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(57) ABSTRACT 
A method and system are disclosed in Which an Internet 
subscriber can establish real-time voice conversations over 
the Internet. By performing a call negotiation scheme to 
identify and locate the other calling party, an Internet 
telephone can establish a voice communication channel over 
the Internet to a telephony or computer device. 

14 10 



Patent Application Publication Jun. 7, 2007 Sheet 1 0f 14 US 2007/0127700 A1 

Q 
U 

1'.’ i 
< 
L 
O 
‘C 
D. 

i ‘2 
\ 

<2 
L 

0.0. 



Patent Application Publication Jun. 7, 2007 Sheet 2 0f 14 US 2007/0127700 A1 

ISP -— CO 

NETWORK 
36/ SERVER 

52 DATABASE 



Patent Application Publication Jun. 7, 2007 Sheet 3 0f 14 US 2007/0127700 A1 

5 52mm. 
mm 

.5 215.2. 

.o.o mm. 
on 

mm; 

OI 
o 



Patent Application Publication Jun. 7, 2007 Sheet 4 0f 14 US 2007/0127700 A1 

ITSP 
GATEWAY 

/___ 

66/ GATEKEEPER 

116/ DATABASE 

FIG. 2e 

ITS P 
GATEWAY 

GATEKEEPER 

116/ DATABASE 



FIG. 3 

Patent Application Publication Jun. 7, 2007 Sheet 5 0f 14 US 2007/0127700 A1 

36 

/ 

_ _ _ Conference Call Caller ID Call Transfer 
ldentlflcatlon 

IP Address Feature Feature Feature 
N umber ' 

Available Available Available 

001 0887731 193.30.1 9.0 Yes Yes Yes 

0024456891 201 .19.874.101 Yes Yes No 

0000384445 198.55.74.0 No No No 

0025438984 193.30.20.105 Yes No Yes 

0049844948 255.255.20.40 Yes No No 



om 

33mm. :55 

US 2007/0127700 A1 

mwmn?ma . Y 

All 8300 5320 

- :5 @855 2a \ 

6:02:00 {2202 AII|V 3 

mm 

ww \ 

8300 
A .IY ommhoum Ema \ 

=5 295: Alllv Nv 
ow\ . E5 

A I IIV mEmmwuoE 
¢ \ 

mm 

w .QE 

Patent Application Publication Jun. 7, 2007 Sheet 6 0f 14 



2322 EQELQEMEM =m0 

US 2007/0127700 A1 

0:622 @5322 No \ 

wwm6u< . AIIIIY 

2252. B020 3233 

2262 cozmb?mmm 
wuoo \ $923. A .V 

mm 0:602 

8:8:552 

m .UE 

Patent Application Publication Jun. 7, 2007 Sheet 7 0f 14 

E 



Patent Application Publication Jun. 7, 2007 Sheet 8 0f 14 US 2007/0127700 A1 

FIG. 9 



Patent Application Publication Jun. 7, 2007 Sheet 9 0f 14 US 2007/0127700 A1 

m E m>co A|||||V 333:: 
m t 0 36> 

_ momtBE \ 

652s Allmlv éezmz A \ E5 ow\ MW~\ 

N_. m mm r montage. 

m \ 65 

m $\ 2 

.m :5 

“ boEmE 





Patent Application Publication Jun. 7, 2007 Sheet 11 0f 14 US 2007/0127700 A1 

205 
/ 

[ ESTABLISH VOICE CALL 1 

/215 
SIGNAL sTATION THAT 

>———> AN INTERNET TELEPHONE _ END 
. CALL NOT SUPPORTED ; 

CAN STATIONS 
SUPPORT AN INTERNET 
TELEPHONY CALL‘? 

[220 
TRANSMIT CODE IDENTIFYING 

FIRST CALL STATION 

I / 225 

STORE CODE INTO MEMORY ‘ / 25° 
OF SECOND CALL sTATION _ . TRANSMIT FAIL 

‘ MESSAGE TO 

/ 23o STATION 
A V 

DISCONNECT VOICE CALL _| 

I’ ‘ 235 
245 

N 
ESTABLISH CONNECTION TO ISP? TRY AGAIN? 

ASSIGN IP ADDRESS TO FIRST STATION 1 

v / 255 

STORE IP ADDRESS 
INTO DATABASE 

‘ f 260 
SEARCH COMMAND SIGNAL 

TRANSMITTED BY SECOND STATION 

‘I 270 

SEARCH SUCCESSFUL? TRY AGAIN? 

ESTABLISH CONNECTION TO 
SP ADDRESS SUCCESSFUL? 

[280 
ESTABLISH INTERNET FIG 1 o 
TELEPHONE CALL . 



Patent Application Publication Jun. 7, 2007 Sheet 12 0f 14 US 2007/0127700 A1 

305 
/ 

ESTABLISH CONNECTION 
BETWEEN FIRST STATION AND ISP 

f / 310 

ASSIGN IP ADDRESS 
TO FIRST STATION 

I /315 
END 

STORE lP ADDRESS INTO DATABASE 

/ 320 
340 

ESTABLISH CONNECTION - / 
BETWEEN SECOND STATION AND ISP TRANSMIT FAIL 

MESSAGE TO 
STATION 

' / 325 , I ) 

SEARCH DATABASE TO IDENTIFY 
IP ADDRESS OF FIRST STATION 

BASED ON KNOWN CODE 

ESTABLISHING 
CONNECTION TO ISP 

ADDRESS SUCCESSFUL? 

/ 350 

ESTABLISH INTERNET 
TELEPHONE CALL 

FIG. 11 



Patent Application Publication Jun. 7, 2007 Sheet 13 0f 14 US 2007/0127700 A1 

405 / 
DETERMINE WHETHER T0 PLACE PSTN 

OR INTERNET TELEPHONE CALL 

i 415 410 / 
ESTABLISH 
VOICE CALL 

ESTABLISH CONNECTION 
TO INTERNET? 

ESTABLISH CONNECTION BETWEEN 
FIRST STATION AND ISP 

1 W5 
TRANSMIT CODE IDENTIFYING 

SECOND STATION 

i , / 430 
CONNECT TO GATEKEEPER 

435 

f 

DETERMINE APPROPRIATE GATEWAY 

440 
v / 

ROUTE CALL TO GATEWAY 

445 
/ 

ESTABLISH INTERNET 
TELEPHONE CALL 

FIG. 12 



Patent Application Publication Jun. 7, 2007 Sheet 14 0f 14 US 2007/0127700 A1 

505 
/ 

ESTABLISH CONNECTION 
BETWEEN FIRST STATION AND ISP 

510 
\ / 

ASSIGN IP ADDRESS 
TO FIRST STATION 

" /515 
ESTABLISH CONNECTION 
WITH SECOND STATION 

520 / 525 

cAN STATIONS SIGNAL STATION THAT 
SUPPORT AN INTERNET AN INTERNET TELEPHONE END 
TELEPHONE CALL’? CALL NOT SUPPORTED A 

i Y / 53o 
TRANSMIT IP ADDRESS 
TO SECOND sTATION 

/seo 
" / 535 TRANSMIT FAIL 

MESSAGE TO 
STORE IP ADDRESS INTO MEMORY STATION 

0F SECOND sTATION A 

/ 54o 
TRANSMIT CALL SET UP SIGNAL 

BY SECOND STATION 

ESTABLISH CONNECTION TO 
IP ADDRESS SUCCESSFUL? 

55o / 
ESTABLISH INTERNET 
TELEPHONE CALL 

FIG. 13 



US 2007/0127700 A1 

METHOD AND SYSTEM FOR PROVIDING VOICE 
COMMUNICATION OVER DATA NETWORKS 

RELATED APPLICATIONS 

[0001] The application is a continuation of US. applica 
tion Ser. No. 09/543,381 ?led Apr. 5, 2000 and entitled 
“Method and System for providing Voice Communication 
Over Data Networks” and claims priority to US. Applica 
tion Ser. No. 60/161,168, ?led on Oct. 22, 1999 and 60/166, 
085, ?led on Nov. 17, 1999, the entire contents of which are 
incorporated herein by reference. 

TECHNICAL FIELD OF THE INVENTION 

[0002] The invention relates to a system and method for 
providing voice communication to subscribers over data 
networks. 

BACKGROUND OF THE INVENTION 

[0003] Networks carry three types of information: voice, 
video, and data. Historically, these different forms of infor 
mation have been transported over different networks. Spe 
ci?cally, the telephone network delivered voice information; 
private corporate networks delivered data information; and 
broadcast networks delivered video information. Each ser 
vice was provided by a speci?c form of infrastructureithe 
telephone network used copper wires to reach subscribers, 
broadcast television used the airwaves, cable television used 
coaxial cable, and so forth. 

[0004] With advances in technology, the different forms of 
information can now be carried by any delivery platform. 
For example, telephony services (i.e., voice and facsimile) 
can be transported over data networks, such as the Internet. 

[0005] “Internet telephony” refers to the transfer of voice 
information using the Internet protocol (IP) of the TCP/IP or 
UDP/IP protocol suite. Internet telephony uses the Internet 
to simulate a telephone connection between two Internet 
users and to bypass the local exchange carriers’ and inter 
exchange carrier’s telephone networks. Internet telephony 
works by converting voices into data which can be com 
pressed and split into packets. These data packets are sent 
over the Internet like any other packets and reassembled as 
audio output at the receiving end. The ubiquitous nature of 
the Internet allows a user to complete such Internet tele 
phone connections to many countries around the world. 
Accordingly, by using the Internet to provide telephony 
services, the user can avoid paying per-minute toll charges 
assessed by the user’s local exchange carrier and/or inter 
exchange carrier. Rather, the user is subject to only his or her 
local Internet connection fees. The result may be consider 
able savings when compared to international telephone 
rates. 

[0006] In addition, the Internet utiliZes “dynamic routing,” 
wherein data packets are routed using the best routing 
available for a packet at a particular moment in time, given 
the current traf?c patterns. This system allows many differ 
ent communications to be routed simultaneously over the 
same transmission facilities. In contrast, a circuit-switched 
telephone network, such as the public switched telephone 
network (PSTN), establishes dedicated, end-to-end trans 
mission paths. 
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[0007] Consequently, the Internet allows network 
resources to be used more ef?ciently. 

[0008] Most existing dial-up systems require both parties 
to be connected to the Internet through a multimedia per 
sonal computer to establish an Internet telephone call. As 
shown in FIG. 1, the multimedia personal computers, which 
have been loaded with certain telephony software, can 
access the data network using a local circuit-switched tele 
phone network to a voice over packet gateway residing in an 
Internet Service Provider (ISP) point of presence. 

[0009] The typical multimedia personal computer system 
used for Internet telephony includes a personal computer, a 
monitor, an analog-voice-to-digital-signal and digital-sig 
nal-to-analog-voice converter (converter), Internet tele 
phone software, a full-duplex sound card, a microphone, 
speakers, and a 28 Kbps or higher rate modulation/demodu 
lation (modem) device. As such, the multimedia personal 
computer system includes several components or devices 
and is not easily portable, which may be undesirable for 
traveling business people. Further, such a personal computer 
system may be expensive to set up and maintain. 

[0010] Accordingly, it would be desirable to provide a 
method and system for voice communication over a data 
network that addresses the drawbacks of known systems. 

SUMMARY OF THE INVENTION 

[0011] The present invention relates to a method and 
system for providing voice communication over data net 
works. The system according to the present invention allows 
subscribers using Internet telephones to conduct real-time 
voice conversations over a data network and/or over a circuit 
switched network. 

[0012] In accordance with one aspect of the present inven 
tion, a method for establishing voice communication 
between a ?rst and a second station over a data network 
includes the steps of receiving a data network address for the 
?rst station at a second station via a ?rst communication 
channel, disconnecting the ?rst station and the second sta 
tion from that ?rst communication channel, and establishing 
a second communication channel between the ?rst and the 
second stations whereby the station users can conduct voice 
communication over the data network. The second commu 
nication channel is established by using the data network 
address received at the second station. 

[0013] In accordance with an additional aspect of the 
present invention, a device for initiating voice communica 
tion with a second device includes a storage medium having 
a plurality of programming modules and a single activation 
means for causing the device to establish a communication 
channel over a data network. When the single activation 
means has not been activated, the communication channel 
between the devices is established over a circuit switched 
network. The single activation means may include, but is not 
limited to, a programmable button, a movable switch, voice 
activation, or movement sensor activation. 

[0014] In accordance with a further aspect of the inven 
tion, a device for establishing voice communication with a 
second device includes a compatibility module, for deter 
mining whether the second device can support voice com 
munication over a data network, and a call initialiZation 
module. If the second device supports voice communication 
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over a data network, the call initialization module automati 
cally transmits a command which causes a communication 
channel to be established between the Internet telephonic 
device and the second device over a data network. 

[0015] In accordance with yet another aspect of the inven 
tion, a network server located on a data network includes a 
storage medium having a plurality of programming modules 
and a channel establishment module. One programming 
module, the registration module, registers a code and a data 
network address into a memory in response to receiving a 
register command signal. The code uniquely identi?es a 
calling station connected to the data network. A second 
programming module, the address query module, causes a 
search for the code to be performed on the memory in 
response to receiving a search command signal. A third 
programming module, the address mapping module, identi 
?es the data network address based on the search results. 

[0016] The present invention provides advantages of 
establishing real-time voice communication channels over 
the Internet, and thereby avoid paying per-minute toll 
charges assessed by local or inter-exchange telephone car 
riers. In addition, the present invention enables a user to 
conduct voice conversations over the Internet without hav 
ing to purchase and assemble the many components and 
devices required in a multimedia personal computer system. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0017] The invention will now be described in greater 
detail with reference to the preferred embodiments illus 
trated in the accompanying drawings, in which like elements 
bear like reference numerals, and wherein: 

[0018] FIG. 1 illustrates multimedia personal computer 
systems connected over the Internet in accordance with the 
prior art; 

[0019] FIG. 2A illustrates an Internet telephone call sys 
tem according to the present invention; 

[0020] FIG. 2B illustrates a ?rst embodiment of the Inter 
net telephone call system of FIG. 2A; 

[0021] FIG. 2C illustrates a second and alternative 
embodiment of the Internet telephone call system of FIG. 
2A; 

[0022] FIG. 2D illustrates a third and alternative embodi 
ment of the Internet telephone call system of FIG. 2A; 

[0023] FIG. 2E illustrates a fourth and yet further alter 
native embodiment of the Internet telephone call system of 
FIG. 2A; 

[0024] FIG. 3 illustrates stored data in a network server 
database; 

[0025] FIG. 4 is a block diagram of the hardware archi 
tecture of the network server; 

[0026] FIG. 5 is a block diagram ofthe memory unit ofthe 
network server of FIG. 4; 

[0027] FIG. 6 is a perspective view of one embodiment of 
an Internet telephone; 

[0028] FIG. 7 is a block diagram of the hardware archi 
tecture of the Internet telephone; 
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[0029] FIG. 8 is a block diagram ofthe memory unit ofthe 
Internet telephone of FIG. 7; 

[0030] FIG. 9 is an enlarged rear view of a portion of the 
Internet telephone of FIG. 6; 

[0031] FIG. 10 is a ?owchart showing a ?rst embodiment 
of a method of negotiating a telephone call over a data 
network in accordance with FIG. 2B; 

[0032] FIG. 11 is a ?owchart showing a second and 
alternative embodiment of the method of negotiating a 
telephone call over a data network in accordance with FIG. 

2C; 
[0033] FIG. 12 is a ?owchart showing a third and alter 
native embodiment of the method of negotiating a telephone 
call over a data network in accordance with FIG. 2D; and 

[0034] FIG. 13 is a ?owchart showing a fourth and yet 
further alternative embodiment of the method of negotiating 
a telephone call over a data network in accordance with FIG. 
2E. 

DETAILED DESCRIPTION OF THE 
INVENTION 

[0035] FIG. 2A illustrates a con?guration of an Internet 
telephone call system 10. The Internet telephone call system 
10 can transport voice over a packet-switched network 12, 
such as the Internet, using data packets or over a circuit 
switched network 14, such as the public switched telephone 
network (PSTN). Accordingly, an Internet subscriber (here 
inafter “subscriber” and not shown) having the necessary 
hardware and software may conduct real-time voice con 
versations over the Internet 12 or over the PSTN 14, rather 
than limited to using only the circuit switched network. The 
Internet telephones 16, 18 forming the call system 10 may 
include a conventional telephone and an adaptor having 
Internet telephony enabling hardware and software, e. g., the 
Komodo FoneTM product available from Komodo Technol 
ogy, Inc. of Los Gatos, Calif. Alternative Internet telephones 
16, 18 may integrate the telephone and the Internet tele 
phony enabling hardware and software into a single system, 
as discussed in further detail below with respect to FIGS. 
6-9. 

[0036] As shown in FIG. 2A, the Internet telephone call 
system 10 includes at least two Internet telephones 16, 18, 
each connecting to a-central o?ice (CO) 20, 22 and/or a local 
area network (LAN) 24, 26. Further, each Internet telephone 
16, 18 has an associated Internet Service Provider (ISP) 28, 
30 in order to access the Internet 12. As such, the subscriber 
may select the manner of communication when making a 
telephone call. 

[0037] For example, the subscriber may choose to make a 
traditional telephone call, wherein the Internet telephones 
16, 18 are linked and the call routed via a PSTN 14 through 
the COs 20, 22. Alternatively, the subscriber may cause the 
Internet telephone 16, 18 to place the telephone call over the 
Internet 12 by accessing the ISP 28, 30 via the LAN 24, 26 
or by using a dial-up modem to access the ISP, routing 
through the CO 20, 22. 

[0038] With standard telephony, each conventional tele 
phone unit has a unique and ?xed telephone number by 
which other callers can signal that telephone unit. In con 
trast, on the Internet a connected user is assigned a unique 
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but temporary Internet address (IP address)iassigned only 
for a speci?c dial-up session. Similar to a telephone number, 
the IP address identi?es the destination point, or the point on 
the entire data netWork to Which the data is being sent. 
Accordingly, a second user can locate that ?rst user during 
a speci?c dial-up session by identifying the ?rst user’s IP 
address. 

[0039] However, after that dial-up session terminates, the 
IP address is re-assigned to another user for a different 
dial-up session. Since the IP address assigned to a connected 
subscriber changes for each dial-up session, it is necessary 
for the Internet telephones to quickly and ef?ciently identify 
the other’s temporary IP address for each Internet call. The 
process of transmitting, registering, and identifying the 
Internet addresses of each Internet telephone is referred to as 
a “call negotiation scheme.” 

[0040] As discussed above, in order for the Internet tele 
phones 16, 18 to communicate With one another over the 
Internet 12, a call negotiation scheme is required. Although 
either Internet telephone can initiate or receive an Internet 
telephone call, for illustrative purposes only, it Will be 
assumed that the subscriber using the Internet telephone 16 
Will be the initiating caller, and the subscriber using the 
Internet telephone 18 Will be the receiving party. Moreover, 
for illustrative purposes only, it Will be assumed that the 
subscribers use dial-up modems to connect to the COs and 
then access the ISPs. 

[0041] With reference to FIG. 2B, in one call negotiation 
scheme, an Internet telephone 16 transmits an identi?cation 
code to a second Internet telephone 18 over the PSTN 14 
during a voice telephone call, as indicated by dashed lines 
32. Then the voice telephone call terminates, and a connec 
tion is established betWeen the Internet telephone 16 and its 
ISP 28, as indicated by the solid line 34. A dial-up modem 
is used to connect to the CO 20 and then to access the ISP. 
The ISP 28 assigns an IP address to the Internet telephone 
16. Once assigned, the IP address assigned to the connected 
subscriber for that particular dial-up session and the identi 
?cation code can be stored in a netWork server 36, for 
example, in tabular form as illustrated in FIG. 3. 

[0042] More speci?cally and as illustrated in FIG. 4, the 
netWork server 36 includes a processing unit 38, a memory 
unit 40, a data storage device 42, a netWork controller and 
interface 44, a display device 46, and an input device 48. The 
processing unit 38, Which may be, for example, a personal 
computer commercially available from Hewlett-Packard 
Co., communicates With the various elements via a system 
bus 50. The memory unit 40 contains a database 52 Which 
identi?es, among other things, the identi?cation code of 
each connected Internet telephone 16, 18 and the temporary 
IP address assigned to the connected Internet telephones. 
The database 52 provides the means for mapping the iden 
ti?cation code to the appropriate IP address, Wherein the 
identi?cation code uniquely identi?es and is permanently 
assigned to that Internet telephone. The data storage device 
42 is used for long-term storage of information. 

[0043] A valid identi?cation code is required to place or 
receive telephone calls over the Internet 12 using that 
Internet telephone. Further, the database 52 may also contain 
such information as the Internet call features available to a 
subscriber. Moreover, another database, Which can link to 
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the netWork server 36, maintains subscriber information 
based on the identi?cation code, such as region of sale, date 
of sale, and other data. 

[0044] As shoWn in FIG. 5, the memory unit 40 includes 
an authoriZation module 54, an address/code registration 
module 56, an IP address query module 58, an address 
mapping module 60, and a channel establishment module 
62. The netWork server 36 operates under the control of an 
operating system, such as the Well-knoWn UNIX operating 
system. 

[0045] In operation, an IP address is assigned to the 
connected subscriber for a particular dial-up session by the 
ISP. The IP address is sent to the Internet telephone 16, 
Whereupon the Internet telephone 16 sends the IP address 
and identi?cation code to the authentication module 54 of 
the netWork server 36. The authentication module 54 veri?es 
Whether the identi?cation code is valid. Upon proper vali 
dation, the address/code registration module 56 responds by 
registering the IP address in the database 52 of the memory 
unit 40. In one embodiment of the invention, the address/ 
code registration module 56 receives a register command 
signal to register the IP address in the memory unit 40. 

[0046] Thus, When a search of the database 52 is per 
formed using the transmitted identi?cation code, the IP 
address query module 58 receives a search command signal 
and causes the address mapping module 60 to identify the IP 
address assigned to a subscriber. Next the channel estab 
lishment module 62 establishes a communication channel 
betWeen the ?rst Internet telephone 16 and the second 
Internet telephone 18. Then by periodically signaling the 
netWork server 36 to indicate the connection status of the 
Internet telephones 16, 18 and by updating the IP addresses 
stored in the database 52 for each connected Internet tele 
phone 16, 18, a dynamic and accurate picture of the Internet 
telephone environment is continuously maintained. As such, 
an Internet telephone querying the netWork server 36 can 
determine Whether a voice communication link or channel 
can be established With a particular subscriber using Internet 
facilities. 

[0047] According to an alternative embodiment of the call 
negotiation scheme, illustrated in FIG. 2C, the ?rst and 
second Internet telephones 16, 18 can establish a commu 
nication channel over the Internet 12 Without previously 
establishing the voice telephone call. In doing so, the ?rst 
subscriber can avoid incurring the telephone charges asso 
ciated With placing that voice call over the circuit sWitched 
telephone netWork 14. Here, it is assumed that the subscriber 
of the second Internet telephone 18 has prior knowledge of 
the ?rst Internet telephone’s 16 identi?cation code. Further, 
the subscribers of the ?rst and second Internet telephones 16, 
18 may have pre-arranged a time to establish the commu 
nication link. For example, in this alternative call negotia 
tion scheme at the prearranged time, the ?rst Internet tele 
phone 16 establishes a connection With its associated ISP 28 
via the central of?ce 20, Whereupon the ISP assigns an IP 
address to that ?rst Internet telephone. The identi?cation 
code and IP address of the ?rst Internet telephone 16 are then 
stored in the netWork server 36. While remaining connected 
to the Internet 12, the ?rst Internet telephone 16 Waits for the 
second Internet telephone 18 to locate and then establish an 
Internet telephony channel With said ?rst Internet telephone. 
When the second Internet telephone 18 establishes a con 
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nection With its associated ISP 30 by routing through central 
of?ce 22, the second Internet telephone transmits a search 
command signal to the netWork server 36 to search for the 
?rst Internet telephone’s IP address. By pre-arranging the 
call time, the subscriber of the ?rst Internet telephone 16 can 
limit the amount of time spent Waiting for the second 
Internet telephone 18 to locate and then establish this 
communication link. 

[0048] In an alternative manner of voice communication, 
illustrated in FIG. 2D, the subscriber may cause the Internet 
telephone 16 to place a call With a conventional telephone 64 
Which does not connect to the Internet 12. Here, the call may 
route via the PSTN 14, as indicated by dotted lines 32, or use 
the Internet 12, as indicated by solid lines. When using the 
Internet 12, the subscriber initiates the call using the Internet 
telephone 16, and the call routes through the CO 20 to the 
subscriber’s ISP 28 Which assigns an IP address to the 
Internet telephone 16. In response to receipt of the subscrib 
er’s incoming call, a gatekeeper 66 of an Internet Telephony 
Service Provider (ITSP) With Which the subscriber is asso 
ciated Will determine the appropriate routing to an IP gate 
Way (gateWay) 68 serving the destination telephone 64. 
Accordingly, the call is routed over the Internet 12 to the 
appropriate IP gateWay 68 Which then connects the call via 
the PSTN 14 to the CO 70 serving the destination telephone 
64. It Will be understood that the call can also route through 
the gatekeeper 66 and the gateWay 68 to the PSTN 14, 
thereafter routing to the CO 70 serving the destination 
telephone 64. 

[0049] In yet a further alternative call negotiation scheme, 
With reference to FIG. 2E, a ?rst Internet telephone 16 can 
establish a communication channel With a second Internet 
telephone 18 Without having to perform a search of the 
database 52. In this call negotiation scheme, a connection is 
established betWeen a ?rst Internet telephone 16 and its 
associated ISP 28, Whereupon the ISP assigns an IP address 
to that ?rst Internet telephone. Then the ?rst Internet tele 
phone 16 establishes a communication channel With the 
second Internet telephone 18, the channel routing via the 
Internet 12 and PSTN 14 by Way of the gateWay 68, as 
described previously and indicated by dashed lines 72. 
Using this communication channel, the ?rst Internet tele 
phone 16 sends its IP address to the second Internet tele 
phone 18. Next the second Internet telephone 18 transmits 
an acknowledgement signal back to the ?rst Internet tele 
phone 16 and stores the IP address into memory. Upon 
transmitting the acknoWledgement signal, the communica 
tion link 72 betWeen the second Internet telephone 18 and 
the Internet 12 disconnects. While remaining connected to 
the Internet 12, the ?rst Internet telephone 16 Waits for the 
second Internet telephone 18 to locate and then establish an 
Internet telephony channel With said ?rst Internet telephone, 
indicated by solid lines 74, using the IP address stored in the 
second Internet telephone’s memory. 

[0050] FIG. 6 shoWs one embodiment of the Internet 
telephone 16, and FIG. 7 depicts the basic components of 
said Internet telephone. As illustrated in FIGS. 6 and 7, the 
Internet telephone 16 is preferably a stand-alone device 
Which includes a user interface 76, a voice interface 78, a 
converter 80, a digital signal processor unit 82 and associ 
ated logic, a memory unit 84, and a netWork interface 86. 
The Internet telephone 16 can perform voice over Internet 
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functions, such as scanning, voice compression, data pack 
etiZation, and netWork interfacing. 

[0051] The user interface 76 alloWs a user to interact With 
the Internet telephone 16. The user interface 76 includes, 
among other features, a keypad 88 for dialing numbers or 
activating certain call functions and an audible indicator for 
indicating operating characteristics and/or instructions, such 
as neW telephone messages, the call status, or selectable 
options from a telephonic voice menu, including available 
call features. The user interface 76 may also include a visual 
display 90 for displaying such operating characteristics. In 
one embodiment, the Internet telephone 16 has a single 
means for activating a call function. For example, by 
depressing a programmable button 92 or moving a sWitch, 
the Internet telephone 16 can perform a call negotiation 
scheme, as discussed above, or perform a diagnostic test to 
verify Internet connectivity, or perform a diagnostic test to 
troubleshoot voice quality-of-service problems, or activate 
the telephonic voice menu. Although the Internet telephone 
16 is shoWn as having single button activation 92 of call 
functions, it Will be understood that the Internet telephone 
may also use voice or video activation. Similarly, the lan 
guage spoken in voice menu can be translated to another 
desired language by using a single activation means. 

[0052] The voice interface 78, in accordance With con 
ventional practice, is a speaker or microphone located on the 
telephone handset 94 and/or base 96. Speech signals from 
the microphone 78 are transmitted to a converter 80 that 
provides the conversion of analog voice into digital signals. 
Speci?cally, the analog voice is digitiZed, by means com 
monly knoWn in the ?eld, and the digital data are transmitted 
to a digital signal processor unit (DSP unit) 82 Which 
provides call processing and voice processing. 

[0053] The DSP unit 82 and associated logic are supported 
by voice processing softWare and a memory unit 84, 
described in greater detail beloW. The DSP unit 82 includes 
a digital signal processor and other control processing units. 
The DSP unit 82 performs call signaling and control, voice 
compression and decompression, and packetiZation and 
depacketiZation functions. 

[0054] The memory unit 84 includes programmable and 
dynamic memory, such as electrically erasable program 
mable read-only memory (EEPROM) and dynamic random 
access memory (DRAM) devices. The memory unit 84 
stores the call negotiation algorithms (described in greater 
detail beloW) Which the DSP 82 folloWs, as Well as provides 
temporary storage of incoming data not yet processed by the 
DSP. In addition, the identi?cation code, as described above, 
is stored in the memory unit 84. 

[0055] As illustrated in FIG. 8, the memory unit 84 
includes a call initialiZation module 100, a call response 
module 102, an Internet telephone compatibility module 
104, a netWork selection module 106, a code transmission/ 
receipt module 108, and an IP address transmission/receipt 
module 110. The memory unit 84 communicates With the 
various elements via a system bus 112. Each element Will be 
described in greater detail beloW. Moreover, the memory 
unit 84 operates under the control of an operating system 114 
Which alloWs the memory unit to perform multiple tasks, 
simultaneously. 
[0056] The netWork interface 86 alloWs transmission and 
reception of voice packets to and from the Internet telephone 
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16. For example, the Internet telephone 16 has telephone 
and/or LAN connectivity. Although the Internet telephone 
16 is shoWn in FIG. 9 as including four means for network 
connection 98, one of Which alloWs for connection to the 
PSTN 14, it Will be understood that the Internet telephone 
may include more than four netWork connectors or as feW as 
tWo netWork connectors. The means for netWork connection 
98 may include, but is not limited to, R111 ports, R145 ports, 
RS-232 ports, and USB. 

[0057] Additionally, While the Internet telephone 16 in 
FIGS. 6 and 7 combine the user and voice interfaces 76, 78, 
the converter 80, the DSP unit 82 and associated logic, the 
memory unit 84, and the netWork interface 86 into a single 
device, one skilled in the art Will appreciate that such 
components can be combined or separated on distinct 
devices Without signi?cantly affecting the functionality of 
the Internet telephone. 

[0058] FIG. 10 shoWs the steps of an exemplary embodi 
ment of a call negotiation scheme to establish a voice 
communication channel over the Internet 12 betWeen a ?rst 
Internet telephone 16 and a second Internet telephone 18, as 
it relates to FIG. 2B. 

[0059] The block 205 indicates that a communication 
channel is established betWeen the ?rst and second Internet 
telephones 16, 18, Wherein the communication channel 
typically uses a circuit-sWitched telephone netWork 14. 
Speci?cally, the call initialiZation module 100 of the ?rst 
Internet telephone 16 places a call to the second Internet 
telephone 18 via the PSTN 14. The call response module 102 
can then determine Whether a connection has been estab 
lished betWeen the parties. This step also serves as con?r 
mation to the ?rst subscriber that the second subscriber is 
available to establish voice communication over the Internet 
12. 

[0060] At decision block 210, it is determined Whether the 
Internet telephones 16, 18 can support an Internet telephone 
call. In one embodiment of the invention, the Internet 
telephone compatibility module 104 Will make this deter 
mination if it detects the other station’s capability to do so. 
For example, the Internet telephone compatibility module 
104 can detect the other station’s capability to support 
Internet telephony by signaling the destination station (using 
a signal generator) and then receiving an appropriate 
response signal, or acknoWledgement (using a signal detec 
tor). It Will be understood that the determination of Whether 
the stations can support Internet telephony can be performed 
through dual tone multi-frequency (DTMF) signaling. 

[0061] If the ansWer to decision block 210 is no, then the 
process moves to block 215 Wherein the subscriber is made 
aWare that the communication channel must route over a 

circuit sWitched telephone netWork 14 since the other station 
cannot support Internet telephone calls. Otherwise, the pro 
cess moves to block 220 Where the code transmission/receipt 
module 108 of the ?rst Internet telephone 16 transmits a 
code, such as its identi?cation code, Which uniquely iden 
ti?es that ?rst station. For example, the subscriber may 
depress the programmable button 92 to trigger the code 
transmission/receipt module 108 to transmit the code. 

[0062] Next at block 225, the second Internet telephone 18 
receives the code and stores it into the memory unit 40. 
Having stored the code, the process proceeds to block 230. 
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Here, the Internet telephones 16, 18 disconnect the commu 
nication channel (i.e., disconnect the voice link connecting 
the Internet telephones to the PSTN) and attempt to connect 
to their respective ISP 28, 30, for example, using the call 
initialiZation modules 100. 

[0063] At decision block 235, it is determined Whether or 
not the Internet telephones 16, 18 have successfully con 
nected to their respective ISP 28, 30. If so, the process 
proceeds to block 240 Where the Internet telephones 16, 18 
are assigned IP addresses by their ISPs 28, 30. The assigned 
IP addresses are then stored in the memory unit 40. Other 
Wise, the process moves to decision block 245, Wherein it is 
decided Whether or not to re-attempt connecting to the ISP 
since, due to incorrect “userid” or passWord or other reasons, 
the ISP Was unavailable. The non-connected Internet tele 
phone(s) Will make a predetermined number of attempts to 
connect to the ISP, the process looping back to decision 
block 235 for each attempt. If a connection is not success 
fully established after making the predetermined number of 
attempts, the Internet telephone indicates the failure to the 
subscriber (block 250). 
[0064] Having failed to successfully establish connections 
to the ISPs 28, 30, the Internet telephones 16, 18 can be 
programmed to then automatically establish a voice tele 
phone call based on predetermined criteria. For example, a 
subscriber may have programmed a prioritized list of tele 
phony service providers, such as AT&T, MCI, or lO-lO-xxx 
dial-around services, into the memory unit 40 based upon 
quality-of-service and/or cost preferences. Accordingly, 
based on the prioritized list, the netWork selection module 
106 of the ?rst Internet telephone 16 Will automatically 
select the telephone carrier listed as “highest priority” and 
establish a voice call over that carrier’s facilities. But if such 
carrier facilities are unavailable, the Internet telephone 16 
Will select the next listed telephone carrier to establish the 
voice call. 

[0065] At block 255, the IP address assigned to the con 
nected Internet telephone 16 by the ISP 28, as Well as the 
corresponding code, are sent by the IP address transmission/ 
receipt module 110 to the authentication module 54 of the 
netWork server 36. Upon proper validation of the code, the 
address/ code registration module 56 responds by registering 
the IP address and code in the database 52 maintained by the 
netWork server 36. 

[0066] Next at block 260, a search request signal from the 
second Internet telephone 18 is received by the netWork 
server 36. The netWork server 36 responds to the search 
request signal by transmitting a search command to the 
address mapping module 60, Wherein the database 52 is 
searched for the code transmitted by the ?rst Internet tele 
phone 16 at block 220. By searching the database 52 using 
the ?rst Internet telephone’s code, the IP address can be 
identi?ed so that the second Internet telephone 18 can 
transmit call setup signals to establish an Internet telephony 
link. 

[0067] In an alternative embodiment, the EP addresses 
assigned to both connected Internet telephones 16, 18, as 
Well as their corresponding codes, are sent to the authenti 
cation module 54, Wherein the mapping function can be 
performed for both Internet telephones. 

[0068] At decision block 265, it is determined Whether or 
not the search is successful. If the ansWer to this determi 












