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(57) ABSTRACT 

A system and a call forwarding manager device for provid 
ing Internet telephony to a subscriber’s premises via the 
subscriber’s Internet connection, facilitated by the subscrib 
er’s analog telephone connection. Incoming analog tele 
phone calls are received by the call forwarding manager 
connected to the subscribers analog telephone line, Which 
responds by generating a request for service from a voice 
gateWay, Which may be remotely located. The voice gateWay 
then generates an Internet telephone connection from the 
voice gateWay to an Internet protocol telephone oWned by 
the subscriber, and then connects the analog telephone call 
via the voice gateWay to the Internet protocol telephone via 
the subscriber’s Internet connection. 
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SYSTEM AND DEVICE FOR INTEGRATING IP 
AND ANALOG TELEPHONE SYSTEMS 

CROSS-REFERENCE TO RELATED 
APPLICATION 

[0001] This application is a division of US. patent appli 
cation Ser. No. 09/723,099, ?led Nov. 27, 2000, entitled 
SYSTEM AND DEVICE FOR INTEGRATING IP AND 
ANALOG TELEPHONE SYSTEMS, now US. Pat. No. 
7,203,186, issued Apr. 10, 2007, the entirety of Which is 
hereby incorporated by reference herein. 

FIELD OF THE INVENTION 

[0002] The present invention relates to systems for pro 
viding telephony via the Internet and via legacy POTS 
telephone equipment. 

BACKGROUND OF THE INVENTION 

[0003] The telephone has become a nearly universal appli 
ance in modern homes and business. While other commu 
nications media such as the Internet and satellite and radio 
communications have advanced, the telephone remains the 
most popular instrument for communication today. Unfor 
tunately, telephone technology has not been substantially 
enhanced since its introduction. Telephone connections con 
tinue to use analog electrical signal transmission over 
tWisted-pair Wires, betWeen individual telephone terminals. 
While substantial advancements have been made in the 
transmission of telephone signals, including the use of 
sophisticated digital sWitching, digital compression and 
decompression and digital transmission, telephone terminals 
remain analog devices connected to standard analog POTS 
telephone lines. MeanWhile, other communications media, 
such as the Internet, radio and satellite have evolved utiliZ 
ing digital technology, Which substantially enhances the 
?exibility of those communication systems, While also 
improving the quality of transmission. 

[0004] Recently, With the promulgation of the voice over 
IP protocol H.323 (VoIP), and the emergence of H.323 
compatible softWare such as “NetMeeting”, digital Internet 
telephony has become increasingly popular. Digital Internet 
telephony is accomplished by established a VoIP connection 
via an existing Internet connection, using the H.245 call 
management protocol; and then initiating an exchange of 
information betWeen terminals compatible With the H.323 
communication standard. 

[0005] VoIP terminals typically are computer systems hav 
ing Internet connections available for established H.323 
communication. HoWever, more recently, stand alone VoIP 
telephone sets have been developed, Which are attachable to 
an Internet connection. Furthermore, hand sets are available 
for use With computer systems to facilitate the use of the 
computer system and its Internet connection to perform VoIP 
telephony. Using these devices, VoIP telephony has become 
increasingly popular. This popularity is in no small part due 
to the lack of communication surcharges on traf?c passed 
over the Internet, as compared to the toll based charges for 
standard telephone service performed via local area tele 
phone and long distance telephone carriers. 

[0006] A di?iculty With VoIP telephony is the need to 
provide standard POTS telephone connectivity to environ 
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ments in Which digital telephones are in use. A VoIP tele 
phone is not readily con?gurable to operate as a standard 
analog telephone, to send and receive calls using POTS 
telephone standards. Although VoIP telephony is expected to 
become Widely used as a method for telephone communi 
cation, it Will be necessary for VoIP telephony to coexist 
With preexisting POTS telephony systems for a substantial 
period of time to come. Therefore, to convert completely to 
VoIP telephony, it is necessary to adapt VoIP telephones to 
operate properly utiliZing standard POTS telephone service. 

[0007] The most popular environment in Which VoIP 
telephony has been used, is large corporate campuses or 
other substantial installations. In these environments, VoIP 
telephony may be used Within the campus, and communi 
cations to outside VoIP or POTS telephone devices can be 
managed through a central point for the entire installation. 
VoIP/ POTS interfacing and management requires the use of 
specialiZed hardWare devices knoWn as a voice gateWay and 
call manager. 

[0008] A voice gateWay (also knoWn as a media gateWay) 
is a specialiZed telephone hardWare device including analog 
to digital and digital to analog conversion systems, that 
convert an analog POTS telephone line to be connected to 
one of a number of Internet VoIP telephone sets, so that 
outbound calls may be originated from a VoIP telephone set 
and terminated via the publicly sWitched telephone netWork, 
and inbound calls from the publicly sWitched telephone 
netWork can be delivered as VoIP calls to an appropriate 
telephone. A voice gateWay thus permits VoIP telephones to 
send and receive POTS analog telephone calls. Furthermore, 
a voice gateWay may be used to permit POTS analog 
telephones to send and receive VoIP Internet telephone calls 
using the same hardWare of the voice gateWay. Thus, a voice 
gateWay is installed at a corporate campus or other substan 
tial installation, to permit use of VoIP telephones and legacy 
POTS telephone sets throughout the installation, With the 
voice gateWay providing interface betWeen the publicly 
sWitched telephone netWork, an Internet connection, and 
each of the telephones in the corporate campus. 

[0009] A voice gateWay is typically installed along With a 
call manager (also knoWn as a call agent or media gateWay 
controller) Which is responsible for managing the activities 
of the voice gateWay. The call manager includes routing 
tables identifying the manner in Which incoming and out 
going POTS analog and VoIP digital telephone calls should 
be routed. The call manager utiliZes these routing tables to 
instruct the voice gateWay to perform appropriate actions to 
connect telephone calls to their desired destinations. 

[0010] The use of voice over IP or VoIP telephony has 
been limited thus far to corporate campuses and other large 
installations, for the reason a voice gateWay and a call 
manager are complex and expensive hardWare devices. The 
expense of these devices can only be justi?ed When the 
potential cost savings from the use of VoIP telephony, Will 
exceed the expense of the voice gateWay and call manager. 
Normally this is possible With large installations Where the 
voice gateWay and call manager can be shared by a large 
number of telephone systems that are under common oWn 
ership. 

[0011] Recently, a number of services have been intro 
duced for the purpose of facilitating individual or small 
corporate use of VoIP telephony. For example, a service 
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known as DiaIPad has been established for use by users With 
computer systems capable of VoIP telephony. According to 
the DiaIPad system, a user having an independent Internet 
connection connects to the DiaIPad Internet site and delivers 
a VoIP address or standard analog POTS telephone number 
to the DiaIPad server. The DiaIPad server is connected to 
both a voice gateway and a call manager, in turn connected 
to the Internet backbone and to the publicly sWitched 
telephone netWork at one or a number of local areas. The 
server is capable of delivering a VoIP telephone call to a 
VoIP telephone recipient via Internet connections and is also 
able to utiliZe the voice gateWay to translate a VoIP tele 
phone connection from VoIP to standard POTS telephone 
service for delivery to a standard POTS telephone number. 
DiaIPad thus permits a individual or small business user to 
perform VoIP telephony and POTS telephony over a single 
Internet connection, hoWever such a user may not receive 
telephone connections, but may only originate. 

[0012] A second service, provided to cellular telephone 
users by Ericsson, is knoWn as Phone Doubler. This service 
Will deliver telephone calls received at a standard POTS 
telephone number to a VoIP telephone set, provided that 
VoIP set is currently connected through an ISP and Internet 
connection. Thus, this service permits inbound POTS analog 
telephone connections to be routed to a VoIP telephone on an 
individual basis. HoWever, this service does not permit 
outbound telephone communication. 

[0013] Athird service ofthis kind is knoWn as Pagoo.com. 
In this service, a subscriber obtains a standard POTS tele 
phone number Which is oWned by Pagoo and is terminated 
at Pagoo’s telephone server. An inbound dialing party con 
nects to Pagoo’s server and provides a three digit extension 
identifying a speci?c subscriber. This three digit extension is 
used to route the inbound telephone connection to either a 
VoIP connection at a computer or a standard analog POTS 
connection at a subscriber-speci?ed telephone number. To 
maintain connectivity using the Pagoo system, a subscriber 
must log in to the server and register a telephone number or 
computer Internet address before telephone calls may be 
received. A dedicated VoIP telephone may not be used With 
the Pagoo system for the reason that it cannot be logged into 
the server. Furthermore, the Pagoo system does not support 
outbound telephony, but only inbound telephony using a 
Pagoo telephone number and a three digit extension. 

[0014] It can be seen by the foregoing, that the Internet 
telephony options available to small business and residential 
users, are substantially limited. Aneed therefore exists for a 
methodology and system that permits the use of Internet 
telephony by residences and small business in a manner 
directly analogous to the current use of analog POTS 
telephone service, including inbound and outbound service, 
multiple inbound and outbound lines, and all other conve 
niences and features of modern POTS analog telephony. 

SUMMARY OF THE INVENTION 

[0015] The invention satis?es this need by providing Inter 
net telephony to a subscriber’s premises via the subscriber’s 
Internet connection, facilitated by the subscriber’s analog 
telephone connection. Incoming analog telephone calls are 
received by a call forWarding manager connected to the 
subscriber’s analog telephone line, Which responds by gen 
erating a request for service from a voice gateWay, Which 
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may be remotely located. The voice gateWay then generates 
an Internet telephone connection from the voice gateWay to 
an Internet protocol telephone oWned by the subscriber, and 
then connects the analog telephone call via the voice gate 
Way to the Internet protocol telephone via the subscriber’s 
Internet connection. 

[0016] In the described embodiment, the call forWarding 
manager is located at the subscriber’s premises, and con 
nected to an analog telephone line at the subscriber’s pre 
mises. The voice gateWay is remote from the subscriber’s 
premises. In this approach, the voice gateWay may be 
utiliZed by multiple subscribers simultaneously to provide 
conversion betWeen Internet telephony and analog tele 
phony standards, thus spreading the cost of that device 
across multiple subscribers. 

[0017] In this embodiment, the voice gateWay is managed 
by a call manager, Which receives requests for service from 
the call forWarding manager, and establishes Internet tele 
phone connections from the voice gateWay to the Internet 
protocol telephone for use by the voice gateWay. The analog 
telephone call is connected to the voice gateWay by delivery 
of one or more of TAPI, JTAPI, SCTP, or proprietary 
interface commands to a telecommunications exchange 
sWitch. In the described embodiment, the call manager 
performs a data driven call management application, Which 
can include providing enhanced services to the subscriber 
including establishing pick groups, hunt groups, call for 
Warding and voice messaging for the Internet protocol 
telephones of the subscriber. 

[0018] To facilitate such advanced functions, in this 
embodiment the call forWarding manager receives dialed 
number information service (DNIS) data regarding an ana 
log telephone call and forWards the DNIS data as part of 
requesting gateWay service. The DNIS data may be used, for 
example, in identifying an Internet protocol telephone as a 
recipient of an analog telephone call. The call forWarding 
manager may also receive automatic number identi?cation 
(ANI) data regarding an analog telephone call and forWard 
it as part of a request for service. The ANI data can also be 
used in identifying an Internet protocol telephone as a 
recipient of the analog telephone call. DNIS and ANI data 
may also be used in voice response systems implemented by 
the call manager. 

[0019] Aspects of the invention include the above-de 
scribed method and apparatus for performing analog/IP 
telephony, as Well as the call forWarding manager per se. The 
call forWarding manager comprises an analog telephone 
connection for connection to an analog telephone line to 
capture one or more of dialed number information service 
data or automatic number identi?cation data, and a digital 
communications connection for delivering a request for 
service including one or more of the dialed number infor 
mation service data or automatic number identi?cation data. 

[0020] The digital communications interface of the call 
forWarding manager may be a serial connection such as 
USB, FireWire or Ethernet, or may be a parallel connection 
such as IEEE-488, or PCI, ISA (in the latter tWo cases, the 
call forWarding manager may be in the form of a PC card) 

[0021] The call forWarding manager may also incorporate 
advanced functionality such as ?reWall and VPN systems for 
managing communications via a digital connection, an 



US 2007/0211698 A1 

ADSL, cable, or wireless modem, and/or quality of service 
and RSVP service systems for managing communications 
via the digital communications connection. 

[0022] The above and other objects and advantages of the 
present invention shall be made apparent from the accom 
panying drawings and the description thereof. 

BRIEF DESCRIPTION OF THE DRAWING 

[0023] The accompanying drawings, which are incorpo 
rated in and constitute a part of this speci?cation, illustrate 
embodiments of the invention and, together with a general 
description of the invention given above, and the detailed 
description of the embodiments given below, serve to 
explain the principles of the invention. 

[0024] FIG. 1 is a telephone network architecture in accor 
dance with principles of the present invention; 

[0025] FIG. 2A is a ?ow chart illustrating operations of the 
above described equipment in terminating an incoming 
voice over VoIP call from an Internet connection; 

[0026] FIG. 2B is a ?ow chart illustrating the process for 
handling an incoming analog/POTS telephone call from the 
publicly switched telephone network directed to an IP tele 
phone; 
[0027] FIG. 2C is a ?ow chart illustrating the process for 
generating outgoing calls. 

DETAILED DESCRIPTION OF SPECIFIC 
EMBODIMENTS 

[0028] Referring now to FIG. 1, a telephone network 
architecture for combined VoIP, data, and analog POTS 
telephony in accordance with the principles of the present 
invention can be explained. In the combined system 10 
illustrated in FIG. 1, the publicly switched telephone net 
work 12 and Internet 14 are utiliZed for telephony originat 
ing from the premises 16 of a subscriber. As can be seen on 
FIG. 1, the subscriber’s premises 16 includes computer 
systems 17 arranged for Internet telephony using, for 
example, “NetMeeting”, as well as dedicated IP telephones 
18. These IP telephones and computer systems interconnect 
for Internet telephony via a network connection such as an 
Ethernet connection 20 connected between each of the 
computer systems. Ethernet connections 20 may be routed 
through Ethernet switches or an Ethernet hub for use of a 
digital subscriber line (DSL) Internet connection. The 
switches or hub used for networking may be alone devices 
or alternatively may be incorporated within a digital sub 
scriber line modem 22. 

[0029] Subscriber premises 16 also includes a call for 
warding manager 24 utiliZed in the manner described below 
to facilitate conversion between analog and Internet tele 
phony. As will be elaborated below, call forwarding manager 
24 is a proprietary hardware device for connection to a 
standard analog POTS telephone line such as line 32 illus 
trated in FIG. 1, and connection to an Internet connection 
such as via Ethernet connection 20 illustrated in FIG. 1. Call 
forwarding manager 24 receives incoming POTS telephone 
calls as a trigger to initiate VoIP telephony. CFM 24 may add 
value to this function by extracting from inbound calls 
dialed number information service (DNIS) data as well as 
automatic number identi?cation (ANI) information. The 
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purpose of call forwarding manager 24 is to identify calls, 
optionally collect DNIS and ANI information, and forward 
this data via the DSL or another Internet connection to a call 
manager so that analog calls may be appropriately termi 
nated at a suitable voice gateway for subsequent connection 
to IP telephony equipment. 

[0030] CFM 24 may also include additional value added 
features. For example, the CFM 24 may incorporate a DSL 
modem, eliminating the need for a separate modem. Other 
functions that might be incorporated include an Ethernet hub 
or switch, ?rewall or virtual private networking (VPN) 
functionality, quality of service (QOS) or RSVP services for 
local area networking, or other administrative functions. 
Furthermore, CFM 24 may be con?gured as a computer 
peripheral for a computer system such as 17 at the subscrib 
ers premises, in which case the digital connections of the 
CFM 24 may be made via a Universal Serial Bus (USB), 
Firewire or other serial connection, or a IEEE-488 parallel 
port connection. CFM 24 could also be constructed as an 
expansion card for a computer system 17, in which case the 
digital connections of the CFM may be made via PCI, ISA 
or other internal bus connections. 

[0031] Call forwarding manager 24 may include a POTS 
jack for connection to an analog telephone line and an 
analog telephone 23. This would permit POTS telephony to 
be used in unusual circumstances such as ADSL link fail 
ures. Alternatively, CFM 24 may be con?gured as a mixed 
capability IP/ analog telephone, positioned and used as an IP 
telephone under ordinary circumstances but also available 
for POTS/analog telephony in emergency situations. 

[0032] As a further alternative, CFM 24 may operate as a 
backup gateway for the IP telephones, usable in the event 
that the main Internet connection fails. In such a circum 
stance, the IP telephones may be con?gured, on timeout to 
the main connection, to connect to the CFM 24 so that the 
CFM 24 may provide backup gateway services by connec 
tion to the POTS telephone line. In this embodiment, the 
subscriber may have multiple POTS telephone lines, each 
coupled to the CFM 24, so that CFM 24 may provide 
multiple lines of service as a backup to IP telephony via the 
Internet connection. 

[0033] CFM 24 may also provide connectivity to services 
other than IP telephony. For example, CFM 24 may provide 
an interactive voice response service, or connect to such a 
service, that can provide services such as Intemet-routed 
X10 control of business or household appliances, via a voice 
response system. Other possibilities for voice response 
and/or Internet services may also be made available through 
CFM 24. 

[0034] As seen on FIG. 1, the subscriber premises 16 
utiliZes only a DSL telephone connection for all telephony 
and Internet communications performed by the subscriber. 
As is known in the art, a digital subscriber line telephone 
connection utiliZes frequency band multiplexing; analog 
POTS telephone data is carried at frequencies below 4.0 kHZ 
and a digital data modulated at frequencies between 4.0 kHZ 
and 1.1 MHZ. Within the subscriber premises, analog tele 
phone connections may be made to the DSL telephone line 
utiliZing ?lters or diplexers (POTS splitters). Such equip 
ment is used by CFM 24 to interact only with analog 
telephone signals on line 32. DSL modem 22 incorporates 
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?ltering circuitry to operate only With DSL telephone line 34 
in the upper frequency band of 4.0 kHZ to 1.1 MHZ, for data 
communications. 

[0035] A DSL telephone connection 30 is supported by a 
DSL access multiplexor (DSLAM) 40 maintained by the 
local telephone carrier. DSLAM 40 is used by the telephone 
carrier to provide DSL connections to plural subscribers in 
a given geographic area. DSLAM 40 connects to the central 
of?ce sWitch 42 maintained by the local telephone carrier 
Which provides all analog/POTS telephone connection 
sWitching for all analog/POTS connections to subscribers 
through DSLAM 40. DSLAM 40 is further connected to the 
Internet 14 via a suitable netWork connection, such as a 
router maintained by the local telephone carrier or an 
af?liated Internet access provider. 

[0036] DSL access is provided by telephone carriers on the 
assumption that all telephony tra?ic Will continue to be 
routed on analog/POTS service through DSLAM 40 to 
central of?ce sWitch 42, and from there to the publicly 
sWitched telephone netWork 12 via connection 43. In accor 
dance With the principles of the present invention, a sub 
scriber may utiliZe Internet IP telephony in all cases via an 
independent service provider and thereby discontinue use of 
direct analog/POTS telephony via the local carrier central 
of?ce sWitch 42, except perhaps in emergency conditions. 
This permits the subscriber to access loWer cost of service IP 
telephony Without any resulting loss of convenience to the 
subscriber. 

[0037] To facilitate this goal, an independent service pro 
vider provides a voice gateWay 44 and call manager 46 
Which are shared by plural subscribers connected via DSL 
service to local telephone carrier(s). Voice gateWay 44, 
Which in one embodiment of the invention is a CISCO 
VG200 available Cisco Systems, Inc., is connected to the 
publicly sWitched telephone netWork 12 via a time division 
multiplexing (TDM) or foreign exchange o?ice (FXO) con 
nection, and connected to the local telephone central o?ice 
sWitch 42 via a similar TDM or FXO connection. Voice 
gateWay 44 is also connected to DSLAM 40 via an Ethernet 
connection directly or indirectly leading to a router to permit 
the exchange of digitiZed voice packets betWeen voice 
gateWay 44 and DSLAM 40. 

[0038] A call manager 46 is also interconnected to voice 
gateWay 44, via an Ethernet connection directly or indirectly 
leading to a router permitting call manager 46 to control 
operations of voice gateWay 44 using media gateWay control 
protocol (MGCP) commands as described in further detail 
beloW. Optionally, call manager 46 may be connected to 
central of?ce sWitch 42 using a telephony application pro 
gramming interface (TAPI) connection 45 that may be 
provided by the telephone carrier. Call manager 46 is further 
connected to an Internet connection 14 such an Ethernet 
connection directly or indirectly leading to a router, to 
permit call manager to receive Internet protocol requests and 
responses from call forWarding manager 24, IP telephones 
18 and remote call manager 46. Call manager 46, in one 
embodiment of the present invention is a CISCO MCS 783x, 
also available from CISCO Systems, Inc. 

[0039] The TDM or FXO connections available to voice 
gateWay 44 permit voice gateWay 44 to terminate incoming 
analog/POTS telephone calls and convert those calls for use 
by IP telephones 18. Furthermore, calls originated by IP 
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telephones 18 that are to be delivered to analog/POTS 
recipients may be converted by voice gateWay 44 for deliv 
ery via TDM to the publicly sWitched telephone netWork 12 
or the central of?ce sWitch 42. In a Wide area implementation 
of the present invention, a plurality of call manager 46/voice 
gateWay 44 pairs Will be positioned at a variety of local 
telephone calling areas. The voice gateWay/call manager 
pairs may be grouped at one or more central telephone 
facilities, netWorked to the local telephone facilities, and/or 
may be located at the facitliy of an Internet service provider 
and may be interconnected via Internet networking or via 
intranets (Which may be proprietary or may be leased from 
communications carriers). 

[0040] Referring noW to FIG. 2A, operations of the above 
described equipment in terminating an incoming voice over 
VoIP call from an Internet connection can be explained. In 
step 100, the incoming VoIP telephone call is received using 
the H.323 protocol standard. Step 102, the VoIP is termi 
nated at the call manager 46. This Will occur because the 
destination IP address for any IP telephone oWned by a 
subscriber Will be directed to the IP address of the call 
manager 46, in all name services to Which the subscriber 
identi?ed. Upon receiving the call in step 102, in step 104 
the call manager 46 Will utiliZed internal tables to identify 
the subscriber premises 16, and the IP address of the desired 
destination IP telephone at the subscriber premises 16. The 
call manager 46 Will then ring the destination IP telephone 
utiliZing the H.323 protocol standard. Note that a subscriber 
16 may have multiple IP telephones each assigned its oWn 
IP address. The use of multiple telephones may be facilitated 
by call manager 46 simply by providing separate IP 
addresses for each desired IP telephone in the routing tables 
at call manager 46. 

[0041] When call manager 46 rings the desired IP tele 
phone, it Will either be busy, ansWer, or not ansWer. If busy 
or no ansWer occurs in step 106, then in step 108 the call 
manager 46 may terminate the H.323 connection to the 
incoming call thus ending the IP telephone exchange. Alter 
natively, call manager 46 can provide additional services 
beyond simply routing of telephone connections to IP tele 
phones. For example, IP telephone calls received from call 
manager 46 may be routed to voice messaging in a no 
ansWer or busy condition, or may be forWarded to an 
identi?ed IP or analog/POTS telephone in such conditions, 
for example to a monitoring extension at the subscriber 
premises 16. Furthermore, call manager 46 may manage a 
hunt group or pick group of IP telephones in the manner 
analogous to that provided by local telephone carriers for 
analog/POTS telephone subscribers. All of these functions 
can be readily facilitated by call manager 46 because all 
VoIP traf?c is delivered to call manager 46, Which may 
access destination IP address and provide subscribed ser 
vices of any variety that may be desired by a subscriber. 
Additionally, the call manager 46 may provide some form of 
audible and/or visible prompting at the recipients’ IP tele 
phone or computer station and alloW the recipient to pick up 
the incoming call (this may form, e.g., a call Waiting 
service). 
[0042] If the IP telephone at the subscriber premises 16 
ansWers the call (step 110), then the call manager 46 Will 
relay the IP address of the ansWering IP telephone to the 
calling IP telephone via the Internet connection in step 112. 
At this point, the calling IP telephone and called IP telephone 
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have exchanged IP addresses terminal capabilities, and 
creation of media channels and may begin Internet tele 
phony. At this point, voice data is exchanged betWeen the 
caller and the called IP telephone using the RTP/RTCP over 
UDP protocols across the Internet. Alternatively, for asyn 
chronous transfer mode (ATM) digital subscriber line con 
nections, voice data may also be exchanged using quality of 
service (QOS) exchange to the H.323/ATM standard. 

[0043] Referring noW to FIG. 2B, the process for handling 
an incoming analog/POTS telephone call from the publicly 
sWitched telephone netWork directed to an IP telephone, can 
be explained. As an initial point, it should be noted that the 
subscriber obtains from the local telephone service one or a 
number of telephone numbers. The local telephone carrier 
therefore Will forWard calls directed to these numbers from 
the analog/POTS telephone netWork to the subscriber’s 
analog telephone line 32. These calls Will then delivered to 
any analog telephone connected at the subscriber premises 
16, and most particularly to the call forWarding manager 24 
noted above. Incoming analog calls are delivered With DNIS 
information identifying the assigned telephone number to 
Which the call is directed as Well as optionally ANI infor 
mation identifying the calling party. 

[0044] In step 122, When an analog call is delivered to 
POTS line 32 at the subscribers premises 16, the call 
forWarding manager 24 picks up the line and terminates the 
call at the CFM 24. In step 124, CFM 24 captures the dialed 
number information service (DNIS) data and optionally also 
the automatic number identi?cation (ANI) data for the 
incoming call, for later use in routing the call to one of the 
computer 17 of IP telephones 18 at the subscribers premises 
16. To facilitate such routing, the call forWarding manager 
24 generates a VoIP request message to be delivered via its 
Internet connection on line 20 (via the DSL connection and 
other Internet and IP connections) to call manager 46. The 
message delivered by CFM 24 to call manager 46 includes 
the DNIS and ANI information received from the call 
terminated on line 32 (step 126). 

[0045] At this point, the call manager 46 is aWare that a 
call has been made from the analog/POTS telephone net 
Work to the subscriber’s premises 16. In the folloWing steps, 
the call manager 46 routes this call via voice gateWay 44 for 
delivery to the one of the IP telephones 18 or a subscriber 
computer 17. Many possible methodologies may be used for 
such routing. In one possible implementation, the entity 
providing the call management service may arrange With the 
local telephone carrier, to obtain a telephony application 
programming interface (TAPI) connection 45 directly or 
indirectly leading to a router to the local telephone company 
central office sWitch, Which permits direct control of the 
sWitch by the call manager 46. In this implementation, in 
step 128, the call manager 46 may use the TAPI interface 45 
to instruct the local telephone company sWitch 42 to circuit 
sWitch the call received by the analog/POTS telephone line 
connected to the CFM 24, to the voice gateWay 44. 

[0046] An alternative implementation does not require the 
use of TAPI interface 45 to the telephone company central 
of?ce sWitch 42. In this alternative implementation, the call 
manager 46 uses a call forWarding service of the local 
telephone company to instruct the local telephone company 
sWitch circuit sWitch the call received by the analog/POTS 
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telephone line connected to the CFM 24, to an analog/ POTS 
telephone number corresponding to the voice gateWay 44 
(step 129). 
[0047] In either implementation described above, the call 
being received by the CFM 24 is circuit sWitched to the 
voice gateWay 44, Where the call is terminated as an analog/ 
POTS call. In the subsequent step 130, the call manager 46 
utiliZes previously determined setup information to deter 
mining hoW to handle the incoming call. For example, in 
step 134 the call manager 46 may identify a speci?c IP 
telephone 18 to Which the call should be rerouted based upon 
the DNIS of the call. Alternatively, in step 132 the call 
manager 46 may perform automatic call distribution, or 
manage a hunt group, based upon the DNIS or ANI of the 
call received at the CFM 24 to identify a speci?c IP 
telephone 18 to Which the call should be rerouted. It Will be 
appreciated that a Wide variety of subscriber services may be 
controlled by call manager 46 based upon subscriber pref 
erences and that these preferences may be selected by 
subscriber on a fee for service basis. 

[0048] A subscriber may establish preferences via Internet 
interfaces, e.g. Web broWser interface, to call manager 46. 
Alternatively, call management parameters may be estab 
lished at a computer system 17 at the subscriber premises 16, 
in Which case the call manager 46 may access these pref 
erences from the computer system 17 prior to instructing the 
voice gateWay 44 as to proper termination of the incoming 
call. Alternatively, the call manager may direct the incoming 
call to an automated directory service With store and forWard 
voice prompting to select an appropriate IP destination for 
the call. 

[0049] In any of the above described cases, after deter 
mining appropriate handling of the incoming call, in step 
136 the call manager 46 delivers a media gateWay control 
protocol (MGCP) connection request to the voice gateWay 
44, to terminate a call from the local telephone company 
central of?ce sWitch 42. In step 140, the call manager 46 
then “rings” the destination IP telephone 18 using the H.323 
protocol standard. At this point, the IP telephone Will either 
ansWer, not ansWer or be busy. These cases are handled 
separately by call manager 46 as appropriate for the sub 
scriber preferences. 

[0050] If the destination IP telephone is busy or does not 
ansWer in step 142, then the call manager 46 ends the MGCP 
connect request to the voice gateWay 44 and then takes 
appropriate action on the incoming call in step 144. As noted 
above, this may include routing to alternative IP telephones 
using hunt or pick groups, providing voice messaging, call 
forWarding or other added value services according to 
subscriber preferences and programming. 

[0051] Alternatively, if the IP telephone ansWers the call in 
step 146, the call manager 46 Will notify the voice gateWay 
44 that the call has been ansWered using the MGCP protocol 
in step 150 and then in step 152, digitiZed voice packets Will 
be exchanged betWeen the caller and the call IP telephone 
via the voice gateWay 44 using RTP/RTCP over UDP 
protocols, or QOS and Native H.323/ATM, as described 
above. 

[0052] Referring noW to FIG. 2C, the process for gener 
ating outgoing calls can be described. In step 160, an 
outgoing call is generated from one of the IP telephones 18 
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at the subscribers premises 16. This involves establishing, in 
step 162, an H.323 connection to call manager 46. In step 
164, the call manager 46 then evaluates the destination, 
which may be an analog/POTS telephone number, or an 
Internet destination for an IP telephone. In the case of an 
Internet destination, the call manager 46 may provide or 
access ILS name services of VoIP destinations, to identify a 
speci?c Internet address for the destination IP telephone. 
Then, in step 166, the call manager 46 utiliZes information 
about the destination to elect a routing preference, which 
may be based upon the destination’s geographic location, 
the time, the day, quality of service parameters or subscriber 
preferences. 
[0053] A ?rst option that can be utiliZed by the call 
manager 46 is to route telephone calls via the telephone 
company central of?ce switch 42 in step 168. In this 
situation, the call manager 46 will deliver in step 170 at 
MGCP connection request to the voice gateway 44 identi 
fying the IP telephone originating the call. Then in step 172, 
the voice gateway 44 will initiate an H.323 connection with 
the IP telephone 18. At the same time, the voice gateway 44 
will ring the destination telephone using standard analog/ 
POTS telephony via the telephone company switch 42. 
Thereafter, voice data will be exchanged between the calling 
IP telephone 18 and voice gateway 44 using an IP protocol, 
such as RTP/RTCP over UDP or QOS and Native H.323/ 
ATM. This voice data will then be converted to analog data 
for delivery to the central of?ce switch 42 which relays that 
data to the via the public telephone network to the destina 
tion telephone. 

[0054] The call manager 46 may also elect to route calls 
using Internet or intranet routing. In step 176, the call may 
be routed using the public Internet, for example where the 
subscriber preferences or quality of service or available 
facilities do not permit intranet routing. Intranet routing in 
step 177 may be used whenever it is available and has been 
elected. 

[0055] A third alternative for the call manager would be to 
route the call to a circuit switched long distance carrier from 
the voice gateway using MGCP commands from the call 
manager and SS7 signaling with the circuit switched long 
distance carriers’ equipment. 

[0056] In each case, in step 178 the call manager 46 will 
deliver information about the call to a remote call manager 
for the destination region. The remote call manager will then 
determine destination routing in step 178 so that the call may 
be delivered to the appropriate destination. If the appropriate 
destination is an analog/POTS telephone in step 180, then 
the remote call manager will deliver an MGCP connection 
request to a remote voice gateway identifying the telephone 
originating the call and the destination telephone number. In 
step 182, the remote call manager will then initiate an H.323 
connection with the IP telephone and also ring the destina 
tion telephone via a remote telephone company switch. Then 
in step 186, voice data will be exchanged between the 
calling IP telephone and the remote voice gateway with the 
protocols mentioned earlier in step 174 and that voice data 
will be converted to analog/ POTS data delivered through the 
remote central of?ce switch to the remote telephone number 

[0057] Where the remote telephone number being called is 
an IP telephone, then an IP destination is identi?ed by the 
call manager. In this case, in step 190, the remote call 
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manager will ring destination IP telephone using H.323 
protocol standard. If the remote IP telephone is busy or does 
not answer in step 192, then in step 194, the remote call 
manager will take appropriate action on the incoming call 
which may simply involve terminating the connection, or if 
the remote IP telephone is a subscriber to enhanced services 
provided by the call manager, then the remote call manager 
may provide enhanced services as described above such as 
pick groups, hunt groups, voice messaging, call forwarding 
and the like. 

[0058] If the remote IP telephone answers the call in step 
196, then the call manager will relay the answer to calling 
IP telephone via the Internet or intranet connection that has 
been previously established. Then in step 200, voice data 
will be exchanged directly between the calling telephone 
and the called telephone using the IP telephony protocols 
described above. 

[0059] While the present invention has been illustrated by 
a description of various embodiments and while these 
embodiments have been described in considerable detail, it 
is not the intention of the applicants to restrict or in any way 
limit the scope of the appended claims to such detail. 
Additional advantages and modi?cations will readily appear 
to those skilled in the art. The invention in its broader 
aspects is therefore not limited to the speci?c details, rep 
resentative apparatus and method, and illustrative example 
shown and described. Accordingly, departures may be made 
from such details without departing from the spirit or scope 
of applicant’s general inventive concept. 

What is claimed is: 
1. A method of providing Internet telephony to a sub 

scriber premises via a subscriber Internet connection to said 
subscriber premises, using an analog telephone connection, 
comprising 

providing a voice gateway converting Internet telephony 
and analog telephony standards to facilitate the use of 
Internet and analog telephony by said subscriber, 

providing a call forwarding manager connected to said 
analog telephone connection, 

providing an Internet protocol telephone at said subscriber 
premises, 

receiving an analog telephone call from said analog 
telephone line at said call forwarding manager, and 
responding to said reception by generating a request for 
service from said voice gateway, 

generating an Internet telephone connection from said 
voice gateway to said Internet protocol telephone at 
said subscriber premises in response to said request for 
service from said call forwarding manager, and 

connecting said analog telephone call via said voice 
gateway to said Internet protocol telephone via said 
subscriber Internet connection. 

2. The method of claim 1 wherein said call forwarding 
manager is located at said subscriber premises and said 
analog telephone line connects to said subscriber premises. 

3. The method of claim 1 wherein said voice gateway is 
remote from said subscriber premises. 
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4. The method of claim 3 wherein said voice gateway is 
utilized by multiple subscribers simultaneously to provide 
conversion between Internet telephony and analog tele 
phony standards. 

5. The method of claim 1 further comprising providing a 
call manager, said call manager receiving said request for 
service from said call forwarding manager, said call man 
ager establishing the Internet telephone connection from 
said voice gateway to said Internet protocol telephone for 
use by said voice gateway. 

6. The method of claim 5 wherein said call manager 
performs a data driven call management application. 

7. The method of claim 1 wherein said call manager 
provides enhanced services to said subscriber selected from 
the group comprising: establishing pick groups, hunt groups, 
call forwarding and voice messaging for Internet protocol 
telephone of said subscriber. 

8. The method of claim 1 wherein said call forwarding 
manager receives dialed number information service data 
regarding said analog telephone call and forwards said 
dialed number information service data as part of said 
request for service. 

9. The method of claim 8 wherein said dialed number 
information service data is used in identifying said Internet 
protocol telephone as a recipient of said analog telephone 
call. 

10. The method of claim 9 wherein said call forwarding 
manager receives automatic number identi?cation data 
regarding said analog telephone call and forwards said 
automatic number identi?cation data as part of said request 
for service. 

11. The method of claim 10 wherein said automatic 
number identi?cation data is used in identifying said Internet 
protocol telephone as a recipient of said analog telephone 
call. 

12. The method of claim 1 wherein said analog telephone 
call is connected to said voice gateway by delivery of one or 
more of TAPI, JTAPI, SCTP, or proprietary interface com 
mands to a telecommunications exchange switch. 

13. A system for providing Internet telephony to a sub 
scriber premises via a subscriber Internet connection to said 
subscriber premises, using an analog telephone connection, 
comprising 

a voice gateway converting Internet telephony and analog 
telephony standards to facilitate the use of Internet and 
analog telephony by said subscriber, 
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a call forwarding manager connected to said analog 
telephone connection, 

said call forwarding manager receiving an analog tele 
phone call from an analog telephone line, and respond 
ing to said reception by generating a request for service 
from said voice gateway, 

said voice gateway generating an Internet telephone con 
nection to an Internet protocol telephone at said sub 
scriber premises in response to said request for service 
from said call forwarding manager, and connecting said 
analog telephone call via said voice gateway to said 
Internet protocol telephone via said subscriber Internet 
connection. 

14. The system of claim 13 wherein said call forwarding 
manager is located at said subscriber premises and said 
analog telephone line connects to said subscriber premises. 

15. The system of claim 13 wherein said voice gateway is 
remote from said subscriber premises. 

16. The system of claim 15 wherein said voice gateway is 
coupled to Internet protocol telephones located at the pre 
mises of multiple subscribers, to provide conversion 
between Internet telephony and analog telephony standards. 

17. The system of claim 13 further comprising a call 
manager, said call manager receiving said request for service 
from said call forwarding manager, said call manager estab 
lishing the Internet telephone connection from said voice 
gateway to said Internet protocol telephone for use by said 
voice gateway. 

18. The system of claim 17 wherein said call manager 
performs a data driven call management application. 

19. The system of claim 13 wherein said call manager 
provides enhanced services to said subscriber including one 
or more of establishing pick groups, hunt groups, call 
forwarding, voice driven local directory service and voice 
messaging for Internet protocol telephone of said subscriber. 

20. The system of claim 13 wherein said call forwarding 
manager receives dialed number information service data 
regarding said analog telephone call and forwards said 
dialed number information service data as part of said 
request for service. 


