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(57) ABSTRACT 

An adapter is disclosed which allows attachment of a 
standard telephone to a computer as a standard peripheral. 
The adapter converts analog signals of the telephone to 
digital signals of the computer and vice versa. The adapter 
can also be a stand-alone device allowing the telephone to be 
attached to a computer network. The adapter, in this case, 
contains the computing power to support the necessary data 
network protocols, and PSTN signaling protocols. In this 
way voice communication is enabled over a computer 
network without requiring the computers to be equipped 
with sound cards. 
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DATA NETWORK AND PSTN TELEPHONY 
SYSTEM 

RELATED APPLICATIONS 

[0001] This Application is a Continuation of US. patent 
application Ser. No. 09/392,668, ?led on Sep. 7, 1999, Which 
is a Continuation-in-Part of PCT Patent Application No. 
PCT/IL98/00106, ?led on Mar. 4, 1998, Which claims the 
bene?t of Israel Patent Application No. 120370, ?led on 
Mar. 4, 1997. The contents of the above Applications are all 
incorporated herein by reference. 

FIELD OF THE INVENTION 

[0002] The present invention relates to data netWork and 
PSTN phone systems. 

BACKGROUND OF THE INVENTION 

[0003] The Internet telephone conversation is knoWn. It 
has been possible for some time to have a voice conversation 
over the Internet, or other forms of computer netWork using 
a personal computer With a sound card, microphone, and 
speakers or an earphone. More recently there have been 
provided dedicated systems comprising a telephone keypad, 
receiver and screen. HoWever such devices still require a 
sound card in order to Work. 

[0004] Common methods for voice communication over a 
computer netWork employ a sound card on each machine 
participating in the conversation. 

[0005] Modi?ed sound cards that enable a telephone to 
connect to a PC, are commercially available. For example, 
Phonejack and Linejack, by Quicknet Technology 
(WWW.quicknet.net), and Easyphone by Mediasonic. 
(WWW.easyphone.com) enable a user to make telephone calls 
over the Internet using a PC related internal ISA card. 

[0006] US. Pat. No., 5,553,122 to Haber et al; US. Pat. 
No. 5,495,246 to Nichols et al.; and US. Pat. No. 5,727,047 
to Bentley et al. describe methods and apparatus for inter 
facing computing devices to an analog telephone netWork. 

[0007] US. Pat. No. 5,473,676 to Frick et al. describes an 
interface system connected betWeen the telephone base and 
handset Which alloWs sWitching betWeen voice and data 
communications over a single telephone line. 

[0008] The disclosures of all publications mentioned in the 
speci?cation are hereby incorporated by reference. 

SUMMARY OF THE INVENTION 

[0009] According to a ?rst aspect of the present invention 
there is provided an adapter comprising an analog to digital 
converter, for connecting a telephone set to a computer. 

[0010] In an embodiment the adapter may comprise a ?rst 
output port con?gured as a telephone socket for attachment 
of a telephone plug. Preferably the adapter comprises, in 
addition, one or more additional output ports, con?gured as 
telephone sockets and each having a unique address. 

[0011] The adapter may also have a look-up table for 
translating numerical address information entered at a key 
pad of the telephone into addresses on the computer. Alter 
natively, or additionally, the look-up table may be for 
translating numerical information entered at a key pad of the 
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telephone into addresses on a netWork to Which the com 
puter is attachable. Alternatively or additionally the lookup 
table may contain Internet addresses and the computer may 
have access to the Internet. 

[0012] According to a second aspect of the present inven 
tion there is provided an adapter comprising an analog to 
digital converter, for connecting a telephone set to a com 
puter netWork. 

[0013] In a preferred embodiment a ?rst output port of the 
adapter is con?gured as a telephone socket for attachment of 
a telephone plug. In a variation of this embodiment the 
adapter may further comprise one or more additional output 
ports, likeWise con?gured as telephone sockets and each 
having a unique address. 

[0014] Preferably the adapter contains a look-up table for 
converting numerical data entered at a keypad of the tele 
phone into addresses on the netWork. The netWork may for 
example be the Internet. 

[0015] The adapter may be a standalone device, that is to 
say an adapter that is able to send data directly to the 
netWork Without requiring the intermediacy of a computer, 
and may comprise a module for operating an Internet 
protocol. 
[0016] According to a third aspect of the invention there is 
provided the use of a telephone as a peripheral device for a 
computer. 

[0017] The telephone may be operatively attached to the 
computer via an adapter Which is operable to convert digital 
signals output from the computer into analog signals for 
input to the telephone and to convert analog signals output 
from the telephone into digital signals for input to the 
computer. The telephone is thus usable for conducting voice 
communication over any netWork to Which the computer is 
attached. 

[0018] According to a fourth aspect of the present inven 
tion there is provided the use of a telephone as a peripheral 
device for a computer, the computer comprising control 
softWare for managing said telephone. The control softWare 
may be encryption softWare or it may be exchange manage 
ment softWare that carries out the types of function provided 
by of?ce based exchange equipment. 

[0019] There is further provided according to another 
preferred embodiment of the present invention, a telephone 
communication system providing communication betWeen a 
multiplicity of telephone instruments via a PSTN and a 
computer netWork, the system including a digital telephone 
sWitch controller interfacing betWeen a local telephone 
instrument, the PSTN and a computer connected to the 
computer netWork and operative to analyZe at least signaling 
information arriving from at least one of the local telephone 
instrument, the PSTN and the computer netWork and to 
responsively transmit at least one of voice information and 
signaling information to at least one of the local telephone 
instrument, the PSTN and the computer netWork. 

[0020] There is additionally provided according to another 
preferred embodiment of the present invention, a telephone 
system With local ringing voltage generation, the system 
including a local ringing voltage generator operative to 
locally apply single line ringing voltage to a telephone 
instrument, thereby to induce the telephone instrument to 
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produce a ringing tone, and a voltage generator actuator 
operative to actuate the local ringing voltage generator upon 
receipt of a single line voltage generation actuation signal 
from a remote public system telephone netWork. 

[0021] Further in accordance With a preferred embodiment 
of the present invention, the telephone system also includes 
a public system telephone netWork operative to send a 
voltage generation actuation signal to the voltage generator 
actuator Which signal is incapable of directly actuating the 
telephone instrument to produce a ringing tone. 

[0022] There is also provided according to another pre 
ferred embodiment of the present invention, a method for 
setting up a conference call betWeen three participants, the 
method including providing a digital telephone sWitch con 
troller interfacing betWeen a local telephone instrument, the 
PSTN and a computer connected to the computer netWork 
and operative to analyZe signaling information and voice 
information arriving from at least one of the local telephone 
instrument, the PSTN and the computer netWork and to 
responsively transmit at least one of voice information and 
signaling information to at least one of the local telephone 
instrument, the PSTN and the computer netWork, and using 
the digital telephone sWitch controller to set up a conference 
call betWeen the local telephone instrument, a remote tele 
phone instrument, via the PSTN, and a remote subscriber to 
the computer netWork, via the computer netWork. 

[0023] Still further in accordance With a preferred embodi 
ment of the present invention the controller receives digital 
voice information from the remote computer netWork sub 
scriber, via the computer netWork. 

[0024] Additionally in accordance With a preferred 
embodiment of the present invention, the controller receives 
analog voice information from the local telephone instru 
ment. 

[0025] Further in accordance With a preferred embodiment 
of the present invention, the controller receives analog voice 
information from the PSTN. 

[0026] Also in accordance With a preferred embodiment of 
the present invention, the controller is operative to analyZe 
signaling information and voice information arriving from at 
least one of the local telephone instrument, the PSTN and 
the computer netWork. 

[0027] There is further provided according to another 
preferred embodiment of the present invention, a telephone 
communication system providing communication betWeen a 
multiplicity of telephone instruments via at least one PSTN 
and at least one computer netWork, the system including a 
digital telephone sWitch controller interfacing betWeen a 
local telephone instrument, the PSTN and a computer con 
nected to the computer netWork and operative to analyZe at 
least signaling information arriving from at least one of the 
local telephone instrument, the PSTN and the computer 
netWork and to perform local least cost call routing of 
corresponding voice information to a remote telephone 
instrument. 

[0028] Further in accordance With a preferred embodiment 
of the present invention, the sWitch controller is operative to 
mix voice information arriving from the local telephone 
instrument With voice information arriving from the PSTN. 
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[0029] There is additionally provided, according to 
another preferred embodiment of the present invention, a 
telephone communication system providing communication 
betWeen a multiplicity of telephone instruments via a PSTN 
and a computer netWork, the system including a digital 
telephone sWitch controller interfacing betWeen a local 
telephone instrument, the PSTN and a computer connected 
to the computer netWork and operative to analyZe at least 
signaling information arriving from at least one of the local 
telephone instrument, the PSTN and the computer netWork 
and to route at least one of voice information and signaling 
information accordingly. 

[0030] Still further in accordance With a preferred embodi 
ment of the present invention, the adapter is implemented on 
a PC card. 

[0031] There is further provided, according to another 
preferred embodiment of the present invention, a telephone 
communication system providing communication betWeen a 
multiplicity of telephone instruments via a PSTN and a 
computer netWork, and operative to record the communica 
tion at a local level, the system including a recording device 
for recording the communication at the local level, and a 
digital telephone sWitch controller interfacing betWeen a 
local telephone instrument, the PSTN and a computer con 
nected to the computer netWork, and operative to route voice 
information arriving from at least one of the local telephone 
instrument, the PSTN and the computer netWork to the 
recording device. 

[0032] There is further provided, according to another 
preferred embodiment of the present invention, a telephone 
communication system providing communication betWeen a 
multiplicity of telephone instruments, a PSTN, and a com 
puter netWork, the system including a digital telephone 
sWitch controller interfacing With a computer connected to 
the computer netWork, and an adapter interfacing With a 
local telephone instrument and a PSTN, Wherein the adapter 
is a PC card. 

[0033] Still further in accordance With a preferred embodi 
ment of the present invention, the digital telephone sWitch 
controller includes a slot for a PC card. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0034] For a better understanding of the invention and to 
shoW hoW the same may be carried into effect, reference Will 
noW be made, purely by Way of example, to the accompa 
nying draWings in Which, 

[0035] FIG. 1 shoWs a netWork operative in accordance 
With the present invention; 

[0036] FIG. 2 shoWs another netWork operative in accor 
dance With the present invention; 

[0037] FIG. 3 shoWs a plurality of telephones connected 
to a single computer, in accordance With a further embodi 
ment of the present invention; 

[0038] FIG. 4 is a How diagram of a method of operation 
of an embodiment of the present invention; 

[0039] FIG. 5 is a simpli?ed functional block diagram of 
a telephone communication system providing communica 
tion betWeen conventional telephone instruments, a PSTN 
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and a computer network, constructed and operative in accor 
dance with a preferred embodiment of the present invention; 

[0040] FIG. 6 is a simpli?ed functional block diagram of 
a preferred implementation of the media signal gateway of 
FIG. 5, constructed and operative according to a preferred 
embodiment of the present invention; 

[0041] FIG. 7 is a timing diagram illustrating the 
responses of telephone equipment under the control of the 
media and signaling processor of FIG. 5; 

[0042] FIG. 8 is a timing diagram illustrating the 
responses of a PC under the control of the media and 
signaling processor of FIG. 5; 

[0043] FIG. 9 is a simpli?ed ?owchart of a preferred 
method for the operation of the digital telephone and media 
switch controller of FIG. 5, allowing a user to manually dial 
either PSTN or IP calls; 

[0044] FIG. 10 is a simpli?ed ?owchart illustrating a 
preferred mode of operation of the IP translation mechanism 
of the digital telephone and media switch controller of FIG. 
55 
[0045] FIG. 11 is a simpli?ed functional block diagram of 
a VoIP (voice over IP) engine system providing communi 
cation between conventional telephone instruments, via a 
data network, constructed and operative in accordance with 
a preferred embodiment of the present invention; and 

[0046] FIG. 12 is a simpli?ed ?owchart illustrating a 
preferred method for selecting a client according to a pre 
de?ned rules set, performed by the digital telephone and 
media switch controller of FIG. 5. 

DESCRIPTION OF THE PREFERRED 
EMBODIMENTS 

[0047] FIG. 1 shows a network operative in accordance 
with a preferred embodiment of the present invention. 

[0048] A telephone 10, which produces analog signals, is 
preferably connected to an adapter 12. The adapter 12 
preferably translates those analog telephone signals into 
digital data so that the telephone can be connected via the 
adapter 12 to a standard computer 16. The adapter thus 
allows an ordinary telephone to appear as a peripheral 
device to a computer. The computer 16 in turn may be 
connected to a computer network such as a company LAN, 
WAN, or the Internet. 

[0049] Preferably the adapter not only translates the data 
into analog signals but also arranges the data into packets 
with address information. Address information is of two 
forms. Firstly there is address information of a target address 
that the device wishes to communicate with. As the tele 
phone 10 is a standard telephone it is unable to provide 
Internet addressing information in the standard format 
because individual alphabetic characters are not provided on 
a standard telephone keypad. It is however possible to input 
a full numerical IP address or a short code which is used in 
a lookup table 14 to generate an address recogniZable to the 
Internet, or for that matter any other network that may be in 
use. 

[0050] The look-up table 14 may be located in the adapter 
12 or it may be located in a computer 16 to which the adapter 
is connected. The computer may be equipped with a modem 

Apr. 6, 2006 

18 or network card and is preferably capable of running the 
necessary protocols to communicate via the network. In the 
case of the Internet this means that the computer is prefer 
ably able to run the TCP/IP protocol, for example, and will 
be able to connect to an Internet host 20 via the telephone 
network 22. 

[0051] The Internet is able, in the standard manner, to 
determine from the address information how to direct the 
data packets received from computer 16 over the Internet 24 
to the correct host 26 of the called party. The host 26 is either 
already in contact with the computer 28 of the called party 
or, in a further embodiment, it makes contact via the local 
telephone network 30. The signal is preferably relayed from 
the computer 28 to an adapter 32 of the called party, where 
it is preferably converted into analog signals and is thus 
made available to telephone 34. 

[0052] It is noted that the invention does not require both 
parties to the conversation to have a telephone connected to 
an adapter of the invention. It is possible for the calling party 
to have a computer with standard Internet telephone equip 
ment, sound card and software. In this case adapter 32 of the 
called party need only be provided with software that allows 
it to deal with sound ?les of a format produced by the sound 
card of the calling party. It is also possible, if the calling 
party has a telephone connected to an adapter according to 
the invention which itself has access to the public telephone 
network, PSTN, for the called party simply to have an 
adapter and telephone without being connected to any 
computer network. Thus the calling party is preferably able 
to utiliZe spare capacity on the network and is nevertheless 
able to communicate with people not having a presence on 
that network. 

[0053] If the network to which the calling party is con 
nected is the Internet and the called party does not have an 
Internet connection the table 14 preferably indicates a 
remote Internet host that is located physically close to the 
called party, that is to say, preferably a local phone call away. 
The table preferably further provides a phone number so that 
the remote Internet host can dial and thus a long-distance or 
international phone call can be made for the price of two 
local phone calls. 

[0054] FIG. 2 shows a local network, such as a company 
Intranet. A plurality of telephones 40 are connected via a 
plurality of adapters 42 to a plurality of computers 44. The 
computers are all linked together via a LAN or WAN of any 
appropriate type. A server 46 is provided which links the 
LAN to the Internet and the telephone network. 

[0055] At present many organiZations have WANs of one 
sort or another linking various sites. However the WAN is 
rarely used for voice communication between various sites 
because the computers are not all equipped with sound 
cards. Thus voice communication has to use the telephone 
network and spare bandwidth on the WAN is wasted. 
However, in preferred embodiments of the present invention 
a sound card is not necessary, neither is the purchase of a 
dedicated microphone and speakers. All that needs to be 
done is to connect an existing telephone set, via an adapter 
of the present invention, to a computer on the network and 
voice communication via the computer is rendered possible. 

[0056] FIG. 3 shows how more than one telephone 10 
may be connected to a single adapter 12. The adapter 
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preferably has more than one port to Which a telephone lead 
may be attached. Each port typically has a unique address, 
Which is used in preparing headers for packets of data 
issuing from that port. Thus data packets produced by the 
adapter can be sent by computer 16 out to the Internet 
Without the computer needing to knoW about the fact that 
different packets come from different telephones. Similarly 
incoming packets, because they include the port address, can 
be directed to the correct port on the adapter Without any 
dif?culty and Without interfering With conversations being 
conducted via the other telephones. 

[0057] FIG. 4 is a How diagram of a preferred method of 
operation of the adapter 12. In step 50 the adapter identi?es 
the start of a call. It is sensitive to the tones or pulses used 
in dialing and records the digits being dialed. The dialed 
digits are taken to be address information 55. The format of 
the dialed information is checked in step 60 and if it is found 
to be in IP address format then that is used directly to address 
the data packets. If not then the lookup table is used in step 
65 to translate into an IP address. 

[0058] In step 70 a source address is prepared. The source 
address includes the IP address of the calling party and also, 
in the case of multiple telephone ports on a single adapter, 
the address of the port from Which the conversation is being 
sent. 

[0059] Once the address information is completed and a 
connection is established, the adapter has the task, step 75, 
of digitizing the conversation itself. The digitized conver 
sation is arranged in the aforementioned data packets, step 
80, and is output to the computer in step 85 as data packets 
ready for the TCP/IP protocol or the like. 

[0060] In a preferred embodiment of the present invention 
the part of the operation carried out by the computer can also 
be carried out internally Within the adapter so that the 
telephone does not need to be connected to a computer. In 
this case the only additional ability that the adapter typically 
employs is the processing poWer to support TCP/IP and to 
carry out the functions of a modem. Also the lookup table 14 
is preferably stored internally of the adapter. As an alterna 
tive to storing the lookup table 14 internally of the adapter 
it is possible to have the lookup table 14 stored on a 
computer to Which the adapter has access. 

[0061] In an adapter having more than one telephone port, 
a preferred embodiment is able to recogniZe the address of 
another of its oWn ports When dialed. Thus a conversation 
betWeen tWo telephones connected via the same adapter is 
possible. 

[0062] An advantage of a preferred embodiment of the 
present invention is that a standard telephone can utiliZe 
qualities of the computer or of the netWork. For example the 
computer, or adapter may have encryption softWare. The 
encryption softWare may be any encryption softWare and 
may include softWare that is used for encryption over the 
telephone netWork or any softWare that is used for encryp 
tion over the computer netWorks such as the Internet. 
Encryption standards that may be used include, for example, 
one-Way hashed protocols such as MD5 and tWo-Way 
hashed protocols based upon DES. 

[0063] It is also possible, through use of the appropriate 
softWare, to ensure that the appropriate packets are delivered 
to more than one address. Thus the source telephone acts as 
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a multicast or broadcast system. It is also possible to provide 
softWare to support conference calling; that is to say, there 
is provided exchange management softWare for managing 
different types of telephone call. At present the softWare for 
doing this is generally located in a costly telephone 
exchange device. 

[0064] Reference is noW made to FIG. 5 Which is a 
simpli?ed functional block diagram of a telephone commu 
nication system 90 providing communication betWeen con 
ventional telephone equipment, a PSTN 110 and a data 
netWork 120, the system being constructed and operative in 
accordance With a preferred embodiment of the present 
invention. The data netWork 120 may for example comprise 
the Internet or an intranet. 

[0065] The system 90 of FIG. 5 typically interfaces With 
PSTN 110 as a normal subscriber via a DAA (direct arrange 
ment access) unit 130 Which may for example comprise a 
K951C and K592C chip set DAA unit commercially avail 
able from Krypton Isolation, Pleasanton, Calif., USA. Pref 
erably, a PSTN/system sWitch 150 is provided Which pro 
vides selective engagement of the telephone equipment 100 
With either the system 90 or the PSTN 110. The DAA unit 
130 and a ringing SLIC (subscriber line interface circuit) 
unit 140 preferably feed into a media signal gateWay 160 
(described in detail in FIG. 6), an echo control unit 175, a 
codec 165, a digital signal processor (DSP) 170, a media and 
signaling processor 180, and ?nally to a digital telephone 
media and sWitch controller 190 via an interface 200, such 
as an RS232, USB, parallel port, Wireless connection, PC 
card, PCMCIA etc., generating a dual purpose link (media 
and control) betWeen itself and the digital telephone media 
and sWitch controller 190. It is appreciated that in a preferred 
embodiment, interface 200 may not interface With a PC, but 
may comprise a proprietary interface With a standalone 
microprocessor, such as a digital telephone sWitch. 

[0066] The digital telephone media and sWitch controller 
190 is typically connected to the data netWork 120 via a 
physical interface 195 Which may, for example, comprise a 
BCM4502 interface unit commercially available from 
Broadcom Corporation, Irvine, Calif., USA, Which is suit 
able for Ethernet use. The physical interface 195 may 
alternatively comprise an interface suitable to connect to one 
or more of the Internet, Ethernet, ATM, poWer line, HPNA 
(tWo Wire telephone line), GSTN (general sWitch telephone 
netWork, such as DSL, frame relay, ISDN, analog etc.), 
Wireless connection, infra red connection, cable TV etc. 

[0067] The ringing SLIC 140 may for example comprise 
an STLC3055, unit commercially available from SGS 
Thompson Microelectronics, San Jose, Calif., USA. 

[0068] Codec 165 may for example comprise an 
MCl45480 codec unit commercially available from 
Motorola Semiconductors, Irvine, Calif., USA. 

[0069] Digital signal processor 170 may for example 
comprise an ACA48lxx unit commercially available from 
Audiocodes Communications, Yehud, Israel. 

[0070] Echo control unit 175 may, for example comprise 
a MH88524 echo cancellation unit commercially available 
from Mitel Semiconductors, Kanata, Ontario, Canada. 

[0071] Media and signaling processor 180 may for 
example comprise an AT90S8515 microprocessor commer 
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cially available from Atmel Corporation, San Jose, Calif., 
USA. A simpli?ed illustration of a preferred implementation 
of the media and signaling processor 180 is described With 
reference to FIGS. 7 and 8. 

[0072] In a preferred embodiment, the device 85 may 
comprise the adapter 12 of FIG. 3; and the digital telephone 
media and sWitch controller 190, and the physical interface 
195 are located Within the PC 16 of FIG. 3. 

[0073] Typically, a sensor array 210 is provided betWeen 
the media signal gateWay 160 and the media and signaling 
processor 180, the sensor array 210 typically comprising a 
DTMF (dual tone multi-frequency) sensor 220 and a caller 
ID sensor 230. Alternatively, the sensor array 210 may be 
omitted and the functionality of the sensor array 210 may be 
integrated into the functionality of digital signal processor 
17 0. 

[0074] DTMF sensor 220 may for example comprise an 
MT8070 DTMF receiver commercially available from Mitel 
Semiconductors, Kanata, Ontario, Canada. 

[0075] Caller ID sensor 230 may for example comprise an 
MT88e45 caller ID receiver commercially available from 
Mitel Semiconductors, Kanata, Ontario, Canada. 

[0076] The codec unit 165 is typically operative to convert 
digital signals to analog signals, and analog signals to digital 
signals. The echo control unit 175, Which preferably com 
prises a standard 2 Wires to 4 Wires echo cancellation unit 
functionality, typically clears analog signals and eliminates 
echo therefrom. The DSP 170 typically performs echo 
control on digital signals, hoWever the echo control unit 175 
may be omitted and the analog echo control functionality of 
unit 175 incorporated into the DSP 170. 

[0077] In the illustrated embodiment, the telephone equip 
ment 100 typically comprises a non-cellular telephone 
instrument, hoWever, alternatively, a cellular telephone 
instrument may be employed in Which case suitable modi 
?cations are made to the system of FIG. 5 to take into 
account the precise cellular communication interface and 
protocol. In an alternative embodiment the telephone equip 
ment 100 may comprise complementary telephony equip 
ment, such as a caller ID unit, a FAX or a modem. 

[0078] Reference is noW made to FIG. 6 Which is a 
simpli?ed functional block diagram of a preferred imple 
mentation of media signal gateWay 160. 

[0079] The media signal gateWay 160 preferably com 
prises a real time analog mixer 235 operative to control the 
direction of How of analog signals to and from the media 
signal gateWay 160. Control over the three sWitches 240 
typically alloWs the real time analog mixer 235 to receive 
and transmit analog signals from any of three different 
sources: the PSTN 110 via DAA 130; the telephone equip 
ment 100 via the ringing SLIC 140; and the data netWork 
120 via the codec 165. 

[0080] The real time analog mixer 235 is preferably opera 
tive to eliminate one or more of the analog signals While 
keeping the amplitude constant by using a method such as an 
automatic gain control (AGC) method. The real time analog 
mixer 235 is also preferably operative to transfer voice 
information to the sensor array 210. 

[0081] The media signal gateWay 160 preferably also 
comprises a real time digital mixer 245 operative to control 
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the direction of How of analog signals to and from the media 
signal gateWay 160. The real time digital mixer 245 is 
preferably operative to receive and transmit digital control 
signal information to and from telephone equipment 100 via 
the ringing SLIC 140; the PSTN via the DAA 130; and the 
data netWork 120 via the codec 165. The real time digital 
mixer 245 is also preferably operative to receive and trans 
mit digital control signal information to and from the 
PSTN/ system sWitch 150. 

[0082] Reference is noW made to FIGS. 7 and 8 Which are 
timing diagrams illustrating the responses of telephone 
equipment and a PC, respectively, under the control of media 
and signaling processor 180. 

[0083] T1 is the minimum interval to hold TXD line loW 
for causing a break condition: 87 usec. (10 bits). 

[0084] T2 is the minimum guard time from end of break 
condition to the start of command/acknowledge transmis 
sion: 8.7 usec. (1 bits). 

[0085] The media and signaling processor 180 preferably 
accepts any command that may be sent from the PC during 
a response procedure, but typically remains in a Break 
condition until an AcknoWledge command is sent from the 
PC. If the PC does not respond to a Break signal Within 
approximately 5 msec, the processor 180 typically returns to 
Mark, and tries again to signal With Break to the PC, 
typically every approximately 5 msec. 

[0086] Thus the transfer time is typically: Command from 
PC=4-5 bytes, and Response from S-Phone=7-8 bytes, i.e. a 
total of ll-l3 bytes. 

[0087] The terms ‘Break’, ‘Mark’ and ‘AcknoWledge’ are 
used With reference to the standard terminology for a RS 232 
interface. 

[0088] Apreferred format for the Commands/ Responses is 
as folloWs: 

[0089] All commands/responses, except AcknoWledge 
response, are in the folloWing format: 

<pre?x> <command/response> [parameter] 
7 <pre?x> — start of command, (ASCII 10H). 
7 <command/response> — Command/Response byte. 
7 [parameter] — optional — extra byte for 

extended Commands/Responses. 

[0090] The AcknoWledge response format is preferably as 
folloWs: 

[0091] 

[0092] 

[0093] 

One byte, saving transmission time: 

<acknoWledge> -ASCII06H. 

Command/Response byte: 

Ext. CR6 CR5 CR4 CR3 cR2 CR1 CR0 

Ext.: 1 = Extended command/response. The command is followed by a 
parameter. 
CRWG: Command/Response code bits. 
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[0094] A preferred frequency/tone detection method using 
square Wave input, typically employed by the media and 
signaling processor 180 is noW described. This method 
preferably can be used in digital MPUs, can be used for 
detection of single frequency tones, and can be used to 
identify voice presence from other coherent signals on a 
phone line. It preferably also identi?es US dual tones as a 
single frequency tone With a higher error rate. 

[0095] Preferred parameters include: 

[0096] LoW_F: loWest frequency to detect, used to identify 
silence. 

[0097] ERROR: maximum difference typically alloWed 
betWeen tWo folloWing square Waves. 

[0098] LoWTone: loW boundary for a tested tone fre 
quency range. 

[0099] HighTone: high boundary for a tested tone fre 
quency range. 

[0100] Ntone: number of consistent Waves in the fre 
quency range of the tested tone to determine tone detec 
tion. 

[0101] Nvoice: number of inconsistent Waves to determine 
voice detection. 

[0102] ToneCounter: counter for NTone consistent Waves 
in the frequency range of the tested tone. 

[0103] VoiceCounter: counter for Nvoice inconsistent 
Waves. 

[0104] F1>l/LoW_F?—>tone detected: silence. Reset all 
counters. 

[0105] [Fl-F2]>=ERROR?—>VoiceCounter++ Reset all 
other tone counters. 

[0106] VoiceCounter=NVoice?—>tone 
Reset all counters. 

[0107] l/HighTone<=F1<=l/LoWTone—>ToneCounter++ 
Reset all other tone counters, exclude VoiceCounter. 

detected: voice. 

[0108] ToneCounter=NTone?Qtone detected: tone. Reset 
all counters. 

[0109] Returning noW to FIG. 5, the digital telephone 
media sWitch controller 190 may, for example, comprise a 
suitably programmed personal computer. Alternatively, the 
digital telephone media sWitch controller 190 may, for 
example, comprise a suitably programmed microprocessor, 
Which is not a PC. A simpli?ed ?owchart illustration of a 
preferred program for the controller is described in FIGS. 9, 
10 and 12. 

[0110] In one embodiment of the present invention the 
user of the system, When making a telephone call, is able to 
manually sWitch betWeen dialing via IP or PSTN. 

[0111] FIG. 9 is a simpli?ed ?owchart of a preferred 
method for the operation of the digital telephone and media 
sWitch controller 190 of FIG. 5, alloWing a user to manually 
dial either PSTN or IP calls. When the handset is taken 
‘off-hook’, step 300, or any equivalent step Which is typi 
cally the prelude to dialing from the telephone equipment 
100, the device typically sWitches to a default state. The 
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default state is preferably user-de?ned during con?guration, 
and in this embodiment the default state is either IP or 
PSTN. 

[0112] All user-de?ned con?guration of the system of the 
present invention preferably occurs upon ?rst use, hoWever 
recon?guration may be performed at any time. Con?gura 
tion typically is via a set-up screen on a PC, hoWever 
con?guration may alternatively occur via DTMF via the 
telephone equipment 100. 

[0113] If the default line is IP (yes at step 310), the digital 
telephone sWitch controller 190 preferably sWitches to an IP 
line (step 320). Typically, upon sWitching to an IP line, the 
device 85 transmits a dial-tone signal (step 320) to the 
telephone equipment 100, until a keypad button is pressed. 
In response, the media and signal processor 180 typically 
receives DTMF signaling (step 330), from the telephone 
equipment 100, via the ringing SLIC 140, the media signal 
gateWay 160, and the sensor array 210. The media and 
signaling processor 180 typically either translates the signals 
to commands, Which commands are transmitted to the 
sWitch controller 190, or media and signaling processor 180 
transmits the signals directly to the digital telephone sWitch 
controller 190 Where they are translated. 

[0114] If the default line is not lP (no at step 310), then the 
sWitch controller 190 typically sWitches to a PSTN line (step 
340), and receives the DTMF signal (step 330). Typically, 
upon sWitching to a PSTN line, the device plays the central 
o?‘ice’s (CO’s) dial-tone until the user begins to dial. 

[0115] If the user presses (step 350) a con?gurable ‘Line 
SWitching Digit’ before any other digit (e.g. ‘#’ by default), 
the device preferably sWitches to the other line, i.e. from 
PSTN to IP, or from IP to PSTN. 

[0116] If a user starts dialing on a PSTN line beginning 
With any digit other than the prede?ned ‘Line SWitching 
Digit’ (step 360), then the PSTN call is typically dealt With 
in the normal fashion. 

[0117] It is appreciated that since all digits, including the 
‘Line SWitching Digit’, are transferred directly to the PSTN 
line When sWitched to it, the ‘Line SWitching Digit’ is 
preferably selected to be a digit that does not have a special 
meaning to the CO or private branch exchange (PBX) to 
Which the system is connected. 

[0118] If a user starts dialing on an IP line (step 370) 
beginning With any digit other than the prede?ned ‘Line 
SWitching Digit’, the digits are typically collected and stored 
in a buffer (step 380) until the user dials the ‘Send’ digit (e.g. 
‘#’). Once the ‘send’ digit has been entered, the collected 
digits (i.e. a telephone number) are preferably transferred to 
the IP translation mechanism to determine hoW to dial them 
(step 390). 

[0119] A call dialed over an IP line is typically of the type 
PC-to-PC, or PC-to-Phone. It is appreciated, hoWever, that 
While one preferred embodiment of the invention is 
described herein With reference to PC-to-PC or PC-to-Phone 
calls, the present invention applies equally to calls of the 
type net-to-PC, PC-to-net, net-to-net, or net-to-phone. 

[0120] To determine the type of call and the dialing 
mechanism preferably utiliZed, the method of FIG. 10 is 
preferably employed. 
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[0121] FIG. 10 is a simpli?ed ?owchart illustrating a 
preferred mode of operation of the IP translation mechanism 
of the digital telephone and media sWitch controller 190, 
corresponding to step 390 of FIG. 9. 

[0122] If the number dialed by a user over an IP line 
begins With a pre-de?ned digit, i.e. “PCZPCPre?x”, (e.g. ‘ *’ 
by default; step 410), it is preferably dialed as a PC-to-PC 
call (step 420). In this case the dialed number is preferably 
translated to an IP address. The prede?ned digit 
PCZPCPre?X is preferably user-con?gurable, via softWare. 

[0123] A preferred translation mechanism is noW 
described: 

[0124] If the number is a valid IP address 430 (e.g., 
139.92.184.76) the number is typically dialed using an 
engine such as a VoIP engine (step 440). As conventional 
telephone equipment does not have a button for a dot ‘.’, the 
dots are typically represented by an asterisk ‘*’. 

[0125] A VoIP engine (described beloW With reference to 
FIG. 11) typically comprises the folloWing functions: sig 
naling protocols such as H.323, MGCP and SIP; and voice 
compression and echo cancellation functions, preferably 
alloWing the engine to receive and transmit voice packets. 

[0126] If the number is a short number, typically in the 
range of 0-255 (step 450), the number is typically considered 
as an IP/PBX or network/PBX extension, and is combined 
With a pre-de?ned mask, con?gurable by softWare (e.g. 
“10.0.0”), to make a valid IP address (step 460), and dialed 
(step 440). 
[0127] If the number is not a valid IP address, and the 
number is not a short digit in the range of 0-255, the number 
is preferably transferred to a mechanism such as Mirabilis 
ICQ as an ICQ# for translation into an IP address (step 470), 
and dialed (step 440). 

[0128] If the above procedure does not yield a valid IP 
address the number is deemed to be illegal, and a reorder 
tone is typically transmitted to the telephone equipment 100. 

[0129] A preferred method for connecting phone calls over 
an IP netWork, using a VoIP engine (step 440) is noW 
described With reference to FIG. 11, Which is a simpli?ed 
functional block diagram of a VoIP (voice over IP) engine 
system providing communication betWeen conventional 
telephone instruments, via a data netWork, constructed and 
operative in accordance With a preferred embodiment of the 
present invention. 

[0130] Device A, While connected to data netWork 120, 
preferably sends a message containing its personal ID and IP 
address to all other devices connected via the data netWork 
120, i.e. devices B and C. At least once in each prede?ned 
period, Which is typically up to about 30 seconds, device A 
preferably sends a ‘keep alive’ message to the data netWork 
120. Each device connected to data netWork 120 that 
received the message from device A, preferably, in return, 
send their personal details and IP address to device A. At 
least once in each prede?ned period, Which is typically up to 
about 30 seconds, all other devices, i.e. devices B and C, 
preferably send a ‘keep alive’ message to the data netWork 
120. Each device is thus preferably operative to store details 
of other connected devices in a ‘connected’ list in its 
memory, enabling that device to knoW Which other devices 
are connected and Which are not connected. When one of the 
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devices does not send a keep alive period Within a certain 
period the other devices typically delete this device from the 
connected list. 

[0131] A preferred method of making a phone call via this 
engine is noW described. 

[0132] A local phone user picks up the handset of tele 
phone equipment 100 and Waits for a dial tone. In the 
absence of a dial tone the user typically hangs up the phone, 
and Waits for a dial tone. If the user receives a dial tone he 
typically dials the number of a remote user using the 
telephone keypad, folloWed by an “end of number” key, e.g. 
“#”. The device 90 preferably translates the number to an IP 
address taken from a preprogrammed table containing tele 
phone numbers and their related IP addresses. This table is 
typically updated from the information Which Was received 
from other devices connected to the data netWork. Telephone 
numbers are preferably constant in this table, even if the IP 
address and details changes. 

[0133] If the number is not valid, i.e. not in the list, a 
reorder tone is preferably sent to the local phone. If the 
remote user is busy, a busy tone is preferably sent to the local 
phone. If the remote user ansWers, voice packets are pref 
erably transferred over the data netWork from the local user 
device to the remote user device, and vice versa. 

[0134] When one of the parties unhooks the phone, a 
termination signal is preferably sent to the other party and 
the session ends. Both parties are then typically ready to 
create or receive a neW phone call. 

[0135] Referring back to FIG. 10, if the number does not 
begin With the “PCZPCPre?x”, it is typically dialed as a 
PC-to-Phone target (step 490). Dialing is typically per 
formed using one of a list of PC-to-Phone clients supported 
by the softWare (e.g., Net2Phone, Delta-Three, etc.). To 
determine Which client is used, a PC-to-Phone Dialing 
Rules mechanism is preferably utiliZed. 

[0136] The softWare setup of the digital telephone and 
media sWitch controller 190 preferably contains a Dialing 
Rules Wizard enabling the user to de?ne a set of rules for 
dialing PC-to-Phone targets. The client to be used is pref 
erably selected according to the prede?ned rules set, in a 
procedure described With respect to FIG. 12. 

[0137] If there is a rule such as “Dial ALL calls using X 
client”500, Which typically supersedes all other rules, then 
the call is made using X client (step 510). 

[0138] A number is typically tested to see Whether it 
begins With an international code (step 520). If the number 
does not begin With an international code, it is typically 
de?ned as a local call 530. In the presence of a rule such as 
“Dial calls Within my country using Y client”540, then if the 
target is local (‘yes’ at step 535), the call is preferably made 
using Y client (step 550). 

[0139] If the target is not local (‘no’ at step 535), and a 
PC-to-Phone client, Z, has been designated for that particu 
lar target country (step 560), the phone call is preferably 
made using Z client (step 570). 

[0140] In the absence of a rule designating a particular 
client for the particular target country 560, then in the 
presence of a rule such as “Dial countries NOT in the list 
using W client”580, the call is preferably made using W 
client (step 590). 










