phone, computer
modem, fax machine, wireless residential base station {c.g.,
extension of public cellular service to home, PCS) and LAN,
ewc..” (FIGURE 2; [0049]).

Service Provider Network Access Interface (SPNAI) 27
aggregates the wraffic from the attached devices onto a single
broadband interface. “SPNAI 27 provides connectivity to
UDS pipe 1. CSM 6 is able to suport the various trensport
technologies implemented for the UDS pipe. CSM 6 converts
all information (i.e., voice, data, multimedia and video) into
packet (¢.g., IP over ATM or voice over IP) based medium
for transpon to/from the NAM." (FIGURE 2; {0050}).

a processor (CPU 23);

“As shown in FIG. 2, the CSM includes a number of inter-
related elements, including an IP router 20, a speech
processor 22, a CPU 23, memory 24 and a call processsing
inter-working unit 25." (FIGURE 2; [0047])

a machine-rezdable storage medium memory 24
of CSM 6) that stores processor-a machine-

“As shown in FIG. 2, the CSM includes & number of inter-
related elements, including an [P router 20, & speech

DALD):994970.t

-
306 of 349




Control Number 95/000,344

Chow in v

iew of Girard-SIP

‘519 Claim

Claim U.I_l_:ltnliom ..

readable storage medium that stores processor-
executable instructions 1o provide SIP agents (call
processing inter-working unit 25 or the other
software at CSM 6 that performs services)
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processor 22, a CPU 23, memory 24 and a call processsing
inter-working unit 25.” (FIGURE 2; [0047])
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the instructions causing the network device to
provide a SIP user agent 1o represent a non-SIP

tephone that uses the tel {ine interface
{call processing inter-working unit 25 or the
other software at CSM 6 that performs
services), and the instructions further causing the
network device to implement a SIP proxy server
(CSM 6 includes instructions to mediate
communications between the plurality of
communicnuon interfaces) that mediates all SIP

i s over the broadband network
2 the non-SIP telept

interface i

SIP user agents and SIP proxy: CSM 6 includes software,
such as call processing inter-working unit 23, that performs
call processing. (FIGURE 2; {0047]).

Base System—Chow dnscloscs a network device
for packet network
architecture (eg., CSM 6).

Known Technique— A person having ordinary
skill in the art in 2001 would have been well-
aware of SIP technology since it became an
Intemet Engineering Task Force (IETF) standard
in 1999 as RFC 2543. Girard teaches a SIP user
agent (SIP User Agent in the softswitch utilizing
the SIP signaling pathway established for initial
call setup) to represent a non-SIP telephone and a
SIP proxy server that is a concatenation of a UAC
and UAS.

For example, Girard states that the Application
Server includes a SIP Proxy Server as defined by
prosecuting counse! for the ‘519 Patent: “Using a
SIP User Agent Client (UAC), ielephony
applications running on the APPLICATION
SERVER may create connections between any
two network endpoints in any connectivity domain
(P, ATM, PSTN, etc.) that is addressable by the
SOFTSWITCH and the MGs under its control.
The APPLICATION SERVER also conlains a SIP
User Agent Server (UAS)." Girard, Figure 2;
Pages 1 and 6.

Girard explains the need for enabling legacy

DALD1:994970.1
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telephones to make and receive SIP calls
“this SIP-Telephony Service Interface (SIP-TST) is
cupable of suppomng a level of telephony
with Time
Division Muluplcx device interfaces used in
legacy PSTN voice and facsimile telephony
applications.” Girard, Page ).
Improved System—A person having ordinary
skill-in the art in 2001 would have cansidered it
obvious to modify the base system of Chow to
inctude  these  well-known  claimed  SIP
components and apply the well-known techniques
taught by Girard, for example, to enable the
telephones in Chow 1o panicipate in SIP-based
telephony systems.
Claim 10 The network device of claim 9, wherein the “The integrated system of the present invention can be
computer data interface passes IP data, implemented with a broadband packet access network as the
supporting infrastructure that enables the UDS pipe access to
the service provider's core backbon: network. Such u network
is capable of supporting the i
1P-based ion less pukeu and mobile IP
for pemml mnblluy Itis mvnsloned that the intelligence of
the will be distributed to the home cavi for
the subscriber to control how service is rendered. The
methodology and the service spplications pecessary to cost
effectively imegrale a UDS pipe for local access services with
integrated vov.-c. data and multimedia apphumons ﬁ'nm the
homse is &0 imp bjective of the presemt G
DALDIII0.1 3.
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((0029]))
- R, A e R % B

Claim 1 The network device of claim 9, wherein the Video phone 3. Figure 1.

plurality of interfaces includes a video strcaming

device interface.
Claim 12 The network device of claim 9, wherein the CSM 6 is d in a single physical encl Figure 1.

network device is comained in a single physical

enclosure.
DALO1:994970.1 -4-

309 of 349

Control Number 95/000,344

Chow in view of Girard-SIP

‘Office Action Appendix
4-2-2009
APPENDIX J7

‘$19 Cloira | = %Claim Limitations -

Part of Paper No. 20090402

([0088])

R ik A

7

Claim 15 The method of claim 13, wherein the routing of

hone calls includes SIP

“The integrated system of the present invention can be
implemented with a broadband packet access network as the
supporting infrastructure that enables the UDS pipe access to
the service provider's core backbone network. Such a network
is capable of supporting the waditional circuit-switched

ion, JP-based less packets and mobile [P
for personal mobility. It is envisioned that the intelligence of
the retwork will be di d to the home envi for
the subscriber to control how service is rendered. The
methodology and the service applications necessary to cost
cffectively integrate a UDS pipe for local access services with
integrated voice, data and multimedia applications from
home is an i bjective of the present i ion.”
(fo0z2e))

Base System—Chow discloses s network device
for ishi a i packet network
erchitecture (e.g., CSM 6).

Known Technique— A person having ordinary
skill in the art in 2001 would have been well-
aware of SIP technology since it became an
Internet Engineering Task Force (IETF) standard
in 1999 as RFC 2543. Girard teaches a SIP user
agent {STP User Agent in the softswitch utilizing
the SIP signaling pathway established for initial
call setup) to represent a non-SIP telephone and a
SIP proxy server that is a concatenation of a UAC
and UAS.

For example, Girard states that the Application
Server includes a SIP Proxy Server as defined by
prosecuting counsel for the ‘519 Patent: “Using a
SIP User Agent Client (UAC), telephony
epplications running on the APPLICATION
SERVER may create connections between any
wo i endpoints in any ivity domain
(IP, ATM, PSTN, etc.) that is addressable by the
SOFTSWITCH and the MGs under its control.
The APPLICATION SERVER also contains a SIP
User Agent Server (UAS).” Girard, Figure 2;
Pages 1 and 6.

Girard explains the need for enabling legacy
telephones to make and receive SIP calls:

“this SIP-Telephony Service Interface (SIP-TSI) is

DALDL:S94971.1
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capable of supporting s level of telephony
pplication functionality with Time
Division Multiplex device interfaces used in
legacy PSTN voice and facsimile telephony
applications.™ Girard, Page 1.
Improved System—A person having ordinary
skill in the art in 2001 would bave considered it
obvious to modify the base system of Chow to
include these well-known claimed SIP
components and apply the well-known techniques
tught by Girard, for example, to enable the
telephones in Chow 1o participate in SIP-based
telephony systems.
L R Tty 9 i e dnt Ty . R
Claim 16 The method of claim 13, wherein the storage SIP proxy server: CSM 6 detects network signaling events. Base System—Chow discloses a network device
medium further stores processor-executable “Ted is using his video-phone and tells his CSM to call Paul for establishing 8 wvoice-over-packet network
Instructions to act as an SIP proxy server for for video-telephony. His CSM finds Paul's CSMN, §55-2222, | architecture (e.g., CSM 6).
devices using the telephone line interface and for in the CSM's address book stored, for example, in a database
devices using the computer data interface. within memory 24 shown in FIG. 2 and sends a signaling Known Technique— A person having ordinary
request to the network to Paul's CSM. When Paul's CSM skill in the art in 2001 would have been well-
detects the incoming request, it will parse the signaling to aware of SIP technology since it became an
determine who is the request for, the type of request, and Intemet Engincering Task Force (IETF) standard
other service data.” ([0156-0159)). in 1999 as RFC 2543. Girerd teaches a SIP user
agent (SIP User Agent in the softswitch utilizing
the SIP signaling pathway established for initial
call setup) to represent a non-SIP telephone and a
SIP proxy server that is a concatenation of a UAC
and UAS.
For example, Girard states that the Application
DALOL:994971,1 -8
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ting counsel for the ‘519 Patent: “Using a
SIP User Agent Client (UAC), telephony
applications running on the APPLICATION
SERVER may create connections between any
two network endpoints in any connectivity domain
(IP, ATM, PSTN, etc.) that is addressable by the
SOFTSWITCH and the MGs under its control.
The APPLICATION SERVER also contains a SIP
User Agent Server (UAS).” Girard, Figure 2;
Pages 1 and 6.

Girard explains the need for enabling legacy
telephones to make and receive SIP calls:

“this SIP-Telephony Service Interface (SIP-TSI) is
capable of supporting a level of telephony

lication functionality with Time
Division Multiplex device interfaces used in
legacy PSTN voice and facsimile telephony
gpplications.” Girard, Page 1.

Improved System—A person having ordinary
skill in the art in 2001 would have comsidered it
obvious to modify the base system of Chow to
include these  well-known claimed SIP
components and apply the well-known techniques
wught by Girard, for example, to ensble the
telephones in Chow 1o parnicipate in SiP-based
telephony systems.
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Claim 1

A network device (MAC 100) ising: a plurality of

The MAC uses 8 soﬁware-conﬁgu.rablc wide area nel\vurk (WAN) uunk o

interfaces, including a telephone line interface (analog voice ports), a comp
daia interface (serial port 104), and a broadband network interface (Ethernet
port 102);

data, vaice, and video into existing networks using common
switch md network hardware ... (Col. 6, II. 23-27)

The interface pots of the MAC of an embodiment comprise a single Ethernet port
102, two serial ports 104-106 that support speeds up to 2 Mbps, and either six
analog voice ports or a single digital voice access port (T1/E1) ... (Col. 6, II. 45-
49)

a processor (CPU 199);

With refereace to FIG. ), the interface ports of the MAC 100 are coupled to a
central processing unit (CPU) 199... (Col. 7, Il. 46-47)

B dahl A

storage (memory devices 110-114) which during use

stores

“Furthermore, multiple memory devices 110-114 are coupled to the CPU 199 of
one embodiment, wherein dynamic random access memory (DRAM) 110 is
supported in 4, 8, 16, and 32 Mb single inline memory modules (STMMs) and
flash memory 112-114, or nonvolatile memory, is supported in 4, 8, and 16 Mb
memory devices, but the embodiment is not so limited. A 32-bit SIMM socket
supports up to 64-Mbyte of program memory and data storage memory 110, A 32-
bit SIMM socket supports up to 32-Mbyte of flash memory 112. Furthermore, a
512-Kbyte boot flash 114 is provided, but the embodiment is not so limited.
Morcover, a 2-Mbyte on-board flash memory 112 supports system configuration.”
(Col. 7, 11. 53-65)

Y

acallp g app g 200) and

FIG. 2isa voxce processing subsyslem 200 of 8 MAC of an embodiment of the
present i The i ing system that provids
kemel services, network services and routing capabxluy comprises lhe voice
processing subsystem 200... (Col. 7, Il 24-28).

service profiles (MAC stores service configurations),

The MAC in provndmg voice scrvxces, supports a wide range of call management

ions for dial on-net ions, off-net
numbers, and local calls, but the embodiment is not so limited. The MAC
supports call set-up options comprising, but not limited to: on-net dialing; auto-
dial, or private line automatic ringdown (PLARY); off-net dinling; and tandem
switching. (Col. 15,1, 63-Col. 16, 1. 3).

and which stores to mediate

FIG. 10 shows the data and voice flows when using a serial port as a network
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plurality of communication interfaces (routing englne and /O handler 1004),

interface in an embodiment of the MAC 1000 of the present invention. Data is
reccived into a routing engine 1002 and passed to an VO handler 1004. Voice
channels are received from a private branch exchange, keyset, or telephone 1006.
The received voice channels are routed to a voice call handler 1008, & voice
compression engine 10100, and to an VO handler 1004. The VO handler 1004
couples the data and voice to serial port 0 as the network interface. (Col. 14, Il
23-32)

The MAC of an embodiment supports on-net dialing when a call originator dials
an extension by entering 8 phone number; the call is connected within the wide
arca network. For on-net calls, s flexible call numbering plan allows dialing to
any port on any system in the network by dialing a unique prefix that ideatifies
the port or group of ports on the destination system. (Col. 16, 1L 4-10).

The MAC of an embodiment supports off-net dialing, wherein when a caller dials
9", or another pre-programmed digit/digits, the MAC automatically connects the
caller extension to a channel connected directly to a PSTN. (Col. 16, Il. 23-26).

the instructions causing the network device to detect network signaling events or
trigger points in » telephone cali (call setup message) and

The MAC supports analog voice streams using E&M, FXS, and FXO voice signal
standards, (Col. 7, Il. 2-7)

In operation, an analog voice port or digital voice port provides a voice signal to
the Voice Signal Process module 202. The Voice Signal Process module 202
translates the voice signal to a call sctup message. (Col. 7, 11. 29-32).

d network

invoke the call p i b in respx to the d
signaling events or trigger paints (cal) setup procedure),

The call setup procedure comprises calling the Voice Channel Manager 206 to
allocate a DSP for connection to the receiving voice port via the PCM bus.
Further, the call setup procedure signals the Voice Signal Process module 202 to
cnable the allocated DSP to stant the DTMF sampling for the dialing digits. Upon
collection of enough digits by consulting the dial-mapper 208, a setup message is
provided to the Tandem Switch Module 210. The Tandem Switch Module 210,
using the Dial-peer and Dial-mapper 208, locates the permanent victual
connection (PVC) number of the remote extension in arder to provide a setup
message. (Col. 7, 11. 3245)
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the call p ing appli p g ding to defined in the The MAC, in providing voice services, supports a wide range of call management
service profiles configurations comprising configurations for dial on-net extensions, off-net
numbers, and local calls, but the embodiment is not so limited. The MAC
supports call set-up options comprising, but not limited to: on-net dinling; auto-
dial, or private line sutomatic ringdown (PLARY); off-net dialing; and tandem
switching. (Col. 15, 1. 63-Col. 16, 1. 3).

wherein the network device consists of one or more customer premise cquipment | *The MAC of an embodiment comprises two PIMs that are used for network

modules (MAC 100 connects to a PBX 198). access, the DVM and AVM. The DVM, functionally equivalent to the MTM,
provides connectivity to a digital private branch exchange 198 or channel bank.
The voice channels can be either mapped to time slots on the primary PCM bus
for voice compression or mapped to time slots on another PCM bus through a
cross-connect switch.” (Col. 10, 1. 1-7)

Claim 2 The network device of claim 1, wherein the plurality of fs “Furth the UTO port receives video uaffic. Following circuit emulation,

further includes a video streaming device interface (WAN trunk). the video traffic is transported using the WAN trunk. The MAC supports anslog
voice streams using Ear and Mouth (E&M) (2 wire and 4 wire with immediate
dial, delay dial and wink start), Foreign Exchange Station (FXS) (ground start and
loop start), and Foreign Exchange Office (FXO) (ground start and loop start)
voice signal standards.” (Col. 6, 1. 67-Col. 7, 11, ]-7)
g IR R Y

Claim 3 The network device of claim 1, wherein the broadband network interface The interface pots of the MAC of an embodi prise a single Eth port
terminates a broadband network link that joins a customer premises to a packet 102, two serial ports 104-106 that support speeds up to 2 Mbps, and cither six
carrier network. analog voice ports or a single digital voice access port (T1/E1) ... (Col. 6, I1. 45-

49)
: 2 b ¥ | 3y e

Claim 4 The network device of claim 1, wherein the instructions further cause the network | The mlcrfnoc pots of the MAC of an embodiment comprise a single Ethcrnet port
device to route IP data between the computer data interface and the broadband 102, two serial ports 104-106 that support speeds up to 2 Mbps, and cither six
network interface. analog voice ports or a single digital voice access port (T1/E1) ... (Col. 6, I1. 45-

49)
A Rl i
Claim § The network device of claim |, wherein the network device is contained in a MAC 100 is d in a single physi 1 Figure 1.
DALO1:994273.) -3-
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single physical enclosure.

Claim 7 The network device of claim 1, wherein the storage medium during use further “The extra digits are passed on 1o the private branch exchange which will use
stores call routing tables, and the instructions further cause the network device to | them to conmect the call to the correct extension. Call routing is supported vis a
perform call routing for telephone calls that use the telephone line interface. static mapping table in cach MAC, but the embodiment is not so limited.” {Co!.

16, 1. 14-18)
D I — -

Claim 8 The network device of claim 1, wherein the storage medium during use further | “The extra digits are passed on to the private branch exchange which will use
stores call routing tables, and the instructions further cause the network device to | them to connect the call to the correct extension. Call routing is supported via a
perform call routing for telephone calls according to the call routing tables, the | static mapping table in each MAC, but the embodiment is not so limited.” (Col.
telephone calls using the telephone line interface. 16, 11. 14-18)

Claim 13 A method for g2 packet network archif the method Management and configuration of the MAC of one embodiment is designed 10 be

comprising: mpatible with existing router systems. As such, three
types of confi interfaces are provided, wherein the configuration

locating a system management plaxform m a shared packet network (SNMP- interfaces comprise a command line interface, 8 HTTP-based configuration

based MIB), the system 1) g call log data from a server, and 8 SNMP-based MIB ... The SNMP MIB allows management of the

plurality of network devices ; and MAC from SNMP mangers, but the embodiment is not so limited, (Col. 17,11 6-
13).
“Furthermore, the routing table inchides information clements compnxmg a
preference-order und # last-use ti p. The lm-use i 8
last update to entry p and an cmry i but lhe
embodiment is not 5o limited. The prefereace-order defines an explicit selection
priority that should be give to cach table eatry. The last use timestamp tracks the
last time a call was routed (o the entry. The last use timestamp, in tracking
successfully completed calls and call is an imp ibute in that it
allows load balancing.” (Col. 26, II. 17- 26)

distributing the plurality of network devices (MAC 100) that each include The MAC uses a software-configurable wide area network (WAN) trunk to
scamlessly integrate data, voice, and video into existing networks using common

a telephone linz interface (analog voice ports), switch and network hardware ... (Col. 6, 1L 23-27)
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a computer data interface (serial port 104),

braadh

a d network interfs
(Ethernet port 102)

g a link from the shared packet network

The interface pots of the MAC of an embodi

mprise a single Eth port
102, two seria! ports 104-106 that support speeds up to 2 Mbps, and either six
apalog voice ports or a single digital voice access port (T1/E1) ... (Col. 6, 11. 45-
49)

& processor (CPU 199);

With reference to FIG. 1, the interface ports of the MAC 100 are coupled to a
central processing unit (CPU) 199... (Col. 7, 11. 46-47)

8 machine-; rcadablc storage medium (memory devices 110-114) storing
ions to control telephone cails (pr ing

iubsystem 200),

FIG. 2 i isa volce processing subsystcm 200 of a MAC of ao embodiment of the
present il . The b ing system that provid
kemel services, network services and routing capablllty comprises thc voice
processing subsystem 200... (Col. 7, 1l. 24-28).

the instructions causing each network device (o route telephone calls in a peer-to-
peer fashion over the shared packet network (network comprising multiple
MAC:s of an embodiment of the present invention). and to send call log data to
the system management platform (SNMP-based MIB)).

“FIG. 38 is a network isi hiple MACs of an embodi

p of the
present invention.” (Col. 5, 1I. 48-49)

Furthermore, the routing table includes information clements comprising n
preference-order and a last-use ti p... The last-use ti in
successfully completed calls and call attempts, is an important nlmbute in that it
allows load balancing. Moreover, network peers may be associated with various
administrative metrics that reflect various attributes of the network interface...
(Col. 26, 11. 24-29).

Management and configuration of the MAC of one embediment is designed to be
compatible with existing network router management systems. As such, three
types of ion interfaces are provided, wherein the configuration
interfaces comprise a command line interface, a HTTP-based configuration
server, and 8 SNMP-based MIB ... The SNMP MIB allows management of the
MAC from SNMP mangers, but the embodiment is not so hmllcd (Col.17,11. 6-
13).
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Claim 14

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

The interface pots of the MAC of an embodiment comprise a single Ethernet port
102, two serial ports 104-106 that support speeds up to 2 Mbps, and cither six
analog voice ports or a single digital voice access port (T1/E1) ... (Col. 6, 11. 45-
49)

s >,

3

Claim 17

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

“It is therefore an object of the inveation to integrate data, voice, and video onto
public and private packet-based or cell-based multiservice networks comprising
Frame Relay, Asynchronous Trensfer Mode (ATM), High-level Data Link
Control {HDLC), Internet Protocol (IP), and Time Division Multiplexed (TDM)
networks, and leased line carrier services.” (Col. 3, IL. 10-16)

Claim 18

The method of claim 13, wherein the shared packet & uses ATM protocol

“It is therefore an object of the invention to integrate dats, voice, and video onto
public and private packet-based or cell-based multiservice networks comprising
Frame Relay, Asynchronous Transfer Mode (ATM), High-level Data Link
Countrol (HDLC), Internet Protocol (IP), and Time Division Multiplexed (TDM)
networks, and leased h.necamevservuxs * (Col. 3, 11. 10-16)

PR R

T ORCEN =

free-- ~%y?-

Claim 19

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

“Furthermore, the UTO port receives video traffic. Following circuit emulation,
the video traffic is transported using the WAN trunk. The MAC supports analog
voice strearns using Ear and Mouth (E&M) (2 wire and 4 wire with immediate
dial, delay dial and wink start), Foreign Exchange Station (FXS) (ground start and
loop stan), and Foreign Exchange Office (FXO) (ground start and loop start)
voice signal standards.” (Col. 6, 1. 67-Col. 7,11. 1-7)
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202. The Voice Signal Process module 202 translates the
voice signal to a call setup message. (Col. 7, 1I. 29-32).

Part of Paper No. 20090402

The call setup procedure comprises calling the Voice Channel
Manager 206 to allocate a DSP for connection to the
receiving voice port via the PCM bus. Further, the call sctup
procedure signals the Voice Signal Process module 202 to
enable the allocated DSP to start the DTMF sampling for the
dialing digits. Upon collection of enough digits by consulti
the dial-mapper 208, a setup message is provided to the

45)

the call p i licati i ding

to parameters defrne:irin the service profiles

The MAC, in Wc\s;‘wces, supports a wide range
of call fi 1 isi fi i

for djal-Gn-net extensions, off-net n , and loui’ calls,

dialing; and tandem switching. (Col. 15, 1. 63-Col. 16, . 3).

wherein the network device-€onsists of one or
more premist equip dul
(MAC 100 cgnifécts to a PBX 198).

/

“The MAC of an embodiment comprises two PIMs that are
used for network access, the DVM and AVM. The DVM,
functionally equivalent to the MTM, provides connectivity to
a digita) private branch exchange 198 or channe! bank. The
voice channels can be either mapped to time slots on the
primary PCM bus for voice compression or mapped to time
slots on another PCM bus through a cross-connect switch.”
(Col. 10,1L.1-7)

Claim 6 The network device of claim 1, wherein the

instructions further cause the network device to

SIP user agent: “FIG. 2 is a voice processing subsystem 200
of a MAC of an embodiment of the present invention. The

Base System-— Chung discloses a network device

for a packet network
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provide a SIP user agent to rep
that uses the telephone line interface.

k ing system that provides kernel
services, network services and routing capability comprises
the voice processing subsystem 200... (Col. 7, IL. 24-28).”

Known Technique— A person having ordinary
skill in the art in 2001 would have been well-
aware of SIP technology since it became an
Intenet Engineering Task Force (IETF) standard
in 1999 as RFC 2543. Osterhout teaches a SIP
user agent (o represent a non-SIP telephone and a
SIP proxy server that mediates all SIP
communications.

For example, Osterhout states: “If the criteria are
met, the control module 126 may set up the
inder of the Y to establish a
SIP-based ion o a recipi feph
device 120. The control module may invoke SIP
module 122 and SIP stack 124 to transmit, receive
puse SIP commands, 2 Transfer Control
Protocol/Intemet Protocol (TCP/IP) client 130 for
Internet or other network interface, and a Real
Time Protocol (RTP) stack 134 to manage
sreaming media and other information for call
processing.™ Col. 4,1. 65 - Col. 5 - L. 6.

Osterh lains the need for p Iy
sclecting SIP-based, POTS, or other telephone
service: “In o further embodiment, the telephone
device itself may be both POTS and SIP enabled,
in which case the base of the device contains both
telephone (RJ-11 or other) connections plus 8
eetwork connection or port for SIP, with control
logic residing in the telephone device and oo
computes o other host being necessary. In a yet
further embodiment, the telephone device may
contain cantrol logic and connections for each of

DALOL:994175.1
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POTS USB and SIP for maximum connecuvxty "

Improved System—A person having ordinary
skill in the art in 2001 would have considered it
obvious to modify the base system of Chung to
include  these  well-known claimed SIP
components and apply the well-known techniques
taught by Osterhout, for cxample, to enable the
telephones in Chung 10 participate in SIP-based
telephony systems.

Tk T

Clat

A method for lishing a voi pack

and config of the MAC of one

, the method

data from a plurality of network devices ;

/

is designed to be ible with existing
network router management systems. As such, three types of
conf), gurnuon mtcrfaces are pmvndod. wherein the
d line i
H'ITP based configuration servet nnd a SNMP-based MIB _,
The SNMP MIB allows management of the MAC

s
a

and an entry creation timestamp, but the embodiment
limited. The preference-order defines an explicit selection
priority that should be give to each table entry. The last use
timestamp tracks the last time 2 call was routed to the entry
The last use ti in tracking full

calls and call attempts, is an impontant attribute in dm it
allows load balancing.” (Col. 26, il. 17-26)
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T — bodi is designed to be ibl wxlhcxusung
network router managemem systems. As such, three types of
\ are P Ay whmm ﬂ"
conﬁgumuon mlcrfaces comprise a cornmand line-i
figuration s mda SNMP-based MIB
gement of the MAC from
YMP numgexs. hul the embodiment 13 G0t so
/ 17,11.6-13).
| \
A B ST S RS -
Claim 15 The method of claim 13, wherein the routing of SIP signaling: “FIG. 2 is a voice processing subsystem 200 Base Synem— Chung dlscloses a network device
lephone calls includes SIP signali oh MAC ofan embodiment oflhe present invention. The for i ket network
P ng system that provides keme) (e.x.. MAC 100).
services, network services nnd routing capablhly comprises
the voice processing subsystem 200... (Col. 7, II. 24-28).” Known Technique—— A person having ordinary
skill in the art in 2001 would have been well-
aware of SIP technology since it became an
Internet Engineering Task Force (IETF) standard
in 1999 as RFC 2543. Osterhout teaches a SIP
user agent to represent 8 non-SIP telephone and 8
SIP proxy server that mediates all SIP
communications.
For example, Osterhout states: “If the criteria are
met, the control module 126 may set up. lhc
inder of the yto h a
SIP-based to s i leph
device 120. The control modute may invoke SIP
module 122 and SIP stack 124 to transmi, receive
parse SIP commands, a Transfer Control
Protocol/Internet Protocol (TCPAP) client 130 for
Internet or other network interfece, and a Real
Time Protocol (RTP) stack 134 to manage
DALDI:994275.1 .7
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processing.” Col. 4,1.65-Col. 5-1. 6.

Osterh plains the need for parently
selecting SIP-based, POTS, or other telephone
service: “In a further embodiment, the telephone
device itself may be both POTS and SIP cnabled,
in which case the base of the device contains both
telephone (RJ-11 or other} connections plus a
network connection or port for SIP, with control
logic residing in the telephone device and no
computer or other host being necessary. In a yet
further embodiment, the telephone device may
contain contro! logic and connections for cach of
POTS, USB and SIP for maximum connectivity.”

Improved System—A person having ordinary
skill in the art in 200] would have considered it
obvious to modify the base system of Chung to
include these well-known claimed SIP
components and apply the well-known techniques
taught by Osterhout, for example, to enable the
telephones in Chung to participate in SIP-based

— | telephony systems.

[ CE L

Claim 16

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

SIP proxy server: The MAC supponts analog voice streams
using E&M, FXS, and FXO voice signal standards. (Col. 7,

IL.27)

in operation, an analog voice port or digital voice port

provides a voice signal to the Voice Signal Process module
202. The Voice Signal Process module 202 translates the

voice signal 0 a call setup message. (Col. 7, 1. 29-32),

Base System— Chung discloses a network device
for blishi a ¥ packet network

architecture (e.g., MAC 100).

Known Technique— A person having ordinary
skill in the art in 2001 would have been well-
aware of SIP technology since it became an
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T N o pal AT 5 200
Interet Engineering Task Force (IETF) standard
in 1999 as RFC 2543. Osterhout teaches a SIP
user agent to represent a non-SIP telephone and a
SIP proxy server that mediates all SIP
communications.

For example, Osterhout siates: “If the criteria are
met, the control module 126 may set up the
inder of the Y to establish a
SIP-based 10 2 recipi leph
device 120. The control module may invoke SIP
module 122 and SIP stack 124 to transmit, receive
parse SIP commands, a Transfer Control
Protocol/Intemet Protoco! (TCP/IP) client 130 for
Internet or other network interface, and a Real
Time Protocol (RTP) stack 134 to manage
streaming medis and other informstion for call
processing.” Col. 4, L. 65-Col. 5- L. 6.

Ostert plains the need for p ly
selecting SIP-based, POTS, or other telephone
service: “In a further cmbodiment, the telephone
device itself may be both POTS and SIP enabled,
in which case the base of the device contains both
telephone (RJ-11 or other) conncctions plus a
network connection or port for SIP, with control
logic residing in the telephone device and no
computer or other host being necessary. In s yet
further embodiment, the telephone device may
contain control logic and connections for each of
POTS, USB and SIP for maximum connectivity.”

Improved System—A person hsving ordinary
skill in the ert in 2001 would have considered it
obvious to modify the base sysiem of Chung to

DALD1:994275.1
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include these well-known claimed SIP
components and apply the well-known techniques
taught by Osterhout, for example, to cnable the
telephones in Chung to participate in SIP-based
telephony systems.
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202. The Voice Signal Process module 202 translates the
voice signal to & call setup message. (Col. 7, 11. 29-32).

P ing appli in resp
aawork signaling events or trigger
points (call setup'procedure),

The call setup procedure comprises calling the Voice Channel
Manager 206 to allocate a DSP for connection to the
receiving voice port via the PCM bus. Further, the call setup
procedure signals the Voice Signa! Process module 202 to
enable the allocated DSP to start the DTMF sampling for the
dialing digits. Upon collection of enough digits by consulting
the dial-mapper 208, a sctup message is provided to the
Tandem Switch Module 210. The Tandem Switch

the call p il licatis i ding

1o parameters d:fwmenririn the scrvricc pro“ﬁles

dialing; and tzndem switching. (Col. 15, 1. 63-Col. 16, 1. 3).

wherein the network deviceensists of one or
more customer premj uipment modules
ts to a PBX 198).

“The MAC of an embodiment comprises two PIMs that are
used for network access, the DVM end AVM. The DVM,
functionally cquivaleat to the MTM, provides connectivity to
a digital private branch exchange 198 or channel bank. The
voice channels can be either mapped to time slots on the
primary PCM bus for voice compression or mapped 0 tire
slots on another PCM bus through a cross-connect switch ™
{Col. 10, 11.1-7)

SIP user ageat: “FIG. 2 is a voice processing subsystem 200

Clzim 6 The network device of claim 1, wherein the Base Syst. Chung disck 2 rk device
instructions further cause the nerwork device to of a MAC of an ecmbodiment of the present invention. The for lishing a packet !
DALOI:99M9T2.1 3.
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provide a SIP user agent to repi
that uses the elephone line interface.

P

services, network services and routing capability comprises

the voice processing subsystem 200... (Col. 7, 1I. 24-28)."

hi (e.g., MAC 100)

Known Technique— A person having ordinary
skill in the art in 2001 would have been well-
aware of SIP technology since it became an
Internet Engineering Task Force (IETF) standard
in 1999 as RFC 2543, Wengrovitz teaches a SIP
user agent to represent a non-SIP telephone and a
SIP proxy server that mediates all SIP
communications.

For example, Wengrovitz states: “Switching
device 50 is prefembly a pnvnu branch exchange
(PBX) unit g and outgoing calls
for a particular location. Swnchmg device 50
mcludes an emulation client 50a for converting

g SIP into PBX and

going PBX into SIP Inits

simplest form, the emulation client 50a takes the
role of a UAC 15 in the data communication
nctwork According to one cmboduncnt of the

, the ion client 50a is impl
asa soﬁwm program executing on the internal
PBX processor.” Wengrovitz, Col. 4, II. 11-21.

w i lains the need for enab),

telephcna to make and receive SIP calls:

g legacy

“there is a need in the current ant for a system and .
method for enabling legacy telephones to
participate scamlessly in SIP-based telephony
systems. Such a system and method should allow
legacy telephones to seamlessly make and receive
SIP calls with other legacy telephones as well as
with teleph with SIP functionality without

DALD):994972.1
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requiring that such Iegncy lelephoncs be cquxpped
with their own SIP stack.”

Improved System—A person having ordinary
skill in the art in 2001 would have considered it
obvious to modify the base system of Chung to
include these  well-known claimed SIP
components and apply the well-known techniques
taught by Wengrovitz, for example, to enable the
telephones in Chung to participate in SIP-based
telephony systems.

< R SRS

Cla A method for ishing a voit k

rk architecture, |he method compnsmz

locating a systeny ement platform in a

data from a plurality of network devices ; a

and conf} ion of the MAC of one
is designed to be compatible with existing
network router management systems. As such, three types of
conﬁgmnon m!ctfuces arc provided, wherein the
[ d line i
H'I'I'Pbasedwnﬁgunnonmcr and 8 SNMP-based Ml
The SNMP MIB allows management of the M
o limited. (Col

hod:

s

informaticn elements

The
last-use timestamp compmes 8 last updaw to eotrytimestamp
and an entry ti but the embodi is not

limited. The preference-order defines an explicit selection
priority thai should be give to cach table entry. The last use
umdmmpnchlhelaslnm:anllwnmuwdmthcumy.

The last use ¢ in mkmg fully
/ calls and call is an imp ib m(hax it
DALOIFMITLI -$5-
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/

Managcmcm and conﬁgumuon of the MAC of one

is designed to be with existing
nelwurk router management systems. As such, h P

[] command lme interface, a
d v nd a SNMP-based MIB ...

P MIB allows mnmgcmcnl of the'w

SNMP mangers, but the embodiment is not so limited. (Cat:

17,1. 6-13).

Part of Paper No. 20090402

Claim 15 The method of claim 13, wherem the routing of SIP signaling: “FIG. 2 is a voice processing subsystem 200 Base Symm—Chung dtscloscs a network device
tephone calls includes SIP 1 nfa MAC ofm embodiment of the present invention. The for blishi packet network
ing system that provides kernel hi (eg MAC 100).
services, network services and routing capabxlny comprises
the voice processing subsystem 200... (Col. 7, 1I. 24-28).” Known Techaique— A person having ordinary
skill in the art in 2001 would have been well-
aware of SIP technology since it became an
Internet Engineering Task Force (JETF) standard
in 1999 as RFC 2543. Wengrovitz tcaches a SIP
user agent to represent a non-SIP telephone and a
SIP proxy server that mediates afl SIP
communications.
For example, Wengrovitz states: “Switching
device 50 is prefcmbly a pnvate branch exchange
{PBX) unit g and calls
for a particular location. Swnchmg device 50
mcludes an emulation client 50a for converting
g into PBX and
going PBX into SIP Inits
DALOI:994972.1 -7-
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simplest form, the emulation cllcnl 509 mks the
role of 2 UAC 15 in the data communication

A i had:

g 10 one of the
invention, the cmulmon client 50a is implemented
a5 a software program executing on the interal
PBX processor.” Wengrovitz, Col. 4, 11. 11-21.

the need for enabli
tclephonea 1o make and receive SIP calls:

g legacy

“there is a need in the current art for a system and
method for enabling legacy telephones to
participate seamlessly in SIP-based telephony
systems. Such a system and method should allow
legacy telephones to seamlessly make and receive
SIP calls with other fegacy telephones as well as
with teleph with SIP functionality without
requiring that such legacy telephones be equipped
with their own SIP stack "

Improved System—A person having ordinary
skill in the ant in 2001 would have considered it
obvious to modify the base system of Chung to
include these  well-known  claimed  SIP
components and apply the well-known techniques
taught by Wengrovitz, for example, to enable the
telephones in Chung to participate in SIP-based
telephony systems.

Claim 16 The method of claim 13, wherein the storage

medium further stores processor-executable

SIP proxy server: The MAC supports anslog voice streams
using E&M, FXS, and FXO voice signal standards. (Col. 7,

Base System—Chung discloses a network device
Lons " o N

for g a pa

DALDI:994972.1
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Instructions to act as an SIP proxy server for
devices using the telephone line interface and for
devices using the computer data interface.

1. 2-7)

In operation, an analog voice port or digital voice port
provides a voice signal to the Voice Signal Process module
202. The Voice Signal Process module 202 transletes the
voice signal to a call setup message. (Col. 7, 11. 29-32).

Part of Paper No. 20090402

oy ey

architecture {e.g., MAC 100).

Known Technique— A person having ordinary
skill in the art in 2001 would have been well-
aware of SIP technology since it became an
Intemet Engineering Task Force (IETF) standard
in 1999 as RFC 2543. Wengrovitz teaches a SIP
user agent to represent a non-SIP telephone and a
SIP  proxy server that mediates all SIP
communications.

For example, Wengrovitz states: “Switching

device 50 is preferably a private branch exchange

(PBX) unit ing i ing and outgoing calls

for a particulsr location. Switching device 50

includes an emulation client 50a for converting

i i into PBX and
going PBX into SIP Inits

simplest form, the emulation client 50a takes the

role of a UAC 15 in the data communication

network. According to one embodiment of the

i ion, the lation client 50a is impl

as a software program executing on the internal

PBX processor.” Wengrovitz, Col. 4, 1. 11-21.

Wengrovitz explains the need for enabling legacy
telephones to make and receive SIP calls:

“there is a need in the current ant for a system and
.method for enabling legacy telephones to
panticipate seamlessly in SIP-based telephony
systems. Such a system and method should allow
legacy telephones to scamlessly make and receive
SIP calls with other legacy telephones as well as
with teleph with SIP functionality without
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with their own SIP stack.”

Improved System—A person having ordinary
skill in the art in 2001 would have considered it
obvious to modify the base system of Chung to
include these well-known claimed SIP
components and apply the well-known techniques
taught by Wengrovitz, for example, to ensble the
telephones in Chung to participate in SIP-based
telephony systems.
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202. The Voice Signal Process
voice signal to a call setup message. (Col. 7, 11. 29-32).

Part of Paper No. 20090402

call p ing application in resp
actwork signaling events or trigger

The call setup procedure comprises calling the Voice Channel
Manager 206 to allocate 8 DSP for connection to the
receiving voice port via the PCM bus. Further, the call setup
procedure signals the Voice Signal Process module 202 to
enable the allocated DSP 10 start the DTMF sampling for the
dialing digits. Upon collection of enough digits by consulting
the dial-mapper 208, a setup message is provided to the
Tandem Switch Module 210. The Tandem Switch

the call p i licati i di

to parameters deﬁncarin the scrvrice pro?lles

diating; and tandem switching. (Col. 15, 1. 63-Col. lé, 1.3p

wherein the network devicg edfisists of one or
more customer premi; uipment modules
to a PBX 198).

“The MAC of an embodiment comprises two PIMs that are
used for network access, the DVM and AVM. The DVM,
functionally equivalent to the MTM, provides connectivity to
a digital private branch exchange 198 or channel bank. The
voice channels can be either mapped to time slots on the
primary PCM bus for voice compression or mapped to time
slots on another PCM bus through a cross-connect switch.”
(Col. 10,11 1-7)

S g e

G

Claim 6 The network device of claim |, wherein the

instructions further cause the network device to

SIP user agent: “FIG. 2 is a voice processing subsystem 200
of a MAC of an embodiment of the present invention. The

Base System—Chung discloses a network device
for establishing a voice-over-packet network

DALD1:994973.1
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s IS

provide a SIP user agent to represent a telephone
that uses the telephone line interface.
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intemetwork system that p: kemel
services, network services and routing capability comprises
the voice processing subsystem 200... (Col. 7, ll. 24-28).”

hi (e.g. MAC 100).

Known Technique— A person having ordinary
skill in the art in 2001 would have been well-
aware of SIP technology since it became an
Internet Engineering Task Force (IETF) standard
in 1999 as RFC 254). Girard teaches a SIP user
agent (SIP User Agent in the softswitch utilizing
the SIP signaling pathway established for initial
call setup) to represent a non-SIP lelephone and a
SIP proxy server that is a concatenation of a UAC
and UAS.

For example, Girard states that the Application
Server includes & SIP Proxy Server as defined by
prosecuting counsel for the ‘519 Patent: “Using a
SIP User Agent Client (UAC), telephony
applications running on the APPLICATION
SERVER may create connections between any
two network endpoints in any coanectivity domain
(IP, ATM, PSTN, ctc.) that is addressable by the
SOFTSWITCH and the MGs under its control.
The APPLICATION SERVER also contains a SIP
User Agem Server (UAS).” Girard, Figure 2;
Pages 1 and 6.

Girard explains the need for ensbling legacy
telephones to make and receive SIP calls:

“this SIP-Telephony Service Interface (SIP-TSI) is
capable of supporting a level of telephoay

pplication functionali with Time
Division Multiplex device interfaces used in
legacy PSTN voice and facsimile telephony
2pplications.” Girard, Page 1.

DALD1:994973.1
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Improved System—A person having ordinary
skill in the ant in 2001 would have considered it
obvious to modify the base system of Chung to
include these well-known claimed SIP
componrents and apply the well-known techniques
taught by Girard, for example, to enable the
telephones in Chung to participate in SIP-based
telephony systems.
- G e e e s
?linmu\ A method for esiablishing a voi " M and configuration of the MAC of one
work architecture, the method compnsmg bodi is designed to be compatible with existing
network router management systems. As such, three types of
configuration interfaces are provided, wherein the
configuration interfaces comprise a command line interface, a
HTTP-based configuration server, and a SNMP-based MIB
data from a plurality of network devices ; The SNMP MIB allows managemeat of the MAC
P mangers, but the embodiment is ny imited. (Col.
and an entry creation timestamp, but the embodiment ¥
limited. The preference-order defines an explicit selection
priority that should be give to each table entry. The last use
timestamp tracks the last time a call was routed to the enlry
The last use t p, in tracking full
calls and call isan ib m that it
allows load balancmg (Col. 26 1. 17-26)
DALOI:S94973.1 .5
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b d d to be ible with existing
network router management sysiems. As such, three types of
canﬁgumuon mlcrfuces are provided, wherein lhe

compnse a d li rfave; 2

MP mangers, bux lhc cmbodmcmu BT
|7 1L, 6-13).

Claim 15 Thc method of claim 13, wherein the routing of SIP signaling: “FIG. 2 is a voice processing subsystem 200 Base System—Chung discloses a network device
hone calls includes SIP signali ol' aMAC of an embodiment of the present invention. The for establishing a voice-over-packet network
fiy perating system that provides kernel hi (e.g., MAC 100).

services, netwnd( services and n routing cnpabllny comprises
the voice processing subsystem 200... (Col. 7, Il. 24-28)." Known Technique— A person having ordinary
skill in the art in 200) would have boen well-
aware of SIP technology since it became an
Intemet Engineering Task Force (IETF) standard
in 1999 as RFC 2343. Girard teaches a SIP user
agent (SIP User Agent in the softswitch utilizing
the SIP signaling pathway established for initial
call setup) to represent a non-SIP telephone and a
SIP proxy server that is a concatenation of 8 UAC
and UAS.

For example, Girard states that the Application
Server inchudes a SIP Praxy Server s defined by

prosecuting counsel for the *519 Patent: “Using a
SIP User Agent Client (UAC), telephony
spplications running on the APPLICATION
SERVB( my crcaxe oonnecuom betwem any

in any y domain

([P,ATM PS‘!'N etc.) that is addressable by the

DALDI:934970.1 -7-
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SOFTSWITCH and the MGs under its control.
The APPLICATION SERVER also contains a SIP
User Agent Server (UAS).” Girard, Figure 2;
Pages 1 and 6.

Girard explains the need for enabling legacy
telephones to make and receive SIP calls:

“this SIP-Telephony Service Interface (SIP-TSI) is
capable of supporting a leve! of telephony

lication functionality with Time
Division Multiplex device interfaces used in
legacy PSTN voice and facsimile telephony
applications.” Girard, Page 1.

Improved System—A person having ordinary
skill in the ant in 2001 would have considered it
obvious to modify the base system of Chung to
include these  well-known clasimed SIP
components and apply the well-known techniques
taught by Girard, for example, to cnable the
telephones in Chung to participate in SIP-based
telephony systems.

Claim 16 The method of claim 13, wherein the storage SIP proxy server: The MAC supports analog voice streams | Base System—Chung discloses a network device
medium further stores processor-executable using E&M, FXS, and FXO voice signal standards. (Col. 7, for blishing a i r-packet rk
Instructions to act as an SIP proxy server for 1. 2-7) architecture (e.g., MAC 100).
devices using the telephone line interface and for " " I . 1t or digital voi "
devices using the computer data interface. 1 operetian, &1 402 0g voice port or CigIa] voice pol Known Technique— A person having ordinary
provides a voice signal to the Voice Signal Process module - ?
s skill in the ant in 2001 would have been well-
202. The Voice Signal Process module 202 translates the o ¢ SIP technol si it
voice signal to a call setup message. (Col. 7, Ul 29-32). ware o ogy since i an
DALOL:954973.1 -8-
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Intemet Engineering Task Force (IETF) standard
in 1999 as RFC 2543. Girard teaches a SIP user
agent (SIP User Agent in the softswitch utilizing
the SIP signaling pathway cstablished for initial
call setup) to represent a non-SIP telephone and a
SIP proxy server that is a concatenation of a UAC
and UAS.

For example, Girard states that the Application
Sexrver includes a SIP Proxy Server as defined by
prosecuting counsel for the ‘519 Patent: “Using a
SIP User Agent Client (UAC), telephony
applications running on the APPLICATION
SERVER may create connections between sny
two rk endpoints in any ivity domain
{IP, ATM, PSTN, etc.) that is addressable by the
SOFTSWITCH and the MGs under its control.
‘The APPLICATION SERVER also contains s SIP
User Agent Server (UAS)." Girard, Figure 2;
Pages 1 and 6.

Girard explains the need for enabling legacy
telephones to make and receive SIP calls:

“this SIP-Telephony Service Interface (SIP-TSI) is
capable of supporting a level of telephony

lication functionali with Time
Division Multiplex device interfaces used in
legacy PSTN woice and facsimile telephony
applications.” Girard, Page 1.

Improved System—A person having ordinzry
skill in the art in 2001 would have considered it
obvious to modify the base system of Chung to
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include  these well-kmwn claimed  SIP
components and apply the well-known techniques
taught by Girard, for example, to ensble the
telephones in Chung to participate in SIP-based
telephony sysiems,
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A network device (gateway 18, 18) comprising: a broadband network interface
(TP interface 38); a plurality of communication interfaces, including a telephone
line interface (telephony interface 36) and a computer data interface (Interface
that integrates dial plan mapper 20 to a variety of existing IP hosts);

The invention relalm to telephone systems and more paruculnrly to a dial plan
mapper used for routing telephone calls to diffe networks. Col. 1,
1. 4-5.

The dial plan mapper 20 can be integrated into a variety of existing IP hosts such
[as) VoIP routers, Voice over Frame Relay (VoFR) routers, and H.320/H.323
gateways. Other types of telephony systems connected to the IP nctwork 22 may
also use the dia) plan mapper 20 and also come within the scope of this invention.
Col. 3,1 16-18.

“Telephones 14 are coupled cither directly or through a PSTN 16, PBX 30, etc.
telephony interface 36 to the session application 34. The telephony interface 36
consists of wh circuitry ab the signaling part of the teleph
hardware attached to the gatewsy.” Col. 3, Il. 30-35.

[ ing y 18, 28);

“FIG. 2A is a detailed diagram of one of the gateways 18 or 28 in the telephone
system shown in FI1G. 1. The gateways 18 and 28 include a session upphcnuon 34
that ds to telephone calls. For le, session applications may comp
an integrated voice response system or a phone call routing system. These session
applications are generally well known and therefore, not described in further
detail.” Col. 3, 11. 24-30.

hi FRR) 4;

Aahl

a storage
storage that stores p
ageats (dial plan mapper 20)

that stores p h
ble i to provide SIP

The dial plan mapper 20 can be integrated into a variety of existing IP hosts such
fas] VoIP routers, Voice over Frame Relay (VoFR) routers, and H.320/H.323
gateways. Other types of telephony systems connected to the [P network 22 may
also use the dial plan mapper 20 and 2lso come within the scope of this invention.
Col. 3, 1L 16-18.

the instructions causing the network device to provide a SIP user agent to
P 8 non-SIP telephone (hat uses the telephone line interface (dial plan
mapper 20), end the instructions further causing the network device 10 impl

FIG. 2A is 3 detailed diagram of one of the gateways 18 or 28 in the telephone
system shown in FIG. 1. The gateways-18 and 28 include a session application 34

a SIP proxy server (session app 34) that all SIP
over the broadband network interface involving the non-SIP telephone.

that respy to telephone calls. Col. 3, IL. 24-27.

Telephones 14 are coupled either directly or through a PSTN, PBX 30, etc.
wlephanymcrfwclsmrheumounpphuncnu The telephoay interface 36
consists of wh circuitry ab the signaling part of the teleph
hardware attached to the gateway. ’IheanuwurkZZucwpkdthrwghm[P

DALDL9942TT.2
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interface 38 to lhc session npphcmon 34 The session application 34 provides
call lati the rface and the [P interface 38. Col. 3, 11

31-39.

FIG. 4 shows a call coming through a local telephone 14 or a telephony interface
such as an FXS, FXO, PBX trunk, ctc. The scssion application 34 begins
lmemng for a dial string when informed of a telephone off-hook condition by a

) hony driver in telephony interface 36.... Each time a digit 40 arrives, it is
nppended to an accumulated dial string 42, and the dial plan mapper 20 returns
cither a match or an indication that the dial string cannot possibly match an
entry... The dial plan mapper querics the configuration database 32 for the longest
match 44. The match pattern 44 ... is used as an index to identify nssocmled
configuration information 46. The scssion application 34 uses the

session protocol, and session target from the configuration information 46 to
initiate a session with a destination for the presented dial string 42, as phone 15
on IP network 22. Col. 4, 1I. 43-65.

The session application can also process Session [Initiation] Protocol
(SIP)invitations, and if the invited user is reachable from one of the local
telephony interfaces, the user is called and an attempt is made to connect him to
/ the conference. Col. 6, 1. 14-18.

See FIG. 6 showing SIP as one of the available session protocol options.

FIG. 6 is a table showing the different i mpuu and outputs of thc du! plan mapper
20. Col. 7,11.4-5 .. Sessnon _p what call

p to use for ing with the call destination. Col. 7, 1l. 38-39.

Claim 10 The network device of claim 9, wherein the computer data interface passes IP “The dial plan mapper allows normal cm:un-swn:hed telephones to be used with
data. VolIP and allows existing dialing 1o be used unchanged. As far as the
dial plan mapper is concermned, there is no difference between a call originated
locally on a phone connected to a host containing the dial plan mapper and a call
- . originated through a PBX or PSTN switch connected to the host via cither analog
or digital trunks. When calls lmve ower the IP n:twork, the dial plan mapper
maps from the destinati hone number provided in the session protocol

(usually an E.164 number) to the proper local interface (local FXS line or
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vice of claim 9, wherein the plurality of interfaces includes a video Tbe dxnl plan mapper 20 can be integrated into a varie
streaming device interface. (as} VoIP routers, Voice oFR) routers, and H. 320/H.32]
T types of telephony systems connected to the IP network 22 may

’ ia] plan mapper 20 and also come within the scope of this invention.
) Cal. 3, 1. 16-18.
/ . Te— e T v ‘~
B L D RN 3 : . o » - L .

Claim 12 The neiwork device of claim 9, wherein the network device is conmned ina Gatewny 18 is inedina smgle hysical encl Figure 2A.
single physical enclosure.

 Claim 1T
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protocol options.

is 3 table showing the different iny
the dial p! 3 3 =5 .., Session _ protocol
indicates what call-establishment procedure to use

communicating with the call destination. Col. 7, 11. 38-39.

Claim 11

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

The dial plan mapper 20 can be integrated into a variety of
existing IP hosts such {as] VoIP routers, Voice over Frame
Relay (VoFR) routers, and H.320/H.323 gateways. Other
types of telephony systems connected to the IP network 22
may also use the dial plan mapper 20 and also come within
the scope of this invention. Col. 3, 1. 16-18.

To the extent that Oran does not explicitly teach a
video streaming device interface,

Osterhout {U.S. Patent 7,197,029) teaches
interfaces for a telephone that make use of audio,
video, and other media. Col. 6, 11. 1-5.

Osterhout explains the need for video interfaces in
network devices for video conferencing:

“The native media applications may likewise
include an audio/visual module 134b, such as an
audio management tool such as an MP3 codes,
RealAudio or other package. A video management
tool such as Avid, RealVideo or other packages or
protocols may also be used for video
leconferencing or other appli if the USB
telephone 102, host computer 106 or other
resources are equipped with video input. Video or
combined audio/video streams again may be
output over data network or telephony links. Other
ltimedi lications are ible.” Col. 5, 1.

62 -Col. 6,1. 5.

Therefore, it would have been obvious to one
skilled in the art at the time the invention was
made to utilize Osterhout’s video streaming device
interface in Oran to provide an interface for video

DALO1:994278.1
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A mclhod for establishing a
comprising:

locating a system management plalform ln a shared packel network (Master
Server 6), the system p llecting call log data from a
plurality of network devices ; and

Master-Server 6 is a system management platform with layers for managing calls.
Figure 3; Col. 6, 1). 44-51

“The [PCenter preferably records usage and billing information, and, as described
above, reports billing information to the Master-Server, or to a separate billing
unit associated with the master server. In addition 10 usage and billing
information, the IPCcnlcr may report Qualny-of -Service (QoS) information, and
in some cases ion, status information of
connected devices and olher information as may be defined.” Figure I; Col. 8, I\,
5461,

ing the p

ity of k devices (IP Centers 2) that each include

a telephone line interface,
a computer data interface,

a broadband network interface terminating a link from the shared packet network,
(TP Centers 2 include a telephone kne interface, o data | i

IPCenter 2 includes a number of interfaces for devices i ing a
telephone line interface, a computer data interface, and a broadband network
interface. ““The [PCenter preferably has a plurality of interfaces and connections.
A WAN interface 19 may be used to connect to the Internet using cable, satellite,
cellular, wireless, power lines or dial up modem, and a LAN interface 20 may
connect the unil to 8 local area network such as LAN 3¢ of FIG. 2. The IPCenter
unit preferably has a number of interfaces 21 for individual kinds of
communication devices e.g. audxo, telephone, video and data and may addmnmlly
prise & number of physical interfaces 22 for card readers, ItDA, appliznces

and a broadband network interface terminating a link from Internet §)

/0, display and others physical devices.” Figure 4; Col. 7, 11, 9-19.

a processor (CPU 13);

CPU 13 (Figure 4).

hi, dahl, i hl

storage storing p instructions to
control telephone calls (Memory 15 and software to control telephone calls),

IPCenter 2 includes memory 15 and software to control telephone calls. “The
IPCenter further comprises software to perform and manage the various [PCenter
activitics, as well as memory 15, a security system 16, backup unit 17, and 8
converter unit 18, which is able to carry out D/A and A/D conversions.” Figure 4;
Col. 7, 11. 5-9.

the instructions causing cach network device to route telephone calls in 8 peer-to-
peer fashion over the shared packet. and to send call log data to the system
management platform (IPCenter 2 routes teleph calls in a peer-to-p

IPCenter 2 routes telephone calls in a peer-to-peer fashion and sends call log data
to Master Server 6.

DAL01:994974.1
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Claim 14

fashion and sends data to Master Server 6).

R

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

wu:less, power lines or dial up modem. Flgure 4; CoL 7 n.9-12.

“The IPCenter of the above embodiments is thus able 1o use IP addresses received
from the central unit to support End-to-End or peer to peer communication.
Subscribers are thereby ensbled to make direct connections to each other, thus
avoiding the need to make use of Intermediate servers.” Col. 7, I1. 20-24.

“The [PCenter preferably records usage and billing information, and, as described
above, reparts billing information to the Master-Server, or to a separate billing
unit sssociated with the master server. In addition to usage and billing
information, the [PCenter may report Quality-of-Service (QoS) information, and
in some cases connectivity monitoring information, status information of
connected devices and other information 2s may be defined.” Figure {; Col. 8, IL.
54-61.

“The IPCenter preferably has a plurality of interfaces and connections. A WAN
interface 19 may be used to connect to the Internet using cable, satellite, cellular,

&R

T s . T 3
The method of claim 13, wherein the plurality ofnzlwork dcvum each furlhzr
include a video streaming device interface.

connzcuontobcformedusmxthcl?addrcuobumd Col. 5, ll6-12

“The present embodiments provide a peer to peer conﬁgmuun for
communication using any kind of media. The configuration uses querying to
obtain an IP address from a central server, and then allows for a direct peer to peer

“Pnfenbly. said nx!mnber electronic devices are any one of a group comprising:
a magnetic card reader, a smart card reader, a securily sensor, 8 meter, an

electronic utility, a video camera, a television, a Wireless device including a
Bluetooth or other wutlc:s loul loop dcvwc. [ tclcphnne, 8 fax machine, a
cellutar teleph ital p nputer and a desktop
computer.” Col 2, ll. 54-60.
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A method for blishi ket network the method

comprising:

a P

locating a system management platform i m a slwed packcl network (IP central
station 200), the system ing call log data from a
plurality of network devices ; and

For :xnmple. Kung teaches an lP centrnl station 200 um stores a call log: “The
present invention may include an activity log that may have user proactive bill
management capability and be used in the aforementioned broadband
communication system. The activity log may log, for example, incoming calls
directory numbers (DNs) and outgoing call DNs in a database. The database
containing the activity log may be provided at 2 central system location, such as
the at IP Central Station 200.” Col. 31, Ul. 10-17.

distributing the plurality of network devices (BRG 300) that each include

a telephone line interface,
a computer data interface,
& broadband network interface terminating a link from the shared packet network,

(BRG 300 includes & telephone line interface, a computer data interface, and
 brozdband retwork interface)

BRG 300 includes 2 number of interfaces for devices i

line i a data interface, and 3 broadband network
mlerfacc “Again referring to FIG. 1,.the broadband network 1 may include one
or more customer premises equlpmem (CPE) units 102. The customer premise
102 may be variously configured. In one the
premise equipment 102 may include one or more local control devices such as a
broadband rcsxdemul ptewny {BRG) 300. Although the brozdband residential .
gateway is p d in a resid for many aspects of the invention, in
exemplary emboduncnu. it may also be disposed in a business or other location.
The broadband residential gateway 300 may be variously configured to provide
one or more mlegnted communication interfaces to other devices within the

p 102 such as televisions (TV), p |

{PC), plmn old (elephone system (POTS) phone(s), wdeo phones ir enahled
phones, and other devices. For le, the broadb id | gateway 300
may provide one or more telephone port connections (e.g., plain old telephone
system), Ethernet ions, coaxial ions, fiber distributed data interface
{FDDJ) connections, wireless local area network (LAN) connections, firewire
connections, and/or other connecuons to a plurality of devices such as plain old

telephones, [P based phones, tel , €.g., cable tel (CATV)
set top devices, televi: , digital tel, , higl h definition televisions
(HDTYV), video phones, and other devices..” Figure 1; Col. 4, I). 34-59; Figure 3.
1a processor {processor of broadband residential computer (BRG 300) or “¢.g., broadband np (BRG), p | p {PC), etc.” Col.
distributed processing controller 306); 2,1.79.
distributed g ller 306 which may be a microprocessor™ Col. 18,
11. 56-47.
DAL01:995354.1 -1-
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8 machine-readable storage medmm storing p
contro! telephoae calls (memory 322),

"mmory 322 {cg., DRAM, RAM flash, and/or oxhu mcmnry)" Col. 18, Il 46-
47.

Claim 14

DALO01:995354.1

the instructions causing each network device to route telephone cails in a peer-to-
peer fashion (BRG 300 routes calls in a peer-to peer fashion over IP Network
120) over the shared packet, and to send call log data to the system menagement
platform (IP central station 200).

Themdhodofchlm 13, wherein for each device the broadband network interface
terminates a link from the shared packet network.

Kung teaches an [P ceatral station 200 that stores a call log: “The present
invention may include an activity log that may have user proactive bill
management capability and be used in the aforementioned broadband
communication system. The activity log may log, for example, incoming calls
directory numbers (DNs) and outgoing call DNs in a database. The database
containing the activity log may be provided at a ceatral system location, such as
the at [P Central Station 200.” Col. 31, 1L 10-17.

Figure 8 of Kung includes an example call log.

The call log is stored at BRG 300 end/or [P central station 200. Col. 32, 11.9-10.

hecrihert,

The system s [
gmwayBOO)recorduhecalllogdmmdforwardsmecnulogdmtoothcr
locations, such as to IP central station 200, for billing purposes as an example.
Figure 8; Col. 35,1. 37 - col. 36, 1. 10.

Ihand reeid 1

"l'heﬂ’networklZOmdlotATMwworil&Smymdudemormmmum
call

lnd/oromadckumrouu. for calls,
and/or
computer data bettveea the various devices in the broadband network | such as
the head-end hub 115, the public switched tetephone network 160, the private
bmnchuchange(PBX)l% aswellnsthzolh:rdevxcuduwssedabova.ln
the i ling in the IP tk 120 may be
d and fi in with one of the Internet protocols. The [P
nﬂwnrkl20myﬂmmcludepmylwmmﬁcemthdnvmnothu
nawurkundlctdmca Flgurel Col. 6,11 3-15.
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The melhod nf claim 13, wherein the shared packet network uses IP protocols.

Claim 19

The method of claim 13, wherein the plurality of network devices cach further

include a video streaming device interface (BRG 300 has a video phone
interface).

‘The IP network 120 and/or ATM network 185 may include one or more routers
and/ur other devices w route, for p hony calls ltimedia calls,
and/or

compum' data belwcen the various devices in lhe broadband nclwork 1 suchas
the head-end hub 115, the public switched telephone network 160, the private
bnmch exchange (PBX) 146 u well as the other devices discussed above. In

d ling in the [P network 120 may be
packcuzcd and formatted i m accordance with one of the Internet pmwcols The IP
network 120 may also include gateways to interface with the various other
networks and/or devices.” Figure 1; Col. 6, 11. 3-15.
z % e AR R .
BRG 300 includes a number of interfaces for ication devices including &
telephone line interface, a computer data interface, and a broadband network
interface. “Again refcn'ing to FIG. 1, the broadband network 1 may include one
or more customer premises equipment (CPE) units 102, m customer premise
cquipment 102 may be variously configured. In one ple, the
premise equipment 102 may include one or more local control devices suchas s
broadband mxdenual galewny (BRG) 300. Although the broadband residential
g y is p posed in a resid for many aspects of the invention, in
exemplary cmbodlmenu it may also be disposed in a business or other location.
The broadband residential gateway 300 may be variously configured to provide
one or more integrated communication interfaces to other devices within the

customer premise equipmaent 102 such as televisions (TV), p |
(PC), plain old telephone system (POTS) phone(s), vxdeo phones. i enabled
phones, and other devices. For le, the broadt gateway 300
may provide one or more telephone port ions (e.g., plain old telcph
system), Eth ions, coaxial ions, fiber distributed data interface
{FDDI) connections, wireless Jocal area network (LAN) coanections, firewire

ions, and/or other jons to a plurality of devices such as plain old
telephones, IP based phones, televisi e.g. cable levision (CATV)
set top devices, televisions, digital televisi high levisi

(HDTYV), video phones, and other devices. "Flgurel Col. 4, 11. 34-59.
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Appendix B3 Examination Guidelines
Appendix C1 Claims 1-19 are anticipated by Osterhout
Appendix C2 Claims 7 and 8 are obvious over Osterhout in view of Chung
Appendix C3 Claims 13-19 are obvious over Osterhout in view of Inbar
Appendix C4 Claims 13-19 are obvious over Osterhout in view of Kung
Appendix D1 Claims 1-19 are anticipated by Wengrovitz
Appendix D2 Claims 7 and 8 are obvious over Wengrovitz in view of Chung
Appendix D3 Claims 2, 11, and 19 are obvious over Wengrovitz in view of Osterhout
Appendix D4 Claim 18 is obvious over Wengrovitz in view of Osterhout
Appendix D5 Claims 13-19 are obvious over Wengrovitz in view of Inbar
Appendix D6 Claims 13-19 are obvious over Wengrovitz in view of Kung
Appendix E1 Claims 1-5, 7, 8, 13, 14, and 17-19 are anticipated by Baratz
Appendix E2 Claims 9-12 are obvious over Baratz in view of Osterhout
Appendix E3 Claims 9-12 are obvious over Baratz in view of Wehgrovitz
Appendix E4 Claims 9-12 are obvious over Baratz in view of Girard
Appendix E5 Claims 6, 15, and 16 are obvious over Baratz in view of Osterhout
Appendix E6 Claims 6, 15, and 16 are obvious over Baratz in view of Wengrovitz
Appendix E7 Claims 6, 15, and 16 are obvious over Baratz in view of Girard
Appendix E8 Claims 2, 11, and 19 are obvious over Baratz in view of Osterhout
Appendix E9 Claims 7 and 8 are obvious over Baratz in view of Chung
Appendix E10 Claim 5 is obvious over Baratz in view of Czajkowski

_Appendix F1 Claims 1-5, 7, 8, 13, 14, and 17-19 are anticipated by Czajkowski
Appendix F2 Claims 9-12 are obvious over Czajkowski in view of Osterhout
Appendix F3 Claims 9-12 are obvious over Czajkowski in view of Wengrovitz
Appendix F4 Claims 9-12 are obvious over Czajkowski in view of Girard
Appendix F5 Claims 6, 15, and 16 are obvious over Czajkowski in view of Osterhout
Appendix F6 Claims 6, 15, and 16 are obvious over Czajkowski in view of Wengrovitz
Appendix F7 Claims 6, 15, and 16 are obvious over Czajkowski in view of Girard
Appendix F8 Claims 7 and 8 are obvious over Czajkowski in view of Chung _
Appendix F9 Claims 13, 14, and 17-19 are obvious over Czajkowski in view of Inbar
Appendix F10 Claims 13, 14, and 17-19 are obvious over Czajkowski in view of Kung
Appendix G1 Claims 1-5, 7, 8, 13, 14, and 17-19 are anticipated by Gerszberg
Appendix G2 Claims 9-12 are obvious over Gerszberg in view of Osterhout
Appendix G3 Claims 9-12 are obvious over Gerszberg in view of Wengrovitz
Appendix G4 Claims 9-12 are obvious over Gerszberg in view of Girard
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of Osterhout

s over Gerszberg in view

Appendix G6 Claims 6, 15, and 16 are obvious over Gerszberg in view of Wengrovitz

Appendix G7 Claims 6, 15, and 16 are obvious over Gerszberg in view of Girard
Appendix G8 Claims 7 and 8 are obvious over Gerszberg in view of Chung

Appendix H1 Claims 1-19 are anticipated by Janning _

Appendix H2 Claims 7 and 8 are obvious over Janning in view of Chung

Appendix H3 Claim 18 is obvious over Janning in view of Osterhout

Appendix H4 Claims 13-19 are obvious over Janning in view of Inbar

Appendix H5 Claims 13-19 are obvious over Janning in view of Kung

Appendix |1 Claims 1-5, 7, 8, 13, 14, and 17-19 are anticipated by Nodoushani
Appendix 12 Claims 9-12 are obvious over Nodoushani in view of Osterhout
Appendix I3 Claims 9-12 are obvious over Nodoushani in view of Wengrovitz
Appendix 14 Claims 9-12 are obvious over Nodoushani in view of Girard

Appendix |15 Claims 6, 15, and 16 are obvious over Nodoushani in view of Osterhout
Appendix 16 Claims 6, 15, and 16 are obvious over Nodoushani in view of Wengrovitz
Appendix |7 Claims 6, 15, and 16 are obvious over Nodoushani in view of Girard
Appendix 18 Claims 2, 11, and 19 are obvious over Nodoushani in view of Osterhout
Appendix 19 Claims 7 and 8 are obvious over Nodoushani in view of Chung
Appendix J1 Claims 1-5, 7, 8, 13, 14, and 17-19 are anticipated by Chow
. Appendix J2 Claims 9-12 are obvious over Chow in view of Osterhout

Appendix J3 Claims 9-12 are obvious over Chow in view of Wengrovitz

Appendix J4 Claims 9-12 are obvious over Chow in view of Girard

Appendix J5 Claims 6, 15, and 16 are obvious over Chow in view of Osterhout
Appendix J6 Claims 6, 15, and 16 are obvious over Chow in view of Wengrovitz
Appendix J7 Claims 6, 15, and 16 are obvious over Chow in view of Girard

Appendix K1 Claims 1-5, 7, 8, 13, 14, and 17-19 are anticipated by Chung

Appendix K2 Claims 6, 15, and 16 are obvious over Chung in view of Osterhout
Appendix K3 Claims 6, 15, and 16 are obvious over Chung in view of Wengrovitz
Appendix K4 Claims 6, 15, and 16 are obvious over Chung in view of Girard
Appendix L1 Claims 9-12 are anticipated by Oran

Appendix L2 Claim 11 is obvious over Oran in view of Osterhout

Appendix M1 Ciaims 13, 14, 17, and 19 are anticipated by Inbar

Appendix N1 Claims 13, 14, 17, and 19 are anticipated by Kung
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