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UNITED STATES DISTRICT COURT

FOR THE EASTERN DISTRICT OF TEXAS

MARSHALL DIVISION
FOUNDRY NETWORKS, INC., § Case No. 2:04CV-40

§
Plaintiff, §

§ JURY TRIAL DEMANDED
V. §
§
LUCENT TECHNOLOGIES INC,, §
§
Defendant. §
§
§
§

FIRST AMENDED COMPLAINT FOR PATENT INFRINGEMENT

TO THE HONORABLE JUDGE OF SAID COURT:

Plaintiff Foundry Networks, Inc. (“Foundry™) for its First Amended Complaint against
Defendant Lucent Technologies Inc. (“Lucent”) hereby demands a jury trial and alleges as
follows:

THE PARTIES

1. Plaintiff Foundry is a corporation organized under the laws of the state of
Delaware with its principal place of business at 2100 Gold Street, San Jose, California 95164.

2. On information and belief, Defendant Lucent is a corporation organized under the
laws of the state of Delaware with its principal place of business at 600 Mountain Avenue,

Murray Hill, New Jersey 07974.
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JURISDICTION

3. This Court has subject matter jurisdiction pursuant to 28 U.S.C. § 1331 and
1338(a) because this action arises under the patent laws of the United States, including 36 U.S.C.
§271 et seq. The Court has personal jurisdiction over Lucent in that Lucent has established
minimum contacts with the forum and the exercise of jurisdiction over Lucent would not offend
traditional notions of fair play and substantial justice. On information and belief, Lucent has
conducted business, solicited customers, and maintained offices and employees in the State of
Texas.

YENUE

4. Venue is proper in this district under 28 U.S.C. §§ 1391 (b) and (c) and 1400(b)
because Lucent is subject to personal jurisdiction in this district. On information and belief,
Lucent has conducted business, solicited customers, and maintained offices and employees in the
Eastern District of Texas. On information and belief, Lucent has committed acts of infringement
in the Eastern District of Texas.

INFRINGEMENT OF U.S. PATENT NO. 6,118,864

5. United States Patent No. 6,118,864 (“the ‘8§64 patent™), entitled “System and
Method For Providing Communication On A Wide Area Network,” was duly and legally issued
on September 12, 2000, to Chang et al. The ‘864 patent constitutes a valid and enforceable
patent solely owned by Foundry, with the right to sue for past infringement. A true and correct
copy of the ‘864 patent is attached hereto as Exhibit A.

6. Lucent makes, uses, sells and offers to sell products that infringe at least one
claim of the ‘864 patent.

7. Lucent also contributes to and/or induces the infringement of at least one claim of

the ‘864 patent.

LON:134168.1
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Lucent’s infringement of the ‘864 patent was, and continues to be, willful.

Foundry has been damaged by Lucent’s infringement of the ‘864 patent and will

suffer irreparable injury unless the infringement is enjoined by this Court.

PRAYER FOR RELIEF

WHEREFORE, Foundry prays for judgment as follows:

(a)
(b)

©

(d)

(e)

LON:134168.1

That Lucent has willfully infringed the ‘864 patent;

That Lucent, its officers, agents, and employees, and those persons in active
concert or participation with any of them, and their successors and assigns be
permanently enjoined from infringement, inducement of infringement, and
contributory infringement of the ‘864 patent, including but not limited to making,
importing, using, offering for sale, or selling any devices or systems that infringe,
or using processes that infringe, the ‘864 patent;

That Foundry be awarded all damages adequate to compensate it for Lucent’s
infringement, such damages to be determined by a jury and, if necessary to
adequately compensate Foundry for the infringement, an accounting, and that
such damages be trebled and awarded to Foundry with prejudgment interest;
That this case be declared an exceptional case within the meaning of 35 U.S.C. §
285 and that Foundry be awarded attorney fees, costs, and expenses that it incurs
n prosecuting this action; and

That Foundry be awarded such other and further relief as this Court may deem

just and proper.

L
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DATED: February Z , 2004 Respectfully submitted,
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/ 74

72 v | ESTABLISH LIVE VOIGE-OVER-IP
. COMMUNICATION

N
76
PLAY A VOICE PROMPT TO INDICATE
A BNA OR BUSY STATUS

FIG. 2A
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DESTINATION TELEPHONE THE SUBSCRIBER WISHES TO CALL

!

72¢
| VALIDATE THE TARGET TELEPHONE NUMBER ENTERED o

!

ACCEPT CALL AT THE BEMOTE CP, PASS THE TARGET TELEPHONE

NUMBER TO THE REMOTE CP’S VOICE COMMUNICATION MODULE, | ~72d

AND HAVE THE CP PLACE T_PEELACECJ)AL CALL TO THE DESTINATION
EPHONE

FIG. 2B

?

PROVIDE AN AVAILABLE TIME SLOT TO THE CALL RECIPIENTAND | ~76a
SEND “LIVE ANSWER” STATUS TO THE CALLING SUBSCRIBER
]

PROVIDE AN AVAILABLE TIME SLOT TO THE CALL RECIPIENT IN 76b
RESPONSE TO THE “LIVE ANSWER” STATUS SENT FROM THE -
CALL RECIPIENT'S CP

]

ESTABLISH VOICE-OVER-IP LINK BETWEEN THE CALLING | ~76¢
SUBSCRIBER AND THE CALL RECIPIENT
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SYSTEM AND METHOD FOR PROVIDING
COMMUNICATION ON A WIDE AREA
NETWORK

BACKGROUNED OF THE INVENTION

1. Field of the lovention

This invention relates to wide area nelwork commurica-
tion. More particularly, the present mvention relates to
providing private branch exchange services on a wide area
neiwork.

2. Background

Private branch exchange {PBX) networks are known. A
typical stand-alone PBX includes a collection of telephone
extensions that transceive telephopne calls 10 and from the
PBX. The PBX is connecied to an ouiside telephone network
such as a public swilch telepbone network (PSTN). The
PBX functions as a ceniral point in which outside phone
calls made through the PBX extensions are funneled for
trapsmoission to and from at least one PSTN line so thal more
than one PBX exiension may be shared with a single PSTN
line. Specifically, the PBX treats each PSTN line connected
to the PBX as a non-dedicated line that may be sequentially
shared to support voice traffic originating from any of the
PBX extensions. Fhis reduces the number of PSTN lines that
would have been required to support each extension if a
PBX was not used. Also, a typical PBX enables a user at one
extension o use features offered by the PBX with another
user at anciher extension supported by the PBX.

However, 2 PBX suffers from the following disadvan-
tages. First, a PBX is limited 1o providing PBX features to
only those users with access to the PBX’s extensions. Users
that do not have access 10 the PBX extensions, such as those
who call in from an cutside line, cannot use the features
offered by the PBX. Tbus, a stand-alone PBX 15 limited o
supporting telephones that are directly connected to a PBX
extension. Second, PBX features must generally be initiated
through special keysiroke sequences that must be known or
memorized by a user when using single line phones, imiting
the usefulness of such featwres since they require user
knowledge and proficiency. Using proprietary phones hav-
ing specialized keys avoids the need for user memonzation
but has the disadvantages of added cost and incompatibility
with other PBX systems.

Accordingly, it would be desirable to provide a telecom-
munjcation platform and network that provides PBX-like
features to every user of a telephone or user engaging in a
telephone call that can be routed through a standard tele-
phone network such as a PSTN.

Moreover, it would be desirable to provide a telecommu-
nication platform and network that provides voice prompt-
ing 1o a wser, enabling the vser to perform petwork services
sach as voice communication simply by following a voice
prompt rather than by memorizing complex keystroke
sequences.

SUMMARY OF THE INVENTION

In = first aspect of the presemt invention, at least one
commupication platform is petworked to a switched
backbone, such as the network commonly referred to as the
Internet, and is configured to communicate with and manage
at least one petwork interface, such as a private branch
exchange (PBX), and a voice communication module so as
to provide telecommunication services that includes voice-
over-IP communication between or among communication
platform users and call-holding, transferring, forwarding,
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conferencing, and the like (PBX-like features). The com-
mumnication platform is petworked through the switched
backbone with other communication platfors. The com-
mupication platform is networked to the switched backbone
through a first petwork interface and to telephone lines
driven by PBX equipment through a PBX network interface
and/or to a telephone compatible netwosk such as a public
switched telephone petwork (PSTN) through a telephone
network interface. Additional network interfaces may be
included to suppor! additional networks such as a local area
petwork separately or in conjunction with other described
networks. The communication platform manages the pet-
work interfaces, the voice communiczation module, and the
PBX cquipment through program control so as 1o provide
telecommunication services which incledes providing voice
communication befween a first user and a second user and
PBX-like featres. Each user may be on different networks
that are networked to the swilched backbone via the network
interfaces.

In a second aspect of the present invention, the commu-
nicalion platform may also provide telecommupication ser-
vices that include multimedia messaging and information
services such as those described in commonly owned and
co-pending U.S. patent application Ser. No. 08/853,290 filed
May 9, 1997, entitled, “APPARATUS AND METHOD FOR
FROVIDING MULTIMEDIA MESSAGING BETWEEN
DISPARATE MESSAGING PLATFORMS,” hereinafler
referred to as the (“mullimedia messaging invention™); and
commeonly owned and co-pending U.S. Patent Applicalion
Serial No.(not yet assigned) filed Oct. 6, 1997, entitled,
“SYSTEM AND METHOD FOR MANAGING MULTI-
MEDIA MESSAGING PLATFORMS,” hereinafter referred
to as the (“managing multimedia messaging invention™).
‘The complete disclosure of 1he foregoing patent applications
is hereby incorporated herein by reference as if set forth
fully herein.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1A is a schematic biock diagram of s telecommu-
mication system that networks more than one autonomous
communicalion platform to a variety of petworks which
includes the Internet, a public swiiched telephone network
(PSTN), and a private branch cxchange (PBX) network in
accordance with a presently preferred embodiment of the
present invenlion.

FIG. 1B is a perspective diagram of a communication
platform integrated with a voice comnrunication maodule in
accordapce with a preferred embodiment of the present
invention.

F1G. 1C s a block diagram of the integration between a
communication platform and a PBX network in accordance
with a preferred embodiment of the present invention.

FIG. 1D is a block diagram of a comrmunication plaiform
integrated with PBX equipment that supports a large PBX
network or central office swikch in accordance with an
alternative embodiment of the present invention.

FIG. 2A is a flow diagram of the sieps used to establish
a voice call in accordance with a presently preferred
embodiment of the present mvention.

F1G. 2B i1s a Bow diagram of the sub-steps used 1o
establish a voice call session with a communication platform
in accordance with a presently preferred embodiment of the
present invention.

FIG. 2C 15 a flow diagram of the sub-steps used to
establish a voice call session with a remote communication
platform in accordance with a presently preferred embodi-
ment of the present inventicn.
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FIG. 3 is a flow diagram of the steps used to put a call
recipient on-hold in accordance with a presently preferred
emboediment of the present invention.

FIG. 4 is a flow diagram of the steps used to establish call
transferring or call conferencing in accordance with a pres-
ently preferred embodiment of the present invention.

FIG. 5A shows the steps for configuring a communication
platform for call forwarding an incoming call to apy tele-
phone located anywhere in the world or 1o a selected
mailbox in accordance with a presently preferred embodi-
ment of the present invention.

F1G. 5B shows the steps for providing two levels of call
forwarding in accordance with a presently preferred embodi-
ment of the present invention.

DETAILED DESCRIPTION OF THE
PREFERRED EMBODIMENTS

In the following description, a preferred embodiment of
the invention is described with regard to preferred process
sleps and data structures. Those skilled in the art wounld
recognize after perusal of this application that embodiments
of the invention can be implemented using circuilry in a
microprocessor adapted 10 the particular process steps and
daia structures, and that implementation of the process steps
and data structures described herein would not require undue
experimentation or further invention.

Apparatus And System

FIG. 1A 1s a schematic block diagram of a telecommu-
nication system thal uses a variety of networks which
includes the bternet, a public swilched telephone network
and a private branch exchange network in accordance with
a presently preferred embodiment of the present invention.

In a first aspect of the present invention, a communication
platform 2 is networked to a switched backbone 4, such as
the Internet, and to at least one other network that supports
voice communication through telephones, such as a PSTN 6.
Communication platform 2 is integrated with a voice com-
munication module 8, serving a service area 10. Commu-
nication platform also may be configured to have the same
multimedia messaging features as the communication plat-
form described in the to multimedia messaging invention.
Voice commmumcation module 8 enables communication
platform 2 to provide voice-over-IP calls over switched
backbone 4 between a supported user, such as user 12a
located at telephone 144, and at least one other user, such as
user 125 located at PBX telephone extension 14b. User 12k
may be located at a service area 16 supported by another
communication platform, such as communication platform
18, ihat is also integrated with a voice communication
module 19 that provides voice communication through
switched backbone 4. Communication platform 18 may be
located at another location around the globe so lopg as it can
ultimately conpect to switched backbone 4.

A voice-over-IP communication or c¢all in the present
invention is defined as including any voice communication
made from a communication platform which requires trans-
mission of the communication over switched backbone 4.

The networked communiczation platforms form z global
communication system 20 capable of supporting voice com-
munication between or among users, while also offering
PBX-like features, such as call holding, call transferring, call
forwarding, call conferencing, and the like, to each user
having a telephone on a petwork that is interfaced to each
respective user’s communication platform which is con-
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necied to swilched backbone 4. In essence, a global PBX is
formed that treals any iclephone networked to any of the
communication platforms as a PBX telephone extension of
the globat PBX.

FIG. 1B 3s a diagram of a communication platform
integrated with 2 voice to communication module in accor-
dance with a preferred embodiment of the present invention.

Communication platform 2 consists of a general purpose
computer systern 22 that operates under program control apd
having, among other things, a metherboard coupled 1o a hard
drive and having add-in card slots, a CPU, sysiem bus, and
internal memory, such as that described in, “Scrvice Com-
munication Platform,” release 2.0, available from Carmel
Connection, Incorperated, located at 41432 Christy Street,
Fremont, Calif., 94538, hereby incorporated by reference as
if fully set forth berein; and may include additional features
and embodiments that are descnbed in the multimedia
messaging and managing multimedia messaging ipventions.
Also referning to F1G. 1A, compuler sysiem 22 also contains
a telephone network interface 24 for transceiving and man-
aging telephone cails received from a telephone network,
such as PSTN 6.

Telephone network interface 24 includes a messaging and
telephone hine unit 25 that s inserted inlo an available add-in
slot 'on compuler system 22. In a preferred embodiment of
the present invention, messaging and ielephone line unit 25
is from Dialogic Corporation of Parsippany, N.J., having
model nuvmber D4IESC (Dialogic board) which supports
SCSA (Signal Computing System Architecture) fime siot
routing. Conirol of messaging and Ielephone line unit 25 is
by program conirol uwsing modujes that make API
(application program interface) calls to & programming
interface, which is available from Dialogic Corporalion, that
is cornpalible with the Dhalogic board.

Also, communication platform 2 is integrated with a voice
communication module 8 so that telephone calls received
from a telephone network, such as from PSTN 6 or from
PBX network 26, can be switched and transmitted 10 another
communication platform through switched backbone 4. In
accordance with a preferred embodiment of the present
invention, voice communication modele 8§ includes a mes-
saging and telephonc line unit 9 that js available from
Dialogic Corporation of Parsippany, N.J., having model
oumber D41ESC and that suppornts SCSA time slot routing
(Diatogic board). Voice communication module 8 also
includes a programming interface, which is available from
Dialogic Corporation, that is compatible with the Dialogic
board.

Integration of voice communtcation module 8 with com-
munication platform 2 is accomplished by inserting mes-
saging and telephone line unit 9 into an available add-in card
slot on computer syslem 22 and connecting it 10 messaging
and telephone hine unit 25 by using a cable to comnect their
corresponding SCSA buses together. This permits commu-
pication platform 2 1o switch voice information from tele-
phone network interface 24 to voice communication module
8 through their respective SCSA buses.

The SCSAbus is a lime division multiplexing (TDM) bus
capable of supporting 1024 time slots and is an industry
standard bus sponsored by Dialogic Corp. Digitized voice
information is passed through a time slot on the SCSA bus
from telephone network interface 24 to voice commanica-
tion module 8, providing voice-over-1P communication and
other PBX-features such as call conferencing to and from
communication platform 2 1o another communication plat-
forra via a switched backbone, such as the Internet, when
managed under program control.
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Program modules are wsed to control the Dialogic board
through API calls o the Dialogic board’s program interface.
In addition, data is passed from telephone network interface
24 to voice communication module § through the internal
memory of computer system 22. For example, a destipation
telephone number dialed in by a user on a3 DTMF telephone
keypad is received by telephone network interface 24 and
stored by the communication platform as an ASCII string in
a predetermined location in the internal memory. Commu-
nication platform 2 passes the data to voice communication
module 8 by providing a memory address corresponding 1o
the predelermined location in memory and issuing an API
call to the program interface associated with voice commu-
nication module 8. Voice communication module 8 then
obtains the ASCII string using the memory address passed
through the AP} call, determines which destination commu-
nication platform supports that telephone number, iniliates a
voice-over-IP call to the corresponding communication
platform, which in turn, places a PSTN telephone call using
the telephone number.

In response, the destination communication platform
makes a telepbone call using the telephone number on a
local telephone network, such as PSTN 27, returns the status
of the telephone call (such as ring-vo-answer, busy, or live
answer) lo voice communication module 8 through switch
backbone 4. Voice commumication module 8 stores the status
of tbe telephone call 1n a predetermined location in the
internal memory of computer system 22 such as at a memory
Jocation reserved for status messages. The communication
platform through computer system 22 may iben either poli
1he memory location reserved For status messages or may be
interrupled by voice commuaication module 8 when the
status is recejved.

Referring to both FIGS. 1A and 1B, as described in the
multimedia messaging and managing multimedia messaging
platforms inventions, communication platform 2 may also
inchide a LAN interface 28, such as a LAN card, for
networking 1o a local area network 32. A communpication
platform may be connected to the swiltched backbone
through a switched backbone network interface directly,
such as communication platform 18, or through a LAN card
and router 34, such as communication platform 2. Commu-
pication platform 2 also supports networking to telephone
extensions driven by private branch exchange (PBX)} equip-
ment 36 through PBX network interface 38 and/or to a
telephone netwoik, such as PSTN 6, through telephone
petwork interface 24.

Like telephone network interface 24, PBX network inter-
face 38 is implemented by using a messaging and telephone
line unit 3% running under program control. PBX petwork
interface 38 is provided by communication platform 2 using
messaging and telephone line unit 39 attached to an avail-
able add-ip slot on computer syslem 22. In a preferred
embodiment of the present invention, messaging and tele-
phone line unit 3% is from Dialogic Corporation of
Parsippany, N.J., having model number D41ESC (Dialogic
board) which supports SCSA time slot routing. PBX net-
wortk interface 38 is managed and controlled by cowputer
system 22 through program control using modules tbat make
API calls to the programiming interface corresponding 1o the
Dialogic board. This enables communication platform 2 to
send and receive telephone calls from extensions defined
within a PBX petwork, such as PBX petwork 26, that
ultimmately travel through switched backbone 4.

Tumning now to F1G. 1C, a block diagram of communi-
cation platform 2 integrated with PBX equipment 36 in
accordance with a preferred embodiment of the present
invention is shown.
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Messaging and lelephone line vnit 39 is covpled to PBX
equipment 36 through a single line telephone connection 40,
commonly known as a tip and ring pair, enabling the transfer
of voice data 42 and control signals 44 between communi-
cation platform 2 {(through PBX network interface 38 via
messaging and telephone line unit 39) and PBX equipment
36. The transfer of control signals 44 between communica-
tion platform 2 and PBX eguipment 36 enables cornmuni-
cation platform 2 to service telephone calis 45 destined for
a PBX extension such as extension 14e. Depending on the
control signals 44 received, communication platform 2 can
either provide PBX-like services such as call forwarding,
call conferencing, and the like, or direct veice-over-IP
communicalion to other communication plaiforms (not
shown) ultimately connected to switched backbone 4.

Note that additional single line telepbone conneciions
may be used, depending on the amount of voice traffic
anticipated between PBX equipment 36 and communication
platform 2.

In the preferred embodiment of the present inverntion,
communication platform 2 is configured, through PBX
network interface 38 and a set of API program modules, 1o
receive and decipher control signals in the Inband format.
The Inband formal is an industry term thal is commonly used
to refer to controd signals used by a vanety of PBX equip-
ment manufacturers to integrate their PBX equipment with
a voice mail system. The ability of communication platform
2 1o receive and decipher Inband formatied control signals
enables it to be casily configurable with PBX equipment that
have been designed 1o work with simple voice mail systems
vsing control signals in the Inband formal. There is no
indusiry standard Inband format for these type of control
signals. The Inband term 1s intended simply to refer to the
type of control signals that are in the audic spectrum and
beoce, well-suited for transmission oo telephone lines, such
as single line telephone connection 40. DTMF signals are
one set of Inband control signals thatl are commonly used.

As known in lhe art, a typical PBX generates control
signals for each call that is forwarded lo a voice mail system.
The control signals include, ameng other things, the type of
call being forwarded 46 (hereinafter, call type) and the PBX
extension number 48 from which the call is being forwarded.
By configuring communication platform 2 to be responsive
to Inband control signals, which include call type 46 and the
PBX. extension number 48, it can be easily configured
through AP1 functions m a maoner described herewith to
service phone calls received from a PBX that was originally
designed to be compatible with voice mail systems support-
iog Inband integration.

I the present inventjon, instead of automatically accept-
ing a call received from a PBX for voice mail processing,
communication platform 2 decipber’s control signals 44 and
uses the decipbered signals to determine how to service the
call by accessing a configuration profile 1hat corresponds to
the call recipient’s extension number. For exampie, if the
called party had previously set his PBX extension io uncon-
ditiopally forward a call to a target telephone number
serviced by a remote communication platform, phone calls
forwarded by PBX equipment 36 to communication plat-
form 2, which indicate that they are forwarded calls from a
PBX extension, are forwarded by communication platform
2 to a remote communication platform servicing the target
telephone number as specified by the call recipient’s con-
figuration profile.

The call type 46 and PBX extension number 48 may be
represented as a sequence of control signals separated by a
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pound sign (#), where a leading digit represents the type of
call being forwarded to communjcation platform 2 from
PBX equipment 36 and ihe following digils representing the
PBX exiepsior number from which the call is received. A
leading digit of one (1) represents an incoming cafl that was
forwarded from a PBX extension, while a leading digit of
two (2) represents a direct call. A direct call in this context
is defined as a cali that is not forwarded from another PSTN
network {or PBX extension) 1o communication platform 2
but a call that onginates from a PBX extension (or 2 PSTN
telephone) and is recetved directly by communication plat-
form 2. Also, since control sequences in the Inband format
are PBX dependent, communication platform 2 is not
intended 1o be limited to the above sequence of control
signals but inchides additional program modules that are
capable of decipbering control signals in other Inband
formats that are used by typical PBX equipment, enabling
communicalion plaiform 2 10 be integrated with any PBX
nelwork that supports Inband integration.

FIG. 1D is a block diagram of a communication platform
integrated with PBX equipment that supports a large PBX
network or ceniral office switch in accordance with an
allernative embodiment of the presenl invention.

As known in the art, a large PBX network or central office
swilch may be integrated with simple voice mail sysiems
using a SMDI (Simplified Message Desk Interface) proto-
col. The SMDI protocol is defined in the reference entitled,
“Simplified Message Desk Interface (SMDI) Generic
Reguirernents from BellCore, technical reference TR-NWT-
00283, Issue 2, 1991, which is hereby incorporated by
reference asif fully described herein. Integration through the
SMDI protocol requires using separate transmission layers
for voice data and cootrol signals. Specifically, voice data
may be transmilled between a central office switch or PBX
equipmenl and a voice mail system using at least coe single
hine telephone connection, a T1 trunk, or an E1 trunk, while
contro] signals are transferred through a separate RS-232
serial line.

The present invention in the alternative embodiment, is
also capable of supporting large PBX equipment 50 (or
central office switch) which has a separate voice transmis-
sion line 52 and a separate control signal transmission line
594 for transmitting voice data and control signals. Voice data
is passed between PBX equipment 50 (or central office
swilch) and communication plalform 2 through voice trans-
mission line 52, while control signals are fransferred through
control signal transmission line 54 such as a R5-232 serial
hine. This allows communication platform 2 to provide
FBX-like features or voice-over-1P communication to phone
calls forwarded from a PBX extension {or a PSTN telephone
supporied by a central office switch). The difference in this
alernative embodiment with the preferred embodiment
described above is that control signals passed to commnmi-
cation platform 2 are sent through a separate irapsmission
{ine such as a RS-232 serial line. The control signals 44 are
received by communication platform 2 through a serial
interface 56 and are then deciphered and acted upon by API
functions, or equivalent means within communication plal-
form 2. '

Like the control signals used in the Inband integration
example described above, the SMDI protocol also provides
for defining the type of call forwarded 46 and PBX extension
number 48 (or a PSTN telephone number) from which the
cail was forwarded. This allows communication platform 2
to distinguish between the types of calls such as direct or
forwarded calls. Each control signal includes a type of call
character that represents the type of call being forwarded
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and additional digits representing the PBX extension num-
ber {or a PSTN telephone number) from which the call is
received. A type of call character of “A” represents an
incoming call that was unconditionally forwarded from a
PBX extension (or 2 PSTN telephone number), while a iype
of call character of “D” represents a direct call.

Additional network interfaces may be included to support
additional networks, separalely or in conjunction with the
described nelworks above by adding additional messaging
and telephone line units and program modules that make
appropriate AFI calls to the corresponding Dialogic boards.

Communication platform 2 manages the network inter-
faces and voice communication module 8, through program
control so as to provide telecommunication services which
include providing voice-over-lP communication between a
first user and a second user and PBX-like [eatures. Each user
may be on different petworks that are networked to the
switched backbone via the network interfaces provided by
the communication platforms connected to the global PBX.

For example, a user 124 connecting to communication
platform 2 through PSTN 6 and telephone 44, and request-
g telecommunication services offered through a user inter-
face provided by computer 22 which is running under
program control. If user 124 seeks to obtain voice-over-IP
communicalion over switched backbone 4 1o call user 124
supported by communication platform 18, communication
platform 2 switches the telephone call from telephone net-
work interface 24 to voice commmunicaiion module 8 using
one available time slol onthe SCSAbus. Afier the voice data
is digitized and packetized, voice communication module 8
formats the voice data and sends the data 1o another voice
communication module at communication platform 18.

The formal of the voice data is dependent on the transport
protocol used by the network chosen for delivering the voice
data, as known in the arl. In a preferred embodiment, the
voice tata 1s formatted vnder a TCP/IP protocol so that itcan
be transmitted via a switch backbone such as the Inlemet.
Also, the commupication platform may rely on a LAN card
and router, as shown in FIGS. 1 apd 2, for interfacing 1o a
switched backbone via an intermediate network in the cvent
that the communpication platform is not directly networked to
the swilched backbone. The LAN card enables computer
systermn 22 to send or receive packetized voice data on the
intermediate network, as known in the art.

Each communication platform on the global PBX offers a
varicty of PBX-like features to users, including call holding,
call transfer, call forwarding and call conferencing, which
are described below, by virtue of using computer system 22
and software modules to control the various network
interfaces, including voice communication modules. Each
communication platform on the global PBX can also provide
a message center feature which automatically 1akes mes-
sages for subscrbers who are not avatlable 10 answer live
calls received through a voice communicalion module.
Thus, this invention nol only takes advantage of using the
voice communicalion module to place long distance calls to
virmally anywhere in the world at the cost of a local phone
call rate, it also “links-up” practically any existing telephone
(including extensions behind a PBX) into extensions of the
global PBX. This provides worldwide coverage, while offer-
ing all standard PBX features to every user having access 10
a network that supports a standard telephone.

For example, a subscriber in San Francisco, Calif., can
forward his telephone to another telephone in London,
United Kingdom. Any live call received from switched
backbone 4 that is destined for the subscober’s San Fran-
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cisco telephone is avtomatically forwarded to the designated
telephone number in London, England which is serviced by
a communication platform.

Note 1hat a subscriber is a communication platform user,
such as a caller or call recipient that is serviced by a
communication platform, who is anthorized to receive com-
onication platform services according to a configuration
profile created for the subscriber.

Moreover, the commumcation platform having the des-
ignated telephone number in London, England may also
have call forwarding specified so that the subscriber’s tele-
phone number is forwarded to another commurication plat-
form servicing another designated telephone number in
another lecation, such as Rome, Ttaly. This type of sequential
forwarding between more than one communication platform
permits a subscriber to roam at a pew location and st
remain available to receive calls from the subscriber's
original telephone number withow having to reconfigure the
original commmuaication platform to call forward 1o the new
telephone mumber from which the subscriber can be cur-
rently reached.

In a second aspect of the present invention, communica-
tion platform 2 may alsc provide telecommunication ser-
vices that inclides muliimedia messaging scrvices such as
those described in the multimedia messaging invention and
in the managing mitimedia messaging invention.

Methed Of Operation
Placing a Voice Call

FIG. 2A is a flow diagram of the steps used to establish
a voice call in accordance with a presently preferred
embodiment of the present invention.

FIG. 2B is a flow diagram of the sub-steps used to
establish a voice call session with a communication plaiform
wm accordance with a presently preferred embodiment of the
present invention.

FIG. 2C is a flow diagram of the sub-steps used io
establish a voice call session with a remote communicalion
platform in accordance with a presently preferred embodi-
ment of the present invention.

Turning to FIG. 2A at step 72, a user conlacts a commnu-
nication piatform and provides information necessary to
establish 2 votce call to another user serviced by the global
PBX. The commumecation platform m turn, may be config-
ured to: check whether the user is an authorized user
(subscriber); provide directions to the subscriber by prompt-
ing; and establish a link with a deslination communication
platform when authorization is complete and valid. For
example, turoing to FIG. 2B, step 72 may furtber include the
following sub-steps.

Atstep 72a, a subscriber places a call fo a commmanication
platform either ronted through a PSTN central office, or
through an intercom call from a PBX extension.

At step 72b, the communication platform answers and
plays a voice prompt to ask the subscrber to identify
himself, such as through a password or personal identifica-
tien pumber (PEN) number and subscriber 1D number, and
Jog on. Data entry is through a standard telephone keypad
that generates DTMF tones. Once the subscriber is logged
op, the communication platform will prompt the subscriber
to enter, via the telephone keypad, the telephone number
which may include the country code, area code, and/or city
code of the destination telephone the subscriber wishes 1o
call.

At step 72¢, communication platformr 6 validates the
telephone pumber entered and passes the number to voice
communication module 8 through the internal memory of
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computer 22. Voice communication module 8 responds
using ap internal directory 1o place ihe call through switched
backbone 4 1o a voice commmunicalion module located within
a remote communication platform that is designated to
support a focal calling area from which the destination
telephone may be reached. This establishes a voice-over-1P
bnk. A voice-over-IP link is a link that s established on a
TCPAP swiiched backbone between communication plat-
forms that are capable of supporting voice communication
using packelized voice data.

At step 72d, the voice commupication module at the
remmete communication platform wil accept the voice-over-
IP link, pass the lelephone number to the communication
plaiform computer through ihe computer’s internal memory,
and have the communication platform place the achal cail
to the destination telephone.

Returning to FIG. 24, if in step 74 the communication
platform in the remote communication platform determines
by call progress analysis thal the destination telephone
pumber is answered by a live person {call recipient), then
step 76 is performed. Otherwise step 78 is performed.

Call progress analysis is a process by which a commu-
nication platform determines the status of a telephone line
after making an outbound telephone call or after establishing
a comnnection with a another panty. Call progress analysis
utilizes techniques in frequency detection and cadence (the
on and off duration of an avdio signal} detection to deler-
mine if an outbound call is answered by a live person,
nng-no-answer sigial or busy signal. For exarnple, after
establishing a ielephone connection a communication plat-
form can use call progress analysis to determine if the other
persen has bung-up the phone by detecting disconnect tones
sent from a central office or a PBX. In the preferred
embodiment of the present invention, call progress analysis
15 performed using call progress analysis tools available
from Dialogic Corporation of Parsippany, N.J., having
model designalion, “CPC” or “Perfect Call”,

At step 76, the remeote comnmunication platform will send
an inernal command indicating a hive answer status via the
communication platform’s 1oternal memory lo ils voice
communication module so thal the voice-over-1P Hnk may
be eslablished for live communication.

Step 76, as shown in FIG. 2, may include the following
sub-steps. At step 76a, the call recipient’s voice communi-
catton module switches on the call recipient with an avail-
able time slot on the SCSA bus which it shares with its
commmupication platform when the call recipient answers the
telephone call, and sends a packet of information indicating
live answer stalus to the caller’s voice communication
module through the veoice-over-1P link over the switched
backbone such as the Intemnet.

At step 76b, upon receiving the packet indicating a live
answer status, the caller’s voice commmunication module
sends aninternal cornmand indicating a live answer status 1o
the caller’s communication platform via the communication
plaiform’s memeory. The caller’s voice communication mod-
ule swilches on the caller with an available time slot on the
SCSA bus which it shares with its communication platform.

At step Téc, the caller and the call recipient are connected
via the following links:

(1) the caller is connected from a telephone network
interface, which is located in the caller’s communica-
tion platform, to the caller’s voice communication
module through their respective SCSA buses;

(2) the caller’s voice communication module is connected
io the call recipient’s voice communication module
over the switched backbone, establishing a voice-over-
IP link; and
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(3) the call recipient is connected via a time slot from the
call reciptent’s commusication platform (through a
telephone petwork nterface) to the call recipient’s
voice communication module.

If at step 74, the remote communication platform deter-
mines by call progress analysis that the destination fele-
phone rumber is not answered by a call recipient but instead
receives a ring-no-answer (RNA) status or busy status, then
step 78 1s performed.

At step 78, the remole communication platform will send
an internal command indicating a RNA or busy status to the
volce communication module via the communication plat-
form’s miemal memory. The call recipient’s voice comimu-
pication module sends a packet of information indicaling
“nng-no-answer” or “busy” status to the caller’s voice
communication module over the switched backbone. Upon
receiving this packet, the caller’s voice communication
module will send an imernal command indicating a RNA or
busy status to the communication platform via the commu-
nication plaiform’s internal memery. The caller’s commu-
nicalion plaiformn will play a voice prompt to the calling
subscriber that the call cannot be completed because of a
RNA or busy status.

Putting a Caller on Hold

T1G. 3 is a flow diagram of the sleps used 1o put a call
recipienl on-hold in accordance with a presently preferred
embodiment of the present invention.

‘When a telephone conpection between (wo communica-
tion platforms 15 established between a caller and a call
recipient as described in the section “Placing a Voice Call”
described above, the caller can put the call recipient on-hold
and place a new call.

At step 82, the caller places a call oo-hold by depressing
a touch-lone digit or a string of touch-tone digits on his
telephone keypad 1o signal the initiation of call holding. The
string of touch-lone digits may be of any pre-configured
variation s0 long as the siring permits the communication
platform to distinguish from otber strimgs or digit that
fepresent other commands.

At step 84, the caller’s communication plaiform deiects
the call holding command digit(s) that were pressed and
recognizes that a “cail holding” request bas been issued. In
response, lhe caller’s commumcation platform conpects the
SCSA bus time slot aflocated for the caller and call recipient
(“oniginal time slot”) to 2 new time slot. The new time slot
may be a time slot playing a music-on-hold recording or any
other pre-recorded recording so as to indicate to the call
recipient ihat the call recipient is on. hold.

I addition, the caller is deallocated from the original time
slot and assigned an available time slot on the SCSA bus.
The communication platform may also be configured 1o play
an on-hold prompt which is followed by a dial tone after the
new time slot has been allocated to the caller. The dial tone
will be played indefinitely until either call holding i1s can-
celed or the caller hangs up. The caller can, at this point, dial
anectber telephone number if call transfer or conferencing is
desired. See the next section “Transferring or Conferencing
a Call” for details.

At step 86, if call holding is canceled by command, step
88 is performued. The cancellation of call holding may be
initiated by having the cailer depress a pre-configured touch-
tone digit or a string of touch-tone digits on his telephone
keypad.

At step 88, the caller’s communication platform detects
the call holding cancellation digi(s), terminates the play-
back of the dial tone on the rew time slot, deallocates the
caller from iis new time slot, terminates the playing of
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music-on-hold recording or any cother pre-recorded record-
ing on the eriginal time slot, if any, and reconnects the cadler
10 the call recipient via the original time slol. The caller and
call recipient can then resume communtcation.

1f at B6, call holding is pot canceled by command, step 90
is performed. At step 90, if the calter hangs up the telephone
while the call recipient is on-hold, step 92 is performed. At
step 92, the caller’s communication platform will detect the
hang up condition throngh call progress analysis. The cail-
er’s communicaton platform will then lerminate the playiog
of music-on-hold recording or any other pre-recorded
recording on the original time slot, if any, and play a
disconnect prompt such as, “[wlk’re sorry, this call will be
disconnected because the caller has already bung wp,” to the
call recipient. The caller’s communication platform will
send a command via the communication platform’s internal
memory indicating a hang-up stalus to its voice communi-
cation module, which will initiate a disconnect procedure
with the call recipient’s voice communicalion module.

If at step 90, the caller does not hang up while the call
recipient is on-hold, step 94 is performed. At step 94, the
caller may resume commumcation by performing step 88 or
initiate other features such as call transferring or call
conferencing, as described below,

Transferring or Conferencing a Call

FIG. 4 is a flow diagram of the steps used to establish call
transferring or call conferencing in accordance with a pres-
ently preferred embodiment of the present invention.

When a lelephone connection belween wo communica-
tion platforms is established between a caller and a call
recipient as described in the section “Placing a Voice Call”
described above, the caller can transfer the call recipient to
a third party (call transferring) or add one or more third
pariies to the conversation (call confercncing) as follows.

At step 92, the caller puis the call recipient on hold by
executing steps 82 and 84, as described in tbe section
“Putiing a Caller on Hold™ above. This results 1o a dial tope.

At step 94, the caller dials the telephone number, such as
the country code, area code, andfor ¢ity code of the third
party where the call is 1o be transferred or to be established
for conferencing.

Al step 96, the caller’s communication platform detects
and collects the digits of the telephone number dialed by Lhe
caller and places a call to the third party In a procedure that
includes steps 72¢ through 724, as described 1o the section
“Placing a Voice Call”.

Live Answer

At step 98, if the statns of the third party line is a “hive
answer,” step 100 is performed. Otherwise, step 118 is
performed if the status of the third party call is RN.A or busy.
A “live answer” is defined as a state where the voice
communication call is answered by a recipient rather than
returned with an RNA or busy signal.

At step 100, the caller and 1he third party are connected,
and the comrunication platform waiis for a call transferring
or call conferencing command from the caller. The call
transferring or call conferencing commands may be a pre-
determined digit or a string of digit(s).

Call Transferring :

At step 101, if the digit(s) caller enters correspond 1o a
“call transfer” command, the caller's communication plat-
form performs step 102.

At step 102, the caller’s communication platform detects
and recognizes this cominand request, and sends an internal
command indicating the call transfer request via its internal
memory to the caller’s voice communication module.

At step 104, the caller’s voice communication module
sends a packet of information to the call recipient’s voice
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communicahon module over the switched backbore. This
packet of information contains 2 command request to change
the voice communication module’s currently active
switched backbone address of the call secipient, such as an
Interpet 1P address, which was originally the voice commu-
pication module’s switched backbone address of the caller,
1o the third party’s switched backbone address.

At step 106, the call recipient’s voice communication
module disconnects the switched backbone connection with
the caller; and establishes the voice connection with the
voice communicalion module of the third party over the
switched backbone.

At step 108, call transfer is completed when the caller’s
voice commumcation module receives the disconnect status
from the call recipient’s voice communication module over
the swilched backbone and responds by disconnecting the
caller by sending an internal command indicating the dis-
connect status via the internal memory 1o its communicaticn
platform, while establishing the connection between the call
recipient and the third party.

Call Conferencing

If at step 101, the digil(s) caller enters correspond to a
“call conference” command, step 110 is performed. At step
110, the caller’s commmication platform will detect and
recognize this command request and conaects, by execuling
a Dialogic SCSA bus command, time slots between the
caller’s communication plaiform and the call recipient’s
commubication platform, and the conpection between the
caller’s communication platform and the third party’s com-
munication platform. This connects the caller, call recipient
and third party via the caller’s communication platformn and
completes call conference. Additional parties can be added
in the same described manger.

Wiih the exception of the original caller, any other party
on the conference call can disconnect from the conference
call by hangipg up. The communication platform of the
party who has just hung up will automnatically detect this
condition by call progress analysis and will inform its voice
communication module by sending an internal command
indicating the hang-up status via the computer’ memory.
‘This party’s voice communtcation module will send a packel
of information indicating the bang-up status to the caller’s
voice communication modele over the switched backbone,
such as the Internet. Upon receiving this packet, the caller’s
voice communication module will send an internal com-
mand indicating the hang-up status as well as the identifi-
cation number of the hung-up party via the computer’s
memory to the caller’s communication platform. The call-
er’s communication platform will then remove the time slot
on the SCSA tus originally allocated for the hung-up party.
All other parties can continne 10 communicate without
interruption.

At step 112, if the original calier bangs up, step 114 is
performed by disconnecting the conference call. Otherwise,
step 116 1s performed.

At step 114, the original caller 1nitiates the disconnect by
hanging up the telephone. The caller’s communication
platform, through call progress analysis, detects and recog-
mizes the hang-up condition. The caller’s communication
platform sends ap internal command indicating hapg-up
status to the caller’s voice communication module via the
computer’s internal memory. The caller’s communication
platform also immediately disables the talk paths of all other
parties by removing their allocated time slois from the
caller’s communication platform SCSA bus. At the same
iime, the caller’s voice communication module sends a
packet of information indicating hang-up status to each of

15

20

25

30

35

40

35

30

55

50

65

14

the parties whose voice commugication connections are still
active. Upon receiving this packet, voice communication
module of each of the other parties will disconnect the voice
communication ¢all and send an internal command 1o iis
communication platform via the PC’s internal memory. Its
comyupication plaiform will play a disconnect prompt
which may be any prompl indicaling to a call recipient or a
third party that the connection has been terminated.

At step 114, if the cailer does not hang-up, conferencing
calling continues between the connected parties.
Ring-No-Answer or Busy:

If at step 98, the caller is informed by its commumnication
platform via an appropriate voice prompt that the call to the
third parly was returned with 2 RNA or busy slatas, as
described in the section “Placing a Voice Call” above, step
118 is performed.

At step 118, the caller’s communication platform deallo-
cates the caller from its new time slot, and reconnects the
caller to the call recipient via the original time skot. The
caller and call recipient can then resuime communication, if
desired.

Forwarding a Call

A subscriber can forward his telephone number to a targei
telephone number located anywhere in the world as long as
the telephone number is within an area serviced by a
communication platform. After call forwarding is
established, voice-over-1P calls destined for the subscriber’s
onginal telephone will be automatically rerouted 1o the
forwarded telephone. Forwarding can also be used to acii-
vale a message mallbox, such as voice mailbox or a fax
matlbox, which are provided by a communication platform
as described in the muitimedia messaging invention. When
call forwarding to a message matlbox is chosen, voice
communication calls destined for the subscriber’s original
lelephone will be rerouted to 1he subscriber’s message
mattbox according to conditions picked by the subscriber.
For example, incoming calls receiving a busy signal are
automatically forwarded to the subscriber’s mailbox (“busy
forward condition™).

Alternatively, the subscriber may elect to have all voice-
over-IP calls directed to message mailbox provided by
anotker communication platform from which the subscnber
has obtained a message mailbox. For example, if a sub-
scriber in San Francisco, Calif. anticipates being at a remote
location such as Taipei, Taiwan, the subscriber can uncon-
ditionally forward (*unconditionaily forward condition™) ail
calls to the subscrber’s communication platform in San
Francisco to the message mailbox provided by the remote
communication platform in Taipel.

Note that a subscriber is a communication platform user,
such as a caller or call recipient that is serviced by a
commupication platform, who is authorized to receive com-
mupication platform services according to a configuration
profile created for the subscriber.

F1G. 5A shows the steps for configuring a communication
platform for call forwarding an incoming call to any tele-
phone located anywhere in the world or 1o a selected
mailbox in accordance with a presently preferred embodi-
ment of the present invention.

At step 120, a subscriber places a call to the his commu-
nication platform, either through a PSTN central office or an
intercom call from a PBX.

At step 122, the commupication platform within the
subscriber’s communication platform answers and plays a
voice prompt to ask the subscriber to identify himself
(through a password or PIN number and subsceiber 1D
pumber} and log on. Data eniry is accomplished through a
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keypad generating DTMF tones, such as a standard tele-
phone keypad. Once the subscriber is fogged on, he can
select the appropriate menu option 1o cenfigure his extension
or telephone mumber for call forwarding. Oncee call forward-
ing is selected, the communication platform prompts the
subscriber to enter a target telephone number for which calls
directed to the subscriber’s extension will be forwarded. In
response, the subscriber enters the target telephone mimber
and any necessary prefix codes such as the comntry code,
area code, city code, via the telephone keypad.

Al slep 124, if the subscriber also enters a predetermined
digit or string of digits to obtain “message cenler” scrvices,
step 126 is performed. For example, “060” could be used to
represent the target ielephone number for “message center,”
although any digit or string of digits may be chosen so long
as the chosen digit or string can be adequately distinguished
from other commands entered through the telephone key-
pad.

At step 126, the subscriber may further specify (via
additional keypad digit entries) the call forwarding condi-
nons: busy forward, ring-no-answer forward or uncondi-
tional forward. All incoming calls will be then directly
forwarded to the subscriber’s moailbox (i.e., the caller will
hear the subscriber’s personal greeling and be prompted to
leave a voice or fax message) according to the forwarding
conditions specified by the subseriber.

1f at step 124, the subscriber does not initiaie the message
center service, step 128 is performed. At step 128, the
subscriber’s communication platform validates the target
telephone number entered by checking the dircclory and
ensuring that the targel telephone number may be reached
through of one of the communication platforms. The sub-
scriber’s communication platform emters the 1arget tele-
phone number and forwarding condition chosen into a
predetermined memory location accessible by voice com-
munication module in the subscriber’s communication plat-
form.

FI1G. 5B shows 1he sieps for providing two levels of call
ferwarding in accordance with a presently preferred embodi-
ment of the present invention.

At step 130, a local communication platform receives an
mcoming telephone call through its PBX network interface.
As discussed in the apparatus section above, each call from
a PBX includes control signals that are received by the local
communication platform. The local communication plat-
form deciphers the control signals to obtain the call type and
the PBX extension number that corresponds to the call
received from the PBX.

At step 131, the local communication platform checks the
call type to determine whether the call received from the
PBX is a direct call. If so, it performs step 132

At step 132, the local communication platform prompts
the caller for a target telephone mumber.

At step 134, the Jocal communication platform locates a
remote communication platform servicing the target tele-
phone mumber and establishes a voice-over-IP link with the
remote communication platform. The local communication
platform locates the remote communication platform by
correlating the target telephone number in an internal direc-
tory with a switched backbonpe address (“target address™)of
the remote communication platform, such as an 1P address.
The voice comrnunication platform within the Iocal com-
munication platform then sends an information placket
containing the target address and the targel telephone num-
ber 1o the remote communication platform through a
switched backbone vpon which both commupication plat-
forms are networked.
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Al step 136, the voice communication module of the
remote communication platform receives the incoming
voice-over-1P link and checks the predetermined memory
location as described in step 128 above,

Al step 138, if the predetermined memory location indi-
cates that call forwarding is specified, step 140 is performed.

At step 140, if the predetermined memory location indi-
cates that unconditional call forwarding is not specified, slep
142 is performed.

Al step 142, the semote voice communication module and
communication platform together attempt to complete the
call to the call recipient’s telephone as described in the
section “Placing a Voice Call” above, except for the follow-
ing differences described in steps 144 through 148.

At step 144, if through call progress analysis the remote
commumication platform determines that the call results in a
live answer status, step 146 is performed.

At step 146, the remote communication platform estab-
lishes voice communication between the call recipient’s
telephone apd the local communication platform, as
described in sieps 76a—76c in the section, “Placing a Voice
Call” above,

If at 144, throvgh call progress analysis the remote
communicalion platform receives a ring-no-answer or busy
status rather than a live answer status, step 148 is performed.

At step 148, if the predetermined memory location indi-
cates that ring-ne-answer forward or busy forward is not
specified, step 150 is performed.

At step 150 the remole communication platform informs
the local communication platforra of the ring-no-answer or
busy status. The Jocal commurnication platform responds by
performing step 78 in the section, “Placing a2 Voice Call”
above. This resuils in the local communication platform
playing a voice prompt which indicates to the caller that the
aitempied voice-over-IP call to the call recipient returned
with an RNA/Musy slalus.

1f at step 148, ring-no-answer forward or busy forward is
specified, then step 152 is performed. At step 152, the
remole communication platform determines whether the call
recipient had chosen the message center feature and if so,
step 154 is performed.

At step 154, the voice communication module within the
remote conmunication platform allocates a time slot on its
voice communication module and telephone network inter-
face SCSA bus and immediately play the call recipient’s
perscnal greeting 1o the caller over the allocaled time slot.
After the call recipient’s persopal greeting is finished
playing, the caller will be prompted to leave 2 voice or fax
message.

If at step 152, the call recipient had pot specified “mes-
sage center”, step 156 is performed. At step 156, the voice
communication module within the remote communication
platform looks up a new target telephone number in an
interpal directory and determines the switched backbone
address (“target address™), such as an IP address, of a new
remote communication platform that services the new target
telephone number. The voice communication module within
the remote communication platform then sends an informa-
tion packet containing the target address and the new target
telepbone pumber to the local communication platform
which is received by its voice communication module. Upon
receiving the packet, the voice communicaticn module
within the local communication platform will abandon the
current voice-over-1P link and initiate a new voice-over-iP
link with the new remote communication platform servicing
the new target telephone number.

H at step 140, unconditional call forwarding is specified,
step 152 is performed. If at step 152, if the subscriber had
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specified “message center” as the target telephone number,
step 154 is performed. Otherwise 156 is performed.

If al siep 138, call forwarding is not specified, step 146 1s
performed. At step 146, the remote communication platform
completes the voice-over-IP call as descnbed in step 724
above.

If at step 131, the incoming call is a forwarded call, step
160 is performed. The cormmunication platform uses the
PBX extension number, which was deciphered by the locai
communication platform in step 136, to determine how to
service the incoming telephone ¢all by accessing the con-
figuration profile previously selected by the call recipient
associated with the PBX extension number. As described in
the apparatus section, the call type is received before the
PBX extension number with each conirol signal separated
by a pound sign (#).

The communication platform is nol intended to be limited
to the above sequence of control signals bwt inclides addi-
hosal program modules that are capable of deciphbering
control signals in an Inband format that are used by typical
PBX equipment, enabling the communication platform to be
mtegrated with a PBX petwork or Central Offtce that sup-
perts Inband integration or SMDI integration.

At step 160, if the configuration profile specifies that the
call forwarded from the deciphered PBX extension number
is to be serviced through voice mail, step 162 is performed.

Al step 162, the caller is prompted by the communication
plaiform 1o leave a voice or fax message.

If at step 160, the configuration profile dees not specify
voice mail services, then step 164 is performed.

At step 164, the local communication platform through
program control checks the configuration profile to deter-
mine whether call forwarding to a target telephone number
was specified. If so, step 166 is performed.

Alstep 166, the local communication platform obtaias the
larget lelephone number from the configuration profile and
returns to step 134, )

If at siep 168, the configuration profile does not specify
call forwarding to a remote target telephone number, then
the local communication platform plays a status message 1o
the caller that reflects the status of the PBX extension. For
example, if the PBX extension is currently in use, a busy
tone or busy message 1s played for the caller.

Note that the above steps assume that the local commm-
nication platform receives telephone calls that are either
received by a PBX and forwarded to the local communica-
tion platform, or directly dialed from an extension within the
PBX 1o the local communication platform. In this scenario,
the PBX and the local commurucaticn platform, which uses
a2 PBX petwork interface, communicate through control
signals using either an Inband format or SMDI protocol, as
discussed jn the apparatus section above.

However, in an alternative embodiment of the present
invention, the local communicatior platform may be inte-
grated with a central office switch through the SMDI pro-
tocol which aHows the communication platform to also
service direct or forwarded calls from the centrai office
switch in the manner discussed in steps 130 throngh 168.

The above call forwarding method describes call forward-
ing from & subscriber’s communication plaiform to another
conmnunication platform which services an area that sup-
ports the target telephone number (single hop call
forwarding). The present invention does not resirict call
forwarding to single hop call forwarding but permits the
comynunication plalform servicing the target telephone
number to also be configured to forward the voice-over-IP
call to another communpication platform serving another
target iclephone pumber.
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The chain of communication platforms forwarding 2
voice-over-1P call from one communication platform 1o the
next will conlinue until a communication platform exists in
the cbain that is not configured for call forwarding, enabling
a subscriber to receive a voice-over-1P call that was for-
warded seguentially through more than one communicalion
platform. This permits a subscriber to roam at a new location
and stiill be available to receive calls from the subscriber’s
original lephone number without having to reconfigure the
original communication platform 1o call forward to the new
telephone number from which the subscriber can be cur-
rently reached.

While illustrative embodiments and applications of this
inveption have been shown and described, it would be
apparent to those skilled in the art that many more modifi-
cations than have been mentioned above are possible with-
out departing from the inventive concepts set forth herein.
The inveption, tberefore, is not to be limited except in the
spinil of the appended claims.

What is claimed is:

1. A system for providing private branch exchange
services, comprising:

a first communication platform counpled o a first network
and a second network, said first communication plat-
form providing privale branch exchange services in
response 1o a request received from said first network;

a second compmunication platform coupled 1o said first
network and a third nciwork, said second communica-
tion platformt providing private branch exchange ser-
vices in response to a request received from said first
network;

wherein said first communication platform and said sec-
ond communicaiion platform each include a voice
communication module and a communication platform
for managing said voice communication module so as
1o provide said private branch exchange services, said
privaie branch cxchange services including providing
substantially real-time voice communications between
a first caller copnecting lo said firs! communication
platform through said second network and a second
caller connecting to said second cominunication plat-
form through said third network; and

wherein said first communication platform and said sec-
ond commupication plaiform each include software
designed to detect private branch exchange service
requests and subsequently exchange a plurality of sig-
nals between said first communication platform and
said second communication platform for executing said
private branch exchange services in response 1o said
private branch exchange service requests.

2. The system in claim 1, wherein said first petwork is a

switched communications backbone.

3. The system in claim 1, wherein said first network is the
Internet.

4. The system in claim 1, wherein said second network is
a private branch exchange network.

5. The system in claim 1, wherein said third network is a
public switched telephone network.

6. The system in claim 1, wherein data communication
between said communication platform and said voice com-
munication module is accomplished throvgh a memory
store,

7. The system in clairn 1, wherein said communication
platform and said voice communication module are inter-
nally conrected to provide voice communication through a
signal computing system architecture bus.

8. The system in claim 1, wherein said private branch
exchange services include call forwarding to 2 third com-
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mupication platform, said third communication platform
coupled to said first network.

9. The system in claim 8, wherein said private branch
exchange services inchide call ferwarding from said third
communication platform to a fourth comirunication
platform, said fourth communication platform coupled 10
said first network.

10. The system in clabim 1, wherein said private branch
exchange services jnclude call holding.

11. The system in claim 1, wherein said private branch
exchange services include call transfer.

12. The system in claim 1, wherein said private branch
exchange services include call conferencing with a third
party serviced by a third communication platform coupledto
said first network.

13. The system in claim 1, wherein said private branch
exchange services are offered to a caller by using interactive
voice prompling.

14. The syslem in claim I, wherein said private branch
exchange services include providing a voice status.

15. The system in claim 1, wherein said private branch
exchange services include a messaging service.

16. The system in claim 15, wherein said messaging
service is provided by said second communication platform
in response [0 a status signal returped by a target telephone
serviced by said second communication platform through
said 1hird network, said second communication platform
calling said target telephene in response to a voice-over-1P
hok request from said first communication plaiform.

17. The system in claim 16, wherein said status signal
includes a busy signal.

18. The system in claim 16, wherein said status signal
includes a ring-no-answer signal.

19%. The system in claim 1, wherein said private branch
exchange services include a call forwarding service.

20. The system in claim 19, wherein said call forwarding
service is provided by a third communication platform in
response 1o a busy signal at said 1argel telephone number.

21. The apparatus in claim 1, wherein said first commu-
nication platform further includes a private branch exchange
network interface that js managed and controlled by said
compuler system through program coairol, said program
control established by using modules that make Application
Program Inteeface (APT) calls to a programming interface, so
that said first communication platform can send and receive
telephone calls through said voice communication module
from extensions defined within a private branch exchange
network.,

22. The system in claim 21, wherein said second network
is a private branch exchange network managed by private
branch exchange equipment, said first communication plat-
form responsive to control signals generated by said private
branch exchange equipment.

23. The system in claim 22, wherein said first communi-
cation platform forwards an incoming call from said private
branch exchange network to said second communrication
platform in respense 1o control signals describing said
incoming call as a forwarded call.

24, The systers in claim 23, wherein said control signals
describe said incoming call by a call type and a phone
msmber from which said incoming call was sent.

25. The system in claim 22, wherein said first communi-
cation platform provides voice mail services to an incoming
call from an extension within said private branch exchange
network in response to control signals describing said
incoming cajl as a forwarded cail and said extension having
a corresponding configuration profile that dictates that all
calls from said extension are to be forwarded to voice mail.
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26. The system in claim 22, wherein said first commuzni-
cation platform forwards an incoming cail from said private
branch exchange network to said second communication
platform in response to control signals describing said
incoming ¢all as a forwarded call, wherein said second
communication platforrs services a remote target telepbone
pumber provided by a configuration profile, said configura-
ton profile corresponding to a call recipient of said incom-
ing call.

27. The systems in claim 22, wherein satd first communi-
cation platform forwards an incomiag call from said private
branch exchange network to said second communication
platform in response 1o conirol sigpals describing said
incoming call as a direct call, wherein said second commn-
nication platform services a remote target telephone mumber
provided by a caller that generated said incoming call.

28. The system in claim 1, wherein said first communi-
cation platform further includes a public switched telephone
network interface that is managed and conirolled by a
computer system through program control, said program
contro] established by using modules that make API calls to
a programming interface, so that said first communication
platform can send and receive telephone calls through said
voice communication module from a public switched tele-
phone network.

29. The system in claim 28, wherein said second metwork
is a public switched telephone network managed by a central
office swilch, said first communication platform responsive
to conirol signals generated by said central office switch.

30. The system in claim I, wherein said firsl communi-
cation platform provides private branch exchange services in
response lo a request received from said second network.

31. The systern in ¢laim 1, wherein said second commu-
nication plalform provides private branch exchange services
in response to a2 request recetved from said third network.

32. An apparatus for providing private branch exchange
services on a switched wide area network, 1he apparatus
comprising:

a communication platform having a compuler system
baving an internal memory operating under program
comirol and a lelephone network interface, said tele-
phone network interface responsive to telephone calls
received from a telephone network;

a voice communicahion module coupled to said computer
and said telephone network interface, and responsive to
voice communication comimands received from said
communpication plaiform so that telepbone calls
received from said telephone network cap be switched
1o said voice communication module for transmission
o another communication platform, said telephope
network interface and said voice communication mod-
ule coupled through a communications bus; and

wherein said communication platform includes software
designed to detect private branch exchange service
requests and subsequently exchange a phurality of sig-
nals with another communication platform for execut-
ing said private branch exchange services in response
1o said private branch exchange service requests.

33. The apparatus in claim 32 wherein said lelephone
network interface is configured to respond to data transmit-
ted by a caller using a telephone keypad, said telephone
network interface responsive 1o said data by passing said
data to said voice communication module through an inter-
nal memory of said computer system.

34. The apparatus in claim 32, wherein said communica-
ticn platform further includes a LAN interface.

35. The apparatus in claim 32, wherein said communica-
tion platform further includes a private branch exchange
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network interface that is managed and contrelled by said
computer system through program couotrel, szid program
contrel established by using modules that make API calls 1o
2 programming interface, so that said communication plat-
form can send and recetve telephone calls through said voice
communication module from extensions defined within a
private branch exchange network.

36. The apparatus in claim 35, further including means for
responding to control sigrals generaled by private branch
exchange equipment managing said private branch
exchange network, said private branch exchange network
mlerface petworked to said private branch exchange equip-
ment.

37. The apparatus in claim 36, wherein said commupica-
tion plaiform inchuides a means for forwarding an incoming
call from said private branch exchange network 1o a second
communication platform ip response to control signals
describing said incoming call as a forwarded call.

38. The apparaius in claim 37, wherein said control
signals descrnibe said incoming call by a call type and a
phone pumber from which said inconing call was sept.

39. The apparatus in claim 36, wherein said comrmunica-
tion platform provides voice mail services to an incoming
call from ap extension within said private branch exchange
network I respomse 1o control signals describing said
incoming call as a forwarded call and said extension having
a corresponding configuration profile that dictates that all
calls from said extension are to be forwarded to voice mail.

40. The apparatus in claim 36, wherein said communica-
tion platform includes a means for forwarding an incoming
call from an extension within said private branch exchange
network 10 2 remote targel lelephone number serviced by a
second communication platform in response 1o conitrol sig-
nals describing said incoming call as a forwarded call, said
remote targel telephone number obtained from a configura-
tien profile corresponding to said extension.

41. The apparatus in claim 32, wherein said communica-
fion plaiform further it includes a public switched telephone
network interface that is managed and controlied by said
computer systemn through program control, said program
control established by using modules that make API calls to
a programming interface, so that said communication plat-
form can send and receive telephone calls through said voice
commugicalion module from 2 public switched telephone
network.

42, The apparalvs in claim 41, furtber including means for
responding to control signals generated by a central office
switch managing said public switched telephone network,
said public switched telephone network interface networked
1o said public switched telepbone network through said
central office switch.

43. The apparatus in claim 42, wherein said communica-
tion platform includes means for forwarding an incoming
call from said public switched telephone petwork to a
second communication platform in response to control sig-
nals describing said incoming call as a forwarded call.

44, The apparatus in claim 43, wherein said control
signals describes said incoming call by a call type and a
phone mumber from which said incoming call was sent.

45. The apparatus in claim 42, wherein said communica-
tion platform provides voice mail services to an incoming
call from a telephone within said public switched telephone
network In response to control sigpals describing said
incoming call as a forwarded call and said telephone having
a corresponding configuration profile that dictates that all
calls from said telephone are to be forwarded to voice mail.

46. The apparatus in claim 42, wherein said communica-
tion platform includes a means for forwarding an incoming
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call from = telephone within said public switched telephone
network to a rernote target telephone nurnber serviced by a
second communication platform in response to control sig-
nals describing said incoming call as a forwarded cal), said
remote target felephone number obtained from a configura-
tion profile corresponding 10 said telephone.
47. The apparatus in claim 32, wherein said commupica-
tions bus is a signal computing system architecture bus,
48. The apparatus in claim 32, further including a memory
store and wherein said voice communication module is
responsive to call status signals stored in said memory store.
49. The apparatus in claim 48, wherein said status signals
mncludes a ring-no-apswer status, a busy status, and live
answer staius.
50. The apparatus in claim 48, wherein said voice com-
munication module uses at leas! one status signal stored in
said memory slore to provide messaging services.
51. The apparatus 1n claim 50, wherein said messaging
services Inclides voice messaging.
52. The apparatus in claim 58, wheremn said messaging
services includes fax messaging.
53. A method for providing telecommunication services,
the method comprising the sieps of:
coupling a first communication platform 1o a first network
and a second network, said first communication plat-
form responsive to a request sent through said first
network by providing telecommunication services that
correspond to said request;
coupling a second communication platformn io said first
petwork and a third network, said second commnica-
tion platform responsive 1o a request received from said
first network by providing telecommunication services
that correspond lo said requesi, said first communica-
ticn platform and said second communication platform
each including a voice cornmuuoication medule running
under program control;
managing said voice communication module s as fo
provide lelecommunicalion services coresponding to
said reques!, said telecommunication services inchid-
ing providing substantially real-lime voice communi-
cations between a first caller connecting to said first
communication platform through said second network
and a sccond caller copnecting 10 said second comma-
nication platform through said third network; and

detecting private branch exchange service requests on
either said first communication platform or said second
communication platform and subsequently exchanging
a plurality of signals between satd first comimunication
plaiform and said second communication platform for
executing said private branch exchange services in
response o said private branch exchange service
requests.

54. The method in claim 53, wherein said first commu-
nication platform is responsive to a request sent through said
second network by providing telecommunication services
that commespond to said request.

55. The method in claim 53, wherein said second com-
munication platform is responsive to a request sent through
said third network by providing control signals generated by
said private branch exchange equipment.

56. The method in claim 53, further including a step of
sending control signals from said second network when a
call from said second network is sent to said first commu-
nication platform.

57. The method in claim 56, wherein said control signals
describes said call by a call type and a phone mumber from
which said call was sent.
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58. The method in claim 57, wherein said first commm-
pication platform responds to said call by forwarding said
call to a communication platform servicing a remote target
te}ephone number when said call type describes said call as
a forwarded call and a configuration file associated with said
phone number dictates that said call be forwarded to said
remole target telephone pumber, szid remoie target lele-
phone number obtained by said first communication plat-
form from s2id configuration file.

59. The method in <laim 58, wheren said second network
is a private branch exchange network controlled by private
branch exchange equipmen! and said phone number corre-
sponds to an extension within said private branch exchange
network.

60. The meibod in claim 58, wherein said second network
is a public switched network controlled by a central office
switch.

61. The method in claim 57, wherein said first commu-
nication platform responds to said cali by forwarding said
call 10 a communication platform servicing a remote largel
telephone number when said call type describes said call as
a direct call and a caller that generaled said call dictates thal
said call be forwarded to said remotc target telepbone
number.

62. The method in claim 61, wherein said second network
is a private branch exchange network controlled by private
branch exchange ¢quipment and said phone number corre-
sponds to an extension within said privaie branch exchange
network.

63. The method in claim 61, wherein said second network
is a pubHlc swilched network controlled by a central office
switch.

64. The method in claim 53, wherein said first network is
a switched communications backbone.

65. The method 1o ¢laim 33, wherein said first network is
the Inlernet.

66. The method in claim 53, wherein said second netwaork
15 a private branch exchange network.

67. The method in claim 53, wherein said third network
is a public switched telephone network.

68. The method in claimn 53, wherein data commmnication
between said communication platform and said voice com-
munication module is accomplished through a memory
store.

69. The method in claim 53, further including & step of
coupling said communication platform with said veice com-
munication module through a signal compuling system
architecture bus.

70. The metbod in claim 53, wherein said step of provid-
ing telecommunication services in response o a request
received from said first network includes performing call
progress analysis to obtain a request slatus.

71. The method im claim 70, wherein satd request stafus
includes a ring-no-answer status signal.

72. The method in claim 71, further including a step of
responding to a ring-no-answer status signal by prompting a
caller for a voice message.

73. The method in claim 71, further including a step of
responding to a ring-no-answer status signal by prompting a
caller for a fax message.

74. The method in claim 70, wherein said request status
mcludes a busy status signal.

75. The method in claim 74, further including a step of
responding to a busy status signal by prompting a caller for
a voice message.

76. The method m claim 74, further including a step of
responding to a busy status signal by prommpting a caller for
a fax message.
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77. The method 1n clatm 78, wherein said step of provid-
ing snbstantially real-time voice commanication nchudes a
step of responding 1o a live answer status signal.

78. A method for providing telecommunication services
on a swilched communication backbone, the method com-
prising the steps of:

providing a first communication platform having a tele-

phone network interface and 2 voice comimuscation
module;

nelworking said first communication platform o a local

telephone network through said ielephone network
interface, and 10 the switched communication backbone
through said voice communication modute;

wherein said first communication platform responds 1o a
telephone call received from said local telephone pet-
work from a caller by:
receiving a lelephone call,
prompling for a destination lelephone number,
storing said destination telephone number in an internal
memory when received,

establishing a veice communication link with a desti-
nation communication platform that services a local
area defined by said destination telephone pumber,
said destination communication platform having a
telephone network interface and a voice corpmwni-
cation module, and

passing said lelephone number from said internal
memory to destination communication platform
through said voice communication link;

detecling private branch exchange service requests and
subsequently exchanging a plurality of signals
between said first communication platform apd sajd
destination communication platform for executing
said privale branch exchange services in response 10
said private branch exchange service requests; and

wherein said destipation communication platform
responds 1o said telephone pumber by calling said
destination lelephone number, and establishing a live
call if said siep of calling results in a live answer
status.

79. The method in claim 78, wherein said destipation
communication platform iniliales a veice messaging service
if said step of calling results in a ring-no-answer status.

80. The method in claim 78, wherein said destination
communication platform initiates fax messaging services if
said step of calling resulls in a ring-no-answer slatus.

81. The method in claim 78, wherein said destination
communication platform initiates messaging services if said
step of calling results in a busy status.

82. The method in claim 78, wherein said destination
commupication platform initiates fax messaging services if
said step of calling resulis in a ring-no-answer status,

83. The method in claim 78, wherein said step of estab-
lishing said live call includes the steps of:

sending said live answer stalus 1o a voice communication
module of said destination communication platform,
sard voice communication module switching said tele-
phone call 1o an available time slot, said time slot
coupling said telephone network interface and said
voice communication module of said destination com-
municalion platform; and

sending a packet of information indicating a live answer
status to said first communication platform through the
switched communication backbone via said voice com-
munication module of said destination communication
platform.
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84. The method in ¢laim 83, wherein said voice commu-
pication module of said first communication platform
responds 10 said packel of infommation indicaling a live
answer slatus by sending an inlerral command indicating a
live answer status and switching on said caller with an
available time slot, said time slot establishing voice com-
mupication from said voice communication module of said
first communication platformn with said telephone nefwork
interface of said first communication plaiform.

85. A method for providing telecomrmunication services
on the switched communication backbone, the method com-
prising the steps of:

providing a first and second communication platform,

each of said platforms having a telephone petwork
interface and a voice communicziion medule;

networking said firsi communicalion platform to a local
lelephone network and said second communication
platform 1o a remote telephone network;

networking said first and said second communication

platforms to ultimalely connect to the switched com-

munication backbone through said voice communica-

tion module of said first communication platform and

said voice commmnication module of said second com-

mumecation platform, respectively; and

wherein said first communication platform responds to a

telephone call received from a caller on said local

telephone network by:

prompting for a destination telephone number,

storing said destination telephone number in an internal
mermory when received,

establishing 2 voice communpication link with a desti-
nation communication platform that services sad
destination telephone number,

passing said lelephone pumber from said internmal
memory to destination communication platform,

initiating 2 lelephone call using said destination tele-
phone number throngh a telephone network coupled
to said second communication platform; and
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deteciing private branch exchange service requesis on
said first communication plaiform and subsequently
exchanging a plurality of signals between said first
communication platform and said destination com-
munijcatiop platform for executing said private
branch exchange services in response 1o said private
branch exchange service requesls.

86. The method of claim 83, further inchiding a step of
providing time slots in said first cominunication platform
apnd said second communication platform if said telephose
call 1s answered by a recipient.

87. The method of claim 86, further including a siep of
playing a voice prompt to said caller if said telephone call is
pot answered by a call recipient.

88. The method of claim 86, further inchuding the step of
placing said caller and said call recipient into separate time
slots in response 1o an on-hold request by said caller.

89%. The method of claim 88, fusther including the steps of:

placing a call to a third partly in response to a telephone

pumber received from said caller;

connecting said caller and said third party if said call is

answered by said third-party; and

conpecting sajd call recipient with said caller and said

third party if said caller places a conference request
after said call is answered by said third party.

90. The method of claim 89, further including the step of
removing all allocated time slots to said caller, said cal}
recipient, and said third party after said caller hangs-up.

91. The method of claim 88, further inchuding the steps of:

placing a call to a third panly in response to a telephone

number received from said caller;

connecting said caller and said third party if said call is

answered by said third-party; and

disconpecting said call recipient from said caller and

comnecting said third party to said call recipient, if said
caller places a transfer request after said call is
answered by said third pany.
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