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AUDIO COMMUNICATION SYSTEM 

Matter enclosed in heavy brackets [ ] appears in the 
original patent but forms no part of this reissue speci? 
cation; matter printed in italics indicates the additions 
made by reissue. 

BACKGROUND OF THE INVENTION 

The present invention relates to the utilization of the I/O 
ports of the audio boards and audio capable computers 
(built-in sound cards) for communication purposes. 

The audio board, also referred to as “voice card” or as 
“line card”, is a component in a proprietary or pc-based 
multimedia system. The audio board accepts input from an 
analogue source (e.g., a microphone, or a CD player) and 
turns it into a ?le that can be stored on a hard disc. This ?le 
can be played back later on, with the board turning the 
digital data back into analog signals receivable by 
headphones, speakers, an ampli?er, or any such kind 
devices. 

Hence, audio boards convert analogue speech into digital 
characters, store the information for retrieval, and synthesize 
the information back into human voice capable of being 
listened by a caller. 

Conventionally, the I/O terminals of such boards are 
standard audio plugs, namely of the kind provided on audio 
microphones, audio headsets, etc. 

The accuracy of the sound reproduction by the sound 
board is governed by two factors. The sampling rate, which 
is the rate by which the sound board samples the incoming 
audio signals; and the resolution, that is the number of bits 
used to store each sample. The higher the sample rate and the 
higher the resolution, the better the quality of the audio 
reproduction. However, each of these factors requires con 
siderable disk space. 

The traditional voice processing function has been the 
voice mail function which employed computers to store 
messages electronically. Since then, voice processing sys 
tems evolved to more sophisticated capabilities, such as 
automated call routing and distribution, interactive voice 
response, collection of voice and data messages from a 
single source, and voice recognition systems that allow users 
to interact with computers by speaking certain commands 
into their telephones. 

The currently commercially available products which 
offer those capabilities are controlled by digital I/O such as 
the RS232 or RS422 port, which means the utilization of 
valuable and expensive computer resources. 

Afurther drawback of the existing systems resides in that 
they are not compatible with all computer platforms. Still 
another drawback of the existing systems is that they need 
allocation of COM ports with ADD-IN boards, and are not 
self con?guring. 

It is therefore the general object of the invention to utilize 
the audio I/O ports of the existing sound boards and sound 
capable computers to offer a direct telephone/PABX com 
munication channel in addition to the regular capabilities of 
those boards, such as voice synthesis applications. 

It is further object of the invention to provide a low cost 
alternative to an expansive, multi-features phone, such as 
including the functions of ?ashhook, hold, speed dialing, 
pulse dialing, speakerphone, etc. 

It is a still further object of the invention to provide a 
computer based answering machine, a computer based fax, 
a computer based data modem, etc., that is, a computer based 
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2 
communication device that operates as one of the above 
mentioned machines depending on the software installed in 
the computer. 

It is a still further object of the invention to provide for 
easy installation, self con?guring, and easy usage of a 
computer system. 

It is a still further object of the invention to enable 
upgradability of communication features by software. Such 
as: 1. caller 1.0.; 2. AN I—Automatic Number Identi?cation; 
3. Audio TEX for telephone. The computer can “say” the 
contents of a ?le or user input data, upon request from user 
or caller; 4. voice recognition capabilities can also be used 
with the device to allow users to dial just by “saying” “Dial” 
or for controlling the devices mode of operation etc. 

It is a still further object of the invention to optionally 
substitute the external power source of the system by the 
telephone line power supply. 

It is a still further object of the invention to provide a 
device that is compatible with all computer platforms, and is 
annexable to all computers/portable computers via the audio 
I/O ports of the sound board. 

It is a still further object of the invention to provide a 
device of small size so that it would not take desktop space, 
and can optionally be merged into and become an integral 
part of the sound board. 

SUMMARY OF THE INVENTION 

According to a broad aspect of the invention there is 
provided a communication system comprising a computer 
with a built-in/external sound board connectable through 
audio input/output ports, and a communication device 
capable of receiving, processing and sending analog signals, 
characterized in that the device is coupled to the said ports. 
The device may be installed as a stand-alone unit between 

the audio board and a telephone line, or as a part of the audio 
board. 

BRIEF DESCRIPTION OF THE DRAWINGS 

Further objects and advantages of the present invention 
will become better understood in the light of the ensuing 
description of a few preferred embodiments thereof taken in 
conjunction with the accompanying drawings, in which 

FIG. 1 is a diagram of the device in its environment; 
FIG. 2 is a block diagram of the device’s main compo 

nents; and 
[FIG. 3 is] FIGS. 3A and 3B are a ?owchart of the 

algorithm of the system operating as an answering machine, 
illustrating one of the various possible options of the system. 

DETAILED DESCRIPTION OF THE 
PREFERRED EMBODIMENT 

Referring to FIG. 1, there is schematically illustrated a 
unit, generally denoted 10, representing main functional 
features of the system provided according to present inven 
tion. The unit 10 is connected to a sound board 11 incor 
porated in a computer 19, coupled thereto by means of 
input/output terminals 12 and 13 of such sound boards via 
standard audio plugs 14 and 15, to the telephone line 16, and 
optionally to a telephone handset/headset 17. 

FIG. 2 illustrates the main components of unit 10. There 
is provided a DTMF decoder 21, a logical unit or logic unit 
22, a data access arrangement 23, a speaker 24, an earpiece 
25 and microphone 26, and audio mixers/ampli?ers 27. 

The audio board 11 is capable of digitizing audio signals, 
store them in digitized form on the hard drive in the 
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computer 19, retrieve the signals and output them in audio 
form by digital-to-analog conversion. These capabilities are 
found in conventional sound board applications. 

The communication protocols used by unit 10 are via 
DTMF signals. Unit 10 accepts computer generated DTMF 
signals together With audio synthesiZed signals and differ 
entiates betWeen them in unit 27. The DTMF signals pro 
duced by the computer 19 may function both as control 
signal for unit 10 and as dial out signals. Unit 21 decodes the 
DTMF signals and transfers them to the logical unit 22, 
Which controls the operation of unit 10. If, for instance, a 
stream of DTMF signals starts With control signals directing 
unit 10 to seiZe the telephone line, then the rest of the stream 
is dialed out in the form of DTMF signals. 

During the operation of the device 10, the audio-in port 13 
is constantly under the control of softWare operating in the 
computer side. The signals entering through the audio-in 
port are digitiZed, ?ltered and analyZed by softWare modules 
operating in the computer. DTMF and audio signals coming 
in are recogniZed by the softWare, and the softWare then 
either outputs information or saves a voice message, in 
accordance With the nature and the contents of those signals. 

Unit 10 operates in conjunction With the above mentioned 
softWare, Which Would be classi?ed as “high level” 
softWare, Which controls the high level functions of the 
device 10, and With the softWare that “drives” the sound 
board. 

In its standard mode of operation the device accepts 
signals either from the computer or through the telephone 
line. The computer generates DTMF signals together With 
synthesiZed audio signals, and the device is capable of 
differentiating betWeen the tWo. The DTMF signals coming 
out of the computer toWards the device function as control 
signals applied to the device. For eXample, control signals 
like place the phone line off hook, or place a conversation on 
hold, or determine the device mode of operation, etc. Once 
the phone line is seiZed, the DTMF signals are used for 
dialing out. DTMF and audio signals coming in through the 
telephone line are transferred to the audio-in port Which is 
under constant softWare control from the computer side. 
Those signals are digitiZed, ?ltered, analyZed and recog 
niZed by suitable conventional softWare, and the softWare 
application has the capability to determine the further pro 
cessing step or steps, e.g. either output the information in 
response, or save a voice message, or both. Due to the 
structure of device 10, and the nature of the softWare 
operating in computer 19, there are various possible options 
for the device’s operation, such as ansWering machines; 
record greetings; voice mail; speakerphone; call screening; 
message forWarding; hold; music on hold; mute mic.; dial 
from directory; dial manual; auto dial and repeat; go off 
hook; go on hook, and the like, While several options can be 
chosen to function all at once, for a speakerphone plus music 
on hold plus call screening. 

For instance, in an ansWering machine mode of operation, 
Which is diagrammatically shoWn in FIG. 3, When a ring is 
received from the telephone line 16, device 10 recogniZes 
the ring and transmits it to the audio-in plug portion 15. The 
scanning softWare is adapted to control, for instance, the 
number of rings, till it dials a DTMF control signal to unit 
10 to seiZe the line. After the line is seiZed, the computer 19 
outputs a prerecorded message to the audio out 14, Which is 
routed, under the control of logical unit 22, to the telephone 
line. After the beep, the audio-in port 15 records the caller 
message and stores it on the hard drive for later retrieval. 
The computer then outputs a different DTMF signal to 
device 10, in order to place the device on hook. 
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All these operationed steps are performed in the 

background, Which means that the computer user is not 
interfered during the screening of the incoming calls. 
The initial poWer to the device 27 is supplied by the audio 

signals coming out of the sound board 11. After line is seiZed 
With the “off hook” signal, the device gets poWer from the 
telephone line. 

Those skilled in the art to Which the present invention 
pertains Will readily appreciate that numerous changes, 
modi?cations and variations may be applied to the invention 
Without departing from the scope thereof as de?ned in and 
by the appended claims. 
What is claimed is: 
1. An apparatus for bi-directional analog communication 

of telephone data With a host computer, the host computer 
having an A/D converter for converting analog data received 
from the apparatus to digital data and a D/A converter for 
converting digital data to analog data to be sent to the 
apparatus, the apparatus comprising: 

a data access arrangement having a telephone line inter 
face for connection to a telephone line, the data access 
arrangement also having a bi-directional interface, the 
data access arrangement outputting signals responsive 
to signals received from the telephone line interface to 
the bi-directional interface; 

an audio mixer connected to the bi-directional interface of 
the data access arrangement for receiving the signals 
output to the bi-directional interface by the data access 
arrangement, Wherein the audio miXer has a ?rst analog 
output for connection With the host computer, for 
forWarding signals received by the bi-directional inter 
face of the audio miXer to the host computer, the audio 
miXer additionally having a second analog output; 

a DTMF decoder connected to the second analog output 
of the audio miXer, the DTMF decoder for generating 
a signal representative of a DTMF signal in response to 
receiving a DTMF signal from the audio miXer; and 

a logical unit operatively connected to the DTMF decoder 
for receiving the signal generated by the DTMF 
decoder, the logical unit being coupled to the data 
access arrangement to provide instructions to the data 
access arrangement. 

2. The apparatus claimed in claim 1, Wherein the audio 
miXer additionally comprises a ?rst analog input to receive 
signals from the host computer. 

3. The apparatus claimed in claim 2, Wherein the audio 
miXer sends DTMF signals received over the ?rst analog 
input of the audio miXer to the DTMF decoder via the 
second analog output. 

4. The apparatus claimed in claim 2, Wherein the audio 
miXer sends signals received over the ?rst analog input of 
the audio miXer to the data access arrangement via the 
bi-directional interface. 

5. The apparatus claimed in claim 2, Wherein the audio 
miXer is adapted to receive poWer from the host computer 
via the ?rst analog input. 

6. The apparatus claimed in claim 1, Wherein the data 
access arrangement is con?gured to receive poWer from a 
telephone line connected to the telephone line interface 
When said telephone line is “OFF-HOOK”. 

7. The apparatus claimed in claim 1, Wherein the instruc 
tions that the logical unit provides to the data access unit 
includes an instruction to seiZe a telephone line. 

8. The apparatus claimed in claim 1, Wherein the instruc 
tions that the logical unit provides to the data access unit 
includes an instruction to release a telephone line. 
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9. The apparatus claimed in claim 1, wherein the audio 
mixer additionally comprises a speaker, and Wherein signals 
received from the bi-directional interface With the data 
access arrangement are sent to the speaker. 

10. The apparatus claimed in claim 1, Wherein the audio 
mixer additionally comprises a microphone, and Wherein the 
audio mixer forWards signals received from the microphone 
to the bi-directional interface. 

11. The apparatus claimed in claim 1, Wherein the data 
access arrangement sends signals received from the audio 
mixer to the telephone line interface. 

12. The apparatus claimed in claim 1, Wherein the data 
access arrangement sends a telephone ring signal received at 
the telephone line interface to the audio mixer via the 
bi-directional interface, and the audio mixer forWards the 
telephone ring signal to the host computer via the ?rst analog 
output. 

13. The apparatus claimed in claim 1, further comprising 
a host computer, the host computer having an A/D converter 
for converting analog data received from the audio mixer to 
digital data. 

14. The apparatus claimed in claim 2, further comprising 
a host computer, the host computer having an A/D converter 
for converting analog data received from the audio mixer to 
digital data, the host computer also having a D/A converter 
for converting digital data to analog data to be sent to the 
audio mixer. 

15. The apparatus claimed in claim 14, Wherein the host 
computer has a bus, the A/D converter is adapted to receive 
analog signals from the audio mixer and convert it to digital 
data on the bus. 

16. The apparatus claimed in claim 15, Wherein the D/A 
converter is adapted to convert digital data received on the 
bus to analog data, and transmit the analog data on the audio 
mixer. 

17. The apparatus claimed in claim 16, further comprising 
host softWare, the host softWare con?gured to transmit 
DTMF signals via the D/A converter, the DTMF signals 
including an instruction that the data access arrangement 
seiZe the telephone line. 

18. The apparatus claimed in claim 16, further comprising 
host softWare, the host softWare con?gured to monitor the 
digital representation of the analog data received by the A/D 
converter and transmit DTMF signals via the D/A converter 
instructing the data access arrangement seiZe the telephone 
line in response to a digital representation of a telephone 
ring. 

19. A system for providing telephone communications in 
cooperation with a host computer; wherein said host com 
pater generates and processes signals including audio and 
control signals, said system comprising: 

a data access arrangement having a telephone line inter 
face and a second interface, said data access arrange 
ment for interfacing signals at said telephone line 
interface with signals at said second interface; 

a mixer adapted to receive a plurality of input signals and 
provide said input signals to said host computer; 
wherein said input signals include audio signals 
received from said second interface, said mixer 
adapted to receive audio signals from said host com 
puter and provide a plurality of output signals, wherein 
said output signals include audio signals transmitted to 
said second interface,‘ 

a DTMF decoder for receiving at least one of the control 
signals and for generating a ?rst signal representative 
of a DTMF signal in response thereto,‘ and 

a logical unit for receiving said ?rst signal, said logical 
unit coupled to said data access arrangement to control 
operations of said system according to said ?rst signal. 
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20. The system of claim 19 wherein said system provides 

a type of telephone service according to a type of software 
installed in said host computer. 

21. The system of claim 19 wherein said logical unit 
controls operations of said data access arrangement accord 
ing to said control signals. 

22. The system of claim 19 wherein said control signals 
de?ne signaling operations on said telephone line. 

23. The system of claim 19 wherein said input signals and 
said output signals comprise analog signals and said host 
computer transmits and receives digital signals, said system 
further comprising a digital to analog and analog to digital 
converter for converting between said digital signals and 
analog signals. 

24. The system of claim 19 wherein said telephone line 
interface connects to at least one telephone. 

25. A system for interfacing to a telephone in cooperation 
with a host computer; wherein said host computer generates 
and processes signals including audio and control signals, 
said system comprising: 

a data access arrangement having a telephone interface 
and a second interface, said data access arrangement 
for interfacing signals at said telephone interface with 
signals at said second interface,‘ 

a mixer adapted to receive a plurality of input signals and 
provide said input signals to said host computer; 
wherein said input signals include audio signals 
received from said second interface, said mixer 
adapted to receive audio signals from said host com 
puter and provide a plurality of output signals, wherein 
said output signals include audio signals transmitted to 
said second interface,‘ 

a DTMF decoder for receiving at least one of the control 
signals and for generating ?rst signals representative 
of DTMF signals in response thereto,‘ and 

a logical unit for receiving said ?rst signals, said logical 
unit coupled to said data access arrangement to control 
operations of said system according to said ?rst sig 
nals. 

26. A system for providing telephone communications in 
conjunction with a host computer; wherein said host com 
puter generates and processes signals including audio and 
control signals, said system comprising.‘ 

a ?rst interface for audio signals and control signals that 
are routed between said computer and said system,‘ 

a second interface for audio signals that are routed to or 
from a data access arrangement,‘ 

a DTMF decoder for receiving at least one of the control 
signals and for generating ?rst signals representative 
of DTMF signals in response thereto,‘ 

a logical unit for receiving said ?rst signals from said 
computer via said ?rst interface, said logical unit 
coupled to said second interface to control operations 
of said data access arrangement according to said ?rst 
signals,‘ and 

an audio mixer adapted to receive a plurality of input 
signals and provide said input signals to said computer 
via said ?rst interface, wherein said input signals 
include audio signals received from said second 
interface, said audio mixer adapted to receive audio 
signals from said computer via said ?rst interface and 
provide a plurality of output signals, said output sig 
nals including audio signals transmitted to said second 
interface. 

27. The system of claim 26 further comprising a data 
access arrangement having a telephone line interface and a 
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system interface, said system interface adapted to be con 
nected to said second interface, said data access arrange 
ment for interfacing signals at said telephone line interface 
with signals at said system interface. 

28. The system of claim 26 further comprising a data 
access arrangement having a telephone interface and a 
system interface, said system interface adapted to be con 
nected to said second interface, said data access arrange 
ment for interfacing signals at said telephone interface with 
signals at said system interface. 

29. An audio device for providing telephone communica 
tions in conjunction with a host computer; wherein said host 
computer generates and processes signals including audio 
and control signals, said audio device comprising: 

a ?rst interface for audio signals and control signals that 
are routed between said computer and said audio 
device,‘ 

a second interface for audio signals that are routed 
between said audio device and a data access arrange 

ment,‘ 
a DTMF decoder for receiving at least one of the control 

signals and for generating ?rst signals representative 
of DTMF signals in response thereto,‘ 

a logical unit for receiving said ?rst signals from said 
computer via said ?rst interface, said logical unit 
coupled to said second interface to control operations 
of said data access arrangement according to said ?rst 
signals,‘ and 

an audio mixer adapted to receive a plurality of input 
signals and provide said input signals to said computer 
via said ?rst interface, wherein said input signals 
include audio signals received from said second 
interface, said audio mixer adapted to receive audio 
signals from said computer via said ?rst interface and 
provide a plurality of output signals, said output sig 
nals including audio signals transmitted to said second 
interface. 

30. A board for providing telephone communications in 
conjunction with a host computer; wherein said host com 
puter generates and processes signals including audio and 
control signals, said board comprising: 

a ?rst interface for audio signals and control signals that 
are routed between said computer and said board,‘ 

a second interface for audio signals that are routed to or 
from a data access arrangement,‘ 

a DTMF decoder for receiving at least one of the control 
signals and for generating ?rst signals representative 
of DTMF signals in response thereto,‘ 

a logical unit for receiving said ?rst signals from said 
computer via said ?rst interface, said logical unit 
coupled to said second interface to control operations 
of said data access arrangement according to said ?rst 
signals,‘ and 

an audio mixer adapted to receive a plurality of input 
signals and provide said input signals to said computer 
via said ?rst interface, wherein said input signals 
include audio signals received from said second 
interface, said audio mixer adapted to receive audio 
signals from said computer via said ?rst interface and 
provide a plurality of output signals, said output sig 
nals including audio signals transmitted to said second 
interface. 

31. The board of claim 30 further comprising a data 
access arrangement having a telephone line interface and a 
board interface, said board interface adapted to be con 

10 

25 

35 

40 

45 

55 

65 

8 
nected to said second interface, said data access arrange 
ment for interfacing signals at said telephone line interface 
with signals at said board interface. 

32. The board of claim 30 further comprising a data 
access arrangement having a telephone interface and a 
board interface, said board interface adapted to be con 
nected to said second interface, said data access arrange 
ment for interfacing signals at said telephone interface with 
signals at said board interface. 

33. An audio board for providing telephone communica 
tions in conjunction with a host computer; wherein said host 
computer generates and processes signals including audio 
and control signals, said audio board comprising: 

a ?rst interface for audio signals and control signals that 
are routed between said computer and said audio 
board,‘ 

a second interface for audio signals that are routed to or 
form a data access arrangement,‘ 

a DTMF decoder for receiving at least one of the control 
signals and for generating ?rst signals representative 
of DTMF signals in response thereto,‘ 

a logical unit for receiving said ?rst signals from said 
computer via said ?rst interface, said logical unit 
coupled to said second interface to control operations 
of said data access arrangement according to said ?rst 
signals,‘ and 

an audio mixer adapted to receive a plurality of input 
signals and provide said input signals to said computer 
via said ?rst interface, wherein said input signals 
include audio signals received from said second 
interface, said audio mixer adapted to receive audio 
signals from said computer via said ?rst interface and 
provide a plurality of output signals, said output sig 
nals including audio signals transmitted to said second 
interface. 

34. The audio board of claim 33 further comprising a data 
access arrangement having a telephone line interface and a 
board interface, said board interface adapted to be con 
nected to said second interface, said data access arrange 
ment for interfacing signals at said telephone line interface 
with signals at said board interface. 

35. The audio board of claim 33 further comprising a data 
access arrangement having a telephone interface and a 
board interface, said board interface adapted to be con 
nected to said second interface, said data access arrange 
ment for interfacing signals at said telephone interface with 
signals at said board interface. 

36. A communication system comprising.‘ 
a host computer for executing software programs that 
provide host-based audio signal processing services, 
wherein said host computer transmits and receives 
audio signals and control signals according to said 
host-based audio signal processing services,‘ 

a data access arrangement having a telephone line inter 
face and a second interface, said data access arrange 
ment for interfacing signals at said telephone line 
interface with signals at said second interface,‘ 

a mixer adapted to receive a plurality of input signals and 
provide said input signals to said host computer; 
wherein said input signals include audio signals 
received from said second interface, said mixer 
adapted to receive audio signals from said host com 
puter and provide a plurality of output signals, wherein 
said output signals include audio signals transmitted to 
said second interface,‘ 

a DTMF decoder for receiving at least one of the control 
signals and for generating ?rst signals representative 
of DTMF signals in response thereto,‘ and 
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a logical unit for receiving said ?rst signals; said logical 
unit coupled to said data access arrangement to control 
operations of said system according to said ?rst sig 
nals. 

37. A method for providing telephone communications in 5 
cooperation with a host computer; said method comprising 
the steps of." 
processing an audio signal by said host computer; 
generating a control signal by said host computer accord 

ing to said processing step; 
sending said control signal to a DTMF decoder and 

providing ?rst signals representative of DTMF signals 
in response to the control signal to a logical unit; 
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controlling a data access arrangement with said logical 
unit according to said control signal; 

15 

routing said audio signal through a mixer; and 
interfacing said audio signal to a telephone line using 

said data access arrangement. 
38. The method of claim 3 7 further comprising the step of 20 

installing software into said host computer to select a 
host-based audio signal processing operation to be provided 
by said system. 

39. The method of claim 3 7 further comprising the step of 
decoding said control signal from said host computer and 25 
providing a decoded control signal to said logical unit. 

10 
40. The method of claim 3 7 further comprising the step of 

controlling; by said logical unit; operations of said data 
access arrangement according to said control signal. 

41. The method of claim 3 7 further comprising the step of 
de?ning a signaling operation on said telephone line 
according to said control signal. 

42. The method of claim 37 wherein said signal interfaced 
to said telephone line comprises an analog signal and said 
host computer transmits and receives digital signals; said 
method further comprising the steps of converting a digital 
signal received from said host computer to an analog signal 
and converting an analog signal being sent to said host 
computer to a digital signal. 

43. The method of claim 37 wherein said processing step 
comprises performing at least one of an answering machine; 
a fax; a modem; a record greeting; a voice mail; a 
speakerphone; a call screening; a message forwarding; a 
hold; a music on hold; a mute microphone; a dial from 
directory; a dial manual; an auto dial and repeat; a go-ojf 
hook; or a go-on-hook operation. 

44. The method of claim 37 wherein said telephone line 
connects to at least one telephone. 


