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TELEPHONE ANSWERING MACHINE WITH
DIGITAL STORAGE OF ANNOUNCEMENTS AND
MESSAGES

This is a divisional application of U.S. patent applica-
tion Ser. No. 752,053, filed July 5, 1985, by Aleksander
Szlam, entitled “Telephone Answering and Call For-
warding Improvement”, now U.S. Pat. No. 4,677,663,
issued June 30, 1987.

TECHNICAL FIELD

The present invention relates to call processing in
telephony and, in particular, is an improved device for
remotely activating, modifying, and deactivating auto-
matic answer features and telephone company central
office call forwarding equipment. The present invention
also relates to line interfacing apparatus in telephony
and, in particular, is an improved device for transmit-
ting and receiving signals over a standard telephone line
without using transformers.

BACKGROUND OF THE INVENTION

At present, a subscriber to a telephone service may
use an automatic answering machine, which may or
may not be designed to record a message from a calling
party, or use an answering service. The subscriber may
also use a call forwarding feature offered by the local
telephone company which automatically routes incom-
ing calls to a different telephone number.

Answering services and telephone company call for-
warding features are not available everywhere and,
where available, require the periodic payment of a fee
for that service or feature. Furthermore, automatic
answering machines and telephone company cail fow-
arding features must be activated and deactivated at the
subscriber’s telephone set and cannot be remotely acti-
vated or deactivated. If a subscriber has the use of a call
forwarding feature and plans to be at two or more dif-
ferent locations during the day he must either return to
his office between every different location or resign
himself to having some of his cells forwarded to a first
location (to which the calls are routed) while he is at the
second location.

Furthermore, he must return to his office to cancel
the call fowarding feature. The subscriber must also
return to his office if he wishes to change from auto-
matic answer to call forward, or vice versa. These limi-
tations are a major inconvenience to a busy subscriber
whose time is valuable and cannot be wasted on making
numerous return trips to his office. Under these condi-
tions, the utility of conventional call forward service is
limited.

Thus, there is a need for an improvement in telephone
answering and call forwarding apparatus which will
allow for remote activation, modification, and deactiva-
tion of an automatic answering device and the cail for-
warding service provided by central office equipment.

Conventional devices which transmit or receive in-
formation over telephone lines have one or more trans-
formers to isolate the telephone line from grounding by
the device. Transformers often significantly increase
the size, weight and cost of the devices in which they
are used. Transformers also have a limited bandwidth,
do not pass direct current, and therefore limit the
amount of information that may be obtained from the
telephone line. There is, therefore, a need for a device
which can transmit and receive information over tele-
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2

phone lines without transformers but which does not
ground the telephone line.

SUMMARY OF THE INVENTION

The present invention fulfills the above need by pro-
viding a means for remotely activating, modifying, and
deactivating automatic answering features and call for-
warding features and for remotely changing the number
to which incoming calls are to be forwarded. The pres-
ent invention overcomes the drawbacks of the prior art
by allowing the subscriber to call his office from a dif-
ferent location and, by dialing in an access code and a
predetermined command code, selectively activate and
deactivate an automatic answering feature provided by
the present invention and the call forwarding service
provided by central office equipment. The subscriber
can also change the number to which his calls are to be
forwarded, play back recorded messages by the priority
of the message, and change certain other parameters of
operation, such as the number of incoming calls which
will cause the present invention to automatically cancel
the call forwarding service. The subscriber may also
selectively cause the present invention to cancel the call
forwarding service either after a predetermined number
of incoming calls or after a predetermined number of
incoming calls within a predetermined time window.

A typical automatic answering device will answer an
incoming call and, if desired, prompt the calling party
to leave a message and then record the message left by
the calling party. The present invention, in addition to
the above function, can also prompt the calling party to
call a different telephone number and allow the sub-
scriber to remotely change the telephone number to be
called. The present invention can also prompt the call-
ing party to dial in the telephone number where he can
be reached and to dial a code indicating the urgency
(priority) of his call. The subscriber can then remotely
retrieve these messages by priority if desired. The sub-
scriber will hear the telephone number and priority, not
as a series of tones, but as a series of spoken words and
numbers.

The present invention accomplishes these functions
and improvements by measuring the D.C. voltages and
currents present on the telephone line, by measuring the
frequency content of signals on the telephone line, by
measuring the duration of and counting the number of
ringing signals present on the telephone line, by sinking
current from the telephone line, and by coupling tones
and voice signals to the telephone line.

The present invention also uses both capacitance and
high-resistance coupling to transfer information to and
from the telephone line, thereby avoiding the use of
transformers for coupling. The present invention has an
isolated system ground and an isolated RS-232C inter-
face to prevent grounding of the telephone line. This
coupling method allows the present invention to mea-
sure the DC voltages and currents present on the tele-
phone line with simple, inexpensive circuits which do
not disturb the status of the telephone line.

Thus, it is an object of the present invention to pro-
vide apparatus for remotely activating, modifying, and
deactivating automatic answer devices and call for-
warding service.

It is a further object of the present invention to pro-
vide a means for detecting when a remote party has
answered a call or has gone on-hook.
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It is a further object of the present invention to pro-
vide improved apparatus for quantifying signals which
are present on a telephone line.

It is a further object of the present invention to pro-
vide a device for answering incoming calls and for
originating calls with a subscriber line interface which
couples signals to or from the telephone line without
using transformers or grounding the telephone line.

These and other objects of the present invention will
become apparent upon reading the detailed description
below.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 is a block diagram of the preferred embodi-
ment in a typical operating environment.

FIG. 2 is a diagram of the telephone line interface
circuit.

FIG. 3 is a schematic diagram of a rotary pulse and
ring detector.

FIG. 4 is a schematic diagram of an isolation ampli-
fier.

FIG. 5 is a schematic diagram of a DC feed and off-
hook detector.

FIG. 6 is a diagram of a loop current sink/modulator
and a hang-up detector.

FIGS. 7a and 7b are a schematic diagram of a tone
detector.

DETAILED DESCRIPTION

Turning now to the drawing in which like numerals
reference like components throughout the several fig-
ures, the preferred embodiment of the present invention
will be described. FIG. 1 is a block diagram of the
preferred embodiment 10 of the present invention in a
typical operating environment. ‘

The address output of control unit 11 and the address
inputs of memory 12 and timer 13 are connected via
eight-bit address bus 23. The data inputs and outputs of
control unit 11, memory 12, timer 13 and external inter-
face 20, the data inputs of tone encoder 15 and voice
synthesizer 16, and the data outputs of tone decoder 14
and line interface 22, are all interconnected via eight-bit
data bus 25. The control signal inputs and outputs of
control unit 11, timer 13, cassette interface 17, external
interface 20, and line interface 22, and the control inputs
of memory 12, tone decoder 14, tone encoder 15, voice
synthesizer 16, and switching matrix 21 are intercon-
nected by one or more of the plurality of conductors
comprising control bus 24.

A first set of the signal inputs and outputs of switch-
ing matrix 21 and line interface 22 is connected via
signal bus 3§, which is comprised of four conductors. A
second set of the signal inputs of switching matrix 21 is
connected to the outputs of tone encoder 15, voice
synthesizer 16 and cassette interface 17, by conductors
27, 30 and 32, respectively. A second set of the signal
outputs from switching matrix 21 is connected to the
input of tone decoder 14 via conductor 26, and to the
inputs of cassette interface 17 via conductors 33 and 34.
Finally, a conductor 31 connects a bidirectional input-
/output port of switching matrix 21 to a bidirectional
input/output port of cassette interface 17.

Line interface 22 is connected to the telephone.com-
pany central office 50 via at least one subscriber line 51,
and to a termination device 43 via exiension line 47,
where lines 47 and 51 each have at least two conduc-
tors.
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Cassette interface 17 is connected to a cassette tape
recorder/playback unit 40 via bus 44, and to a cassette
playback unit 41 via bus 45. Buses 44 and 45 are com-
prised of the plurality of conductors necessary to con-
trol the operation of the particular cassette units 40 and
41.

It will be appreciated by one skilled in the art that,
except for the interrupt signal from timer 13 on conduc-
tor 28, control unit 11 reads or monitors the outputs of
memory 12, timer 13, tone decoder 14, and line interface
22 by placing the appropriate signals on address bus 23
and/or control bus 24, thereby causing the selected
component 12, 13, 14 or 22 to place its outputs on data
bus 25, and then allowing the inputs of control unit 11 to
become responsive to signals on data bus 25. It will also
be appreciated by one skiiled in the art that control unit
11 causes or commands a selected component 12, 13, 14
or 22 to place its output on data bus 25 in the same
manner, and commands a selected component 12, 13,
tone decoder 15, voice synthesizer 16, switching matrix
21, or line interface 22 to be responsive to signals on
data bus 25 in the same manner. It will therefore be
understood that control unit 11 commands components
13-17, 21 and 22 to read data words from or write data
words into memory 12 by placing appropriate signals
on address bus 23 and control bus 24. It will also be
understood that control unit 11 may place a data word
on data bus 25 and command a selected component to
be responsive to that data word.

The term “digit” as used herein refers to the numbers
0 through 9 and the characters * and # on a conven-
tional 3 X 4 telephone keypad. It will be appreciated that
to dial a digit means to place on a conductor the dual
tone multiple frequency (DTMF) electrical signal cor-
responding to that digit.

Memory 12 is comprised of a read only memory
(ROM), which contains the operating instructions, and
a random access memory (RAM), which is used for the
temporary storage of data. The signals placed on ad-
dress bus 23 and control bus 24 by control unit 11 deter-
mine whether a data word is to be read from the ROM
or whether a data word is to be read from or written
into the RAM.

Timer 13 is a quadruple timer unit, such as the Z80A
CTC, currently manufactured by Mostek Corporation
as part number MK3882. Timer 13, in response to com-
mands from control unit 11, reads timing parameters
from data bus 25 and places data indicating the status of
its timers on data bus 25. Timer 13 receives timer trig-
gering signals from cassette interface 17 and line inter-
face 22 via control line 24, sends time-out signals to
cassette interface 17 via control bus 24, and sends an
interrupt signal to control umnit 11 via conductor 28.
Each timer in timer 13 can be independently com-
manded by control unit 11 to begin a timing period in
response to a timer triggering signal and to place a
time-out signal on conductor 28 at the end of the period.
Each timer can also be independently commanded by
control unit 11 to increment or decrement its contents in
response to a timer triggering signal and place a time-
out signal on control bus 24 when its contents are zero
or overflow.

Tone decoder 14 receives DTMF electrical signals
on conductor 26 and, when commanded by control unit
11, places on data bus 25 a digital word which corre-
sponds to the digit respresented by the DTMF electri-
cal signal. It will be appreciated that control unit 11
may command tone decoder 14 to place on data bus 25
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a series of digital words which represent the series of
digits corresponding to a series of DTMF electrical
signals present on conductor 26. Tone decoder 14 is
connected to switching matrix 21 via conductor 26. As
will be discussed in more detail below, control unit 11
may command line interface 22 and switching matrix 21
to place on conductor 26 the electrical signals present
on either subscriber line 51 or extension line 47.

Tone encoder 15, when commanded by control unit
11, will read the digital word present on data bus 25,
generate a DTMF electrical signal corresponding to the
digit represented by the digital word, and place the
DTMF electrical signal onto conductor 27. It will be
appreciated that control unit 11 may command tone
encoder 15 to read a series of digital words present on
data bus 25 and place a series of DTMF electrical sig-
nals onto conductor 27. Tone encoder 15 is connected
to switching matrix 21 via conductor 27. As will be
discussed in more detail below, control unit 11 may
command switching matrix 21 and line interface 22 to
place this DTMF electrical signal onto subscriber line
51 or extension line 47.

Voice synthesizer 16, when commanded by control
unit 11, will read the digital word present on data bus
25, generate an audio electrical signal, and place this
signal onto conductor 30. It will be appreciated that in
response to an appropriate series of digital words syn-
thesizer 16 will output the sound of a spoken word. In
the preferred embodiment of the present invention, the
ROM of memory 12 contains a plurality of sets of digi-
tal words. Control unit 11 may, therefore, command
voice synthesizer 16 to read these words and to place
onto conductor 30 a series of electrical signals which
correspond to the sound of a voice speaking numbers 0
through 9 and a predetermined number of other vocal
words or sounds.

Voice synthesizer 16 is comprised of a conventional
digital-to-analog converter (DAC) and other support
components. It will be appreciated that using a DAC
provides a high-quality human voice sound, but also
requires a substantial amount of memory 12 space, thus
increasing the total cost of the device 10. In some appli-
cations, part or all of the user’s voice requirements may
be met by a lesser-quality voice, i.e., one which sounds
computer-generated. In such applications, voice synthe-
sizer 16 may be comprised of a DAC and/or a phoneme
speech synthesizer, plus other support components. One
example of a phoneme speech synthesizer is the SSI
263A Phoneme Speech Synthesizer, currently manufac-
tured by Silicon Systems of Tustin, Calif. Using a pho-
neme speech synthesizer for part or all of the user’s
requirements will save memory 12 space and lower the
cost of the device.

Cassette interface 17 is connected to cassette tape
recorder/player unit 40 and cassette tape player unit 41
via tape buses 44 and 45, respectively, to switching
matrix 21 via conductors 31, 32, 33 and 34, and to con-
trol until 11 via control bus 24. Cassette interface 17
buffers audio and control signals between cassette units
40 and 41 and switching matrix 21. Cassette interface 17
also buffers control signals between control bus 24 and
cassette units 40 and 41. The design of a cassette inter-
face unit 17 will depend upon the characteristics of the
particular cassette units 40 and 41 used by the sub-
scriber. It will be understood from the later detailed
description of line interface 22 that cassette interface 17
must prevent cassette units 40 and 41 from connecting
the system ground of device 10 to an external ground
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since the system ground is directly connected to the
subscriber line 51. Means for accomplishing the above
are well known to those skilled in the art. Cassette units
40 and 41 may be embodied by a single cassette unit.

Switching matrix 21, in the preferred embodiment, is
constructed from two interconnected 4X4 crosspoint
switches such as the Motorola 1452100 or RCA
CD22100 devices. Each crosspoint switch has eight
bidirectional ports, and one of the ports of the first
crosspoint switch is connected to one of the ports of the
second crosspoint switch such that the result is equiva-
lent to a 4X7 crosspoint switch, Switching matrix 21
selectively routes audio signals among tone decoder 14,
tone encoder 15, voice synthesizer 16, cassette interface
17, and line interface 22 in response to commands from
control unit 11. The method by which switching matrix
21 accomplishes routing of audio signals in response to
commands from control unit 11 is known to those
skilled in the art.

Line interface 22 monitors the electrical signals pres-
ent on subscriber line 51 and extension line 47 and, in
response to commands from control unit 11, places
digital status words onto data bus 25. There are two
status words. Each status word has a plurality of bits,
and each bit represents a specific condition such as: the
termination device 43 in on-hook or off-hook, central
office 50 is placing a ringing signal on subscriber line 51,
termination device 43 is dialing a number by rotary
dialing, central office 50 has hung up subscriber line 51,
that the characteristics of the electrical signals present
on subscriber line 51 or extension line 47 are indicative
of a human voice, or a sound other than a human voice,
and that certain tones are present.

Line interface 22 receives and buffers electrical sig-
nals present on subscriber line 51 and places them on
signal bus 35 which is connected to switching matrix 21.
Line interface 22 also receives and buffers electrical
signals placed on signal bus 35 by switching matrix 21
and then places these electrical signals onto on sub-
scriber lines 51. Line interface 22, also on command by
control unit 11, receives and buffers signals from, and
places signals onto subscriber line 51 and extension line
47. Unless control unit 11 commands the contrary, line
interface 22 maintains a connection between subscriber
line 51 and extension line 47 so that termination device
43 will receive and originate telephone calls in the nor-
mal manner. Line interface 22 also provides operating
power to termination device 43 when control unit 11
commands line interface 22 to break the connection.
The details of line interface 22 will be described later.

In view of the above description of switching matrix
21 and line interface 22 it will be understood that to
“connect” a component to another component, e.g-
.~—termination device 43 to tone decoder 14, and to
“route” a signal, e.g.—the output signal of termination
device 43 to the input terminal of tone decoder 14, is an
unambiguous manner of specifying the operation of line
interface 22 and/or switching matrix 21 to obtain a
desired result.

External interface 20 is an RS-232 interface to allow
the preferred embodiment to communicate with an
external device 42 over an external bus 46. The design
of interface 20 and the number of conductors in bus 46
will necessarily depend upon the requirements of the
external device 42. External interface 20 is connected to
control unit 11 via control bus 24 and data bus 25.

As will be apparent from the later discussion of line
interface 22, subscriber line 51 is connected to the sys-
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tem ground of the present invention 10. The system
ground is therefore necessarily floating with respect to
the ground of the local A.C.-power system so as not to
unbalance subscriber line 51 and cause a line trouble
signal to be generated at central office 50. It will there-
fore be appreciated that external interface 20 must iso-
late external bus 46 from the system ground. This is
preferably accomplished by means of optocouplers in
external interface 20 to isolate bus 46 from buses 24 and
25.

Assume now that the user of the preferred embodi-
ment desires to set the device 10 in a first state so that,
in response to an incoming call, it answers the call and
plays a message from cassette player 41. This message
prompts the calling party to leave a message which is
recorded by tape recorder 40. In order to achieve this
result, the user will cause termination device 43 to go
off-hook, dial a predetermined sequence of digits, and
hang up. Termination device 43 is normally a telephone
set. Line interface 22 will detect that termination device
43 has gone off-hook. Since the outputs of line interface
22 are monitored by control unit 11, when termination
device 43 goes off-hook, control unit 11 will command
line interface 22 and switching matrix 21 to connect
tone decoder 14 to termination device 43. Tone decoder
14 will then convert the sequence of digits dialed into a
series of digital words. Control unit 11 reads the outputs
of tone decoder 14 and, if the first digital word output
by tone decoder 14 corresponds to a first or a second
predetermined digit, e.g., a * or #, then control unit 11
will command line interface 22 to disconnect tone de-
coder 14 and termination device 43 from subscriber line
51, thereby disconnecting central office 50. Control unit
11 then compares the remainder of the digital words
from tone decoder 14 with predetermined code words
stored in memory 12.

The preferred embodiment may also be controlled
from a remote location at which a telephone set embod-
ies termination device 54. The user first dials the phone
number for subscriber line 51. Central office 50 will
place a ringing signal on subscriber line 51. Line inter-
face 22 will detect this ringing signal. Control unit 11
will then command line interface 22 to seize (answer)
subscriber line 51 and also command line interface 22
and switching matrix 21 to connect tone decoder 14 and
voice synthesizer 16, to subscriber line 51. Control unit
11 then commands memory 12 to place a series of digital
words onto data bus 25, and commands voice synthe-
sizer 16 to read this series of digital words. This series of
digital words causes voice synthesizer 16 to produce a
series of tones for a first predetermined amount of time.
To the user, this series of tones means that device 10 is
responsive to commands from the user. To another
calling party, this series of tones merely means-that the
call has been answered. During the tone sequence, the
user then dials a predetermined sequence of digits. Tone
decoder 14 will then convert the sequence of digits
dialed into a series of digital words. Control unit 11
reads the outputs of tone decoder 14. If the first digit
dialed is the first or the second predetermined digit, e.g.,
a * or a #, then control unit 11 will compare the remain-
der of the digital words from tone decoder 14 with
predetermined code words stored in memory 12.

In either case, i.e., regardless of whether the user was
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embodiment in its first defined state and commands line
interface 22 and switching matrix 21 to disconnect tone
decoder 14 and voice synthesizer 16 from the termina-
tion device 43.

Assume now that a calling party other than the
owner of the preferred embodiment dials the user’s
telephone number from another telephone set shown as
termination device 54. Control unit 11 causes the in-
coming call to be answered in the manner described
above and then commands voice synthesizer 16 to play
the tone sequence. The calling party, not being the user,
will normally not dial the first or the second predeter-
mined digit within a first predetermined period of time
after subscriber line 51 has been seized. Control unit 11
therefore commands switching matrix 21 to disconnect
voice synthesizer 16 and tone decoder 14, and to con-
nect cassette interface 17 to subscriber line 51, and then
commands cassette interface 17 to cause cassette tape
player 41 to play a prerecorded message to the calling
party which prompts the calling party to leave a mes-
sage.

After the message has been played control unit 11
commands cassette interface 17 to cause tape player 41
to rewind and to cause tape recorder 40 to begin record-
ing the calling party’s response. A second predeter-
mined period of time after the record command, or as
soon as the calling party hangs up, control unit 11 com-
mands cassette interface 17 to cause tape player 40 to
stop recording. Control unit 11 then commands line
interface 22 and switching matrix 21 to disconnect cas-
sette interface 17, and subscriber line 51 from each
other, and commands line interface 22 to hang up sub-
scriber line 51.

Assume now that the user desires to listen to the
responses made by the calling party. The user will cause
termination device 43 to go off-hook and dial a different
predetermined sequence of digits. Line interface 22 will
detect the off-hook condition of termination device 43
and control unit 11 will command line interface 22 and
switching matrix 21 to connect tone decoder 14 to ter-
mination device 43. Tone decoder 14 converts this pre-
determined sequence of digits into a series of digital
words which are read by control umnit 11. If the first
digit dialed is the first or second predetermined digit
described above, then control unit 11 will command line
interface 22 to disconnect tone decoder 14 and termina-
tion device 43 from subscriber line 51. Control unit 11
will then continue monitoring the output of tone de-
coder 14.

Alternatively, if at a remote location, the user can
cause termination device 54 to go off-hook and dial the
user’s telephone number. In this case line interface 22
will detect the predetermined ringing signal. Control
unit 11 will command line interface 22 to answer sub-
scriber line 51, command line interface 22 and switching
matrix 21 to connect tone decoder 14 and voice synthe-
sizer 16 to subscriber line 51, and command voice syn-
thesizer 16 to play the tone sequence for the first prede-
termined amount of time. During this time the user will
dial the predetermined sequence of digits. Tone decoder
14 converts the predetermined sequence of digits into a
series of digital words which are read by control unit
11. If, within the first predetermined amount of time
after the answer of subscriber line 51, the first digit
dialed was the first or second predetermined digit de-
scribed above, control unit 11 will continue monitoring
the output of tone decoder 14 and will command
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switching matrix 21 to disconnect voice synthesizer 16
from subscriber line 51.

In either case, control unit 11 then compares the
remainder of the digital words from tone decoder 14
with predetermined code words in memory 12. If the
remainder matches the appropriate code word then
control unit 11 will command switching matrix 21 to
connect cassette interface 17 to subscriber line 51, or
extension line 47, as appropriate. Depending upon the
particular code word dialed, control unit 11 will com-
mand cassette interface 17 to cause tape recorder 40 to
play back the recorded responses, cause tape player 41
to record a new message, or cause tape recorder 40
and/or tape player 41 to pause, stop, rewind, fast for-
ward, or erase.

The remainder of the digital words may also corre-
spond to a different code word in memory 12 which
instructs control unit 11 to place the present invention
10 in one of the different states described below, or to
simply cancel operation in the first state. As previously
stated, control unit 11 continuously monitors the out-
puts of line interface 22 so that when the user causes
termination device 43 to go on-hook, control umnit 11
will, as previously described, command switching ma-
trix 21 and line interface 22 to disconnect any connected
components and to reconnect termination device 43 to
subscriber line 51. If the user has called from termina-
tion device 54 control unit 11 will also command line
interface 22 to hang up subscriber line 51.

Assume now that the user desires to set the device 10
in a second operating state so that an incoming call is
answered and a prerecorded message from tape player
41 is provided to the calling party. This message
prompts the calling party to dial his telephone number
and a digit indicating the perceived urgency of his call.
The device 10 then stores, in memory 12, the telephone
number and urgency code of the calling party. The user
places device 10 in a state to respond to incoming calls
in this manner by dialing the * or # digit, followed by
another predetermined sequence of digits. The opera-
tion of device 10 is as described above until the prede-
termined code is detected.

Assume now that the user has decided to find out if
any calling party has left a telephone number for the
user to call. In the same manner as previously described,
the user causes termination device 43 to go off-hook and
dial the appropriate predetermined sequence of digits.
Alternatively, the user may cause a remote termination
device 54 to go off-hook and then dial the user’s tele-
phone number. Then, within the first predetermined
amount of time, after the device 10 has answered sub-
scriber line 51, the user dials the appropriate predeter-
mined sequence of digits. This sequence of digits in-
structs control unit 11 to recall the first message stored
in memory 12.

As previously described, voice synthesizer 16 pro-
vides an audio output signal in response to a series of
digital words. Therefore, the user will hear spoken
numbers which corresponds to the digits of the calling
party’s telephone number, and the urgency code of the
call. Control unit 11 will then await further instructions
from the user. If the user then dials another predeter-
mined sequence of digits control unit 11 will, in the
manner described above, cause the user to be provided
with the telephone number and urgency code of the
second calling party, and so on until all of the calling
party telephone numbers and urgency codes have been
provided to the user. Control unit 11 will also cause a
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predetermined tone burst to be placed on subscriber line
51 or to termination device 43, as appropriate, thus
alerting the user that there are no more recorded mes-
sages. Control unit 11 will then await further instruc-
tions from the user in the form of other predetermined
sequences of digits, to replay the messages, erase the
messages, or change device 10 to a different state of
operation.

The user may also instruct the device 10 to play back
the highest priority messages first. If, after dialing the
appropriate sequence of digits corresponding to the
predetermined code word, the user dials another prede-
termined sequence of digits control unit 11 will cause
the user to be provided, in the same manner described
above, the telephone number and urgency code of the
calling party with those having the highest urgency
level being provided first.

Assume now that the user desires to set the device 10
in a third state of operation so that the device 10 an-
swers an incoming call and plays a prerecorded message
to the calling party. This message advises the calling
party of a different number where the user can be
reached. The user sets the device 10 in this third mode
of operation in the same manner previously described,
i.e.—causing termination device 43 to go off-hook and
dial a predetermined sequence of digits, or causing a
remote termination device 54 to go off-hook, dial the
user’s telephone number and, after answering, dial a
predetermined sequence of digits. The user then causes
the termination device 43 or 54 to dial another predeter-
mined sequence of digits followed by a sequence of
digits corresponding to the telephone number at which
he can be reached. Control unit 11 stores the sequence
of digits corresponding to the telephone number as
digital words in memory 12.

Assume now that a calling party dials the user’s tele-
phone number. Control unit 11 will command line inter-
face 22 and switching matrix 21 to connect voice syn-
thesizer 16 to subscriber line 51, and command voice
synthesizer 16 to play the tone sequence. If the calling
party does not dial the first or second predetermined
digit within the first predetermined period of time then
control unit 11 will command memory 12 to send a
predetermined series of digital words to voice synthe-
sizer 16, and also command voice synthesizer 16 to read
this series of digital words from memory 12 and to
provide a corresponding audio output signal to sub-
scriber line 51. This audio output signal will be speech
which advises the calling party that the user is not cur-
rently at the number dialed, but can be reached at a
different number. Control unit 11 then reads from mem-
ory 12 the sequence of digital words corresponding to
the sequence of digits of the different telephone number
and provides these to voice synthesizer 16, The calling
party will then hear a spoken number corresponding to
each of the digits of the telephone number where the
user can be reached.

Assume now that the user is serviced by a telephone
company central office 50 which provides a call for-
warding feature. In order to activate the call forward-
ing feature, central office 50 typically requires that the
user place onto subscriber line 51 a predetermined se-
quence of digits, typically the digits 73#, followed by a
sequence of digits corresponding to the telephone num-
ber to which the user desires the calls be forwarded (the
destination telephone number), hang up and, if the desti-
nation number was busy or did not answer, repeat this
sequence. In order to deactivate the call forwarding
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feature, central office 50 typically requires that the user
place onto subscriber line 51 a predetermined sequence
of digits, normally the digits 72#, and hang up. In the
United States, most offices embodying central office 50
place a burst of the ringing signal on subscriber line 51
in response to each incoming call when the call for-
warding feature is active. This burst of the ringing sig-
nal is a courtesy “reminder” ring and is typically one-
quarter to one-half of a normal ring burst.

The present invention provides apparatus for activat-
ing and deactivating central office call forwarding
equipment from a remote location. This in turn provides
apparatus by which the user may change the destination
number without returning to the site at which the pre-
ferred embodiment is located.

In the foregoing description of the operation’s central
ofice call forwarding equipment, it would be apparent
that these sequence of steps which command the central
office to initiate and cancel a call forwarding feature
must be executed from a termination device connected
to the user’s subscriber line 51. Once forwarding is
initiated, it can only be terminated by execution of the
steps defined by the operating company operating cen-
tral office 50, executed again from a termination device
connected to the subscriber’s telephone line S1.

The approach of the preferred embodiment of the
present invention is to have device 10 detect a predeter-
mined condition which will automatically cause the
apparatus to seize subscriber line 51 and place the se-
quence of DTMF digits on the line which deactivatées
the forwarding feature. Once this has been accom-
plished, incoming calls from remote locations to sub-
scriber line 51 can be answered in a normal fashion. This
allows the user to then reactivate the call forwarding
feature to a different destination number.

Naturally, all of the steps described below for operat-
ing the call forwarding control features of the present
invention may be executed from the local termination
device 43. Control unit 11 monitors the status and out-
put of termination device 43. The user may therefore
use termination device 43 to directly activate the call
forwarding feature. In this case control unit 11 will
recognize that the call forwarding feature has been
activated and will respond to the reminder rings as
described below. Alternatively, the user may use termi-
nation device 43 to instruct control unit 11 to perfrom
the steps necessary to activate the call forwarding fea-
ture and to respond to the reminder rings as described
below. However, the primary utility of this aspect of
the present invention is the remote activation and can-
cellation of the call forwarding feature.

As in its other states of operation, the preferred em-
bodiment employs tone decoder 14, tone encoder 15,
switching matrix 21, counter timer 13 and line interface
22 to implement the process described herein.

Upon receipt of an incoming call, control unit 11
causes the preferred embodiment to provide the prede-
termined time window for the user to dial digits indicat-
ing that a predetermined sequence of digits constituting
a command to the preferred embodiment will follow.
Assume for the moment that call forwarding is inactive
and the user is at a remote number which he wishes to
define as the destination number when the call forward-
ing feature is activated. The predetermined sequence
indicating that the digits to follow are the destination
number and that call forwarding is to be activated are
provided by the user. This information is stored and,
upon termination of the call, control unit 11 causes the

15

35

40

45

50

55

60

65

12

apparatus to execute the following steps. Line interface
22 goes off-hook and the predetermined code recog-
nized by the central office (73#) is provided over the
line, followed by the digits corresponding to the desti-
nation number. The apparatus then hangs up, reseizes
the line, and again dials the digits corresponding to the
destination number. In other words, after receiving the
command to initiate forwarding to a predetermined
destination number, the device will seize subscriber line
51 and execute the same sequence of steps that a sub-
scriber using a normal telephone on a line with the call
forwarding feature would execute.

In the absence of the preferred embodiment, once the
call forwarding feature is activated it can only be deac-
tivated by operation of the device connected to sub-
scriber line 51. However, the present invention pro-
vides apparatus which will automatically cancel the call
forwarding feature in response to detection of a prede-
termined condition.

In the preferred embodiment, the predetermined con-
dition is a receipt of N calls within a predetermined time
period P. After control unit 11 has successfully caused
the apparatus to initiate the call forwarding feature, it is
then operating the apparatus in a state corresponding to
the call forwarding feature being active. Therefore, the
unit is the state in which it is waiting to detect occur-
rence of the predetermined deforwarding condition.
Line interface 22 is responsive to detection of ring sig-
nals on subscriber line 51. Therefore, control unit 11
will count and store the number of the remainder ring
bursts which occur on the line during a predetermined
time defined by counter timer 13. In the preferred em-
bodiment, this is a moving time window. Therefore
counter timer 13 may either concurrently keep track of
several timing periods, or information concerning the
elapsed time from receipt of the first remainder ring
burst after the call forwarding active state has been
entered may also be stored in memory. Each time an-
other reminder ring burst is detected, the control unit 11
will check all stored times of occurrence of the remain-
der ring burst to see if the condition of a predetermined
number N of the bursts occurring within time period P
has occurred.

The preferred embodiment provides default values
for N and P but these may also be set by the user.

Naturally, this arrangement is one for which uninten-
tional deforwarding can occur if the user’s telephone
number receives an abnormally large number of calls
within a short period of time. However, in using practi-
cal embodiments of the present invention, the user will
be familiar enough with his or her normal call receipt
rate so that N and P may be selected to define a number
of calls per unit time which is (a) and likely to occur in
response to the normal incoming call traffic to the user’s
line; and (b) does not represent such a high density of
calls that the appropriate number cannot be made
within time period P by the user in order to force deac-
tivation remotely. For example, if N is chosen to be 3
and P is chosen as a ninety second period, this may
represent an unlikely occurrence in response to the
user’s normal calls received from third parties. How-
ever, when the user is at a remote location correspond-
ing to the destination telephone number, and wishes to
change the destination number to a new number, the
user will execute the following steps. First, the user’s
number is dialed. If the call forwarding feature has
already been deactivated because of an unusually large
number of third parties dialing the user’s telephone
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number, the user will receive the above described tone
bursts indicating that incoming calls are being answered
by the preferred embodiment. When this occurs, the
user can either play back any messages which may have
been left, or command the preferred embodiment to
forward calls to the new destination number.

Assuming the more likely occurrence, that forward-
ing is still in effect, the user simply dials his or her sub-
scriber telephone number up to N times within the pre-
determined period and deforwarding is accomplished.
When the number of forwarded third party calls plus
the number of times the subscriber has dialed his or her
own telephone number equals N, then the present in-
vention will, as described below, deactivate the central
office call forwarding feature. The next time the user
dials a number the call will then be answered by the
preferred embodiment. The user will then dial the pre-
determined sequence of digits commanding the pre-
ferred embodiment to accept the following sequence of
digits as a new destination number and to activate the
central office call forwarding.

In response to receipt of N reminder ring bursts
within time period P the preferred embodiment seizes
line 51 and provides to the central office the predeter-
mined sequence of digits (normally 72#) to deactivate
the call forwarding. Control line 11 then forces the
preferred embodiment into its state in which it is await-
ing to receive incoming calls. Naturally, if the user
wishes to place the apparatus in another state of answer-
ing calls, he or she may do so as described hereinabove.

Assume now that the user desires to set the device 10
in a state of operation so that the device 10 will origi-
nate calls to predetermined telephone numbers, wait for
an answer, play a prerecorded message, and then hang
up. The user will, as described previously, cause termi-
nation device 43 or 54, as appropriate, to now dial a
predetermined sequence of digits and hang up. Control
unit 11 will detect the off-hook condition or ringing
signal, detect the digits dialed, all in the manner previ-
ously described, and place the device 10 into the sixth
state of operation.

Control unit 11 will then command line interface 22
to seize subscriber line 51, command line interface 22
and switching matrix 21 to connect tone encoder 15 to
subscriber line 51. Memory 12 and tone encoder 15 then
place onto subscriber line 51 a sequence of digits corre-
sponding to the first predetermind telephone number to
be called. Control unit 11 then commands line interface
22 and switching matrix 21 to disconnect tone encoder
15 from subscriber line 51.

Control unit 11 then monitors the output of line inter-
face 22 for the presence of a human voice, which indi-
cates that the called party has answered. If the called
party has not answered within a predetermined amount
of time, control unit 11 commands line interface 22 to
hang up subscriber line 51. This sequence is then re-
peated for the second predetermined telephone number
to be called, then the third, and so on. However, if the
called party answers, line interface 22 will detect the
presence of speech on the line. Control unit 11 will then
command switching matrix 21 to disconnect tone en-
coder 15 from subscriber line 51. Control unit 11 will
then, in accordance with the user’s prior instruction
command switching matrix 21 to connect subscriber
line 51 to a human operator at termination device 43, or
connect cassette interface 17 to subscriber line 51. If the
latter, control unit 11 will then command cassette inter-
face 17 to cause cassette tape player 41 to place a prere-
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corded message on subscriber line 51. When the prere-

corded message is finished, when termination device 43

goes on-hook, or when the called party hangs up,

whichever occurs first, control unit 11 commands, as

appropriate, cassette interface 17 to cause tape player 41

to rewind, commands switching matrix 21 to disconnect

cassette interface 17, and commands line interface 22 to-
hang up subscriber line 51. Control unit 11 then ad-

vances to the next predetermined telephone number.

Assume now that the user has not instructed the de-
vice 10 to perform any functions; the device 10 will
therefore be in its default operation state. If the user
desires to place the device 10 in any of its operational
states, the user may do so by using termination device
43 in the manner previously described. The user may
also place the device 10 in any of its operational states
by using a remote termination device 54. The user will
dial the user’s telephone number. If the call is not been
answered by a person using termination device 43 after
a predetermined number of ringing signals, control unit
11 will command line interface 22 to answer the call by
seizing subscriber line 51. Control unit 11 then places a
brief answer acknowledgment tone on subscriber line
51. Control unit 11 then monitors the output of tone
decoder 14. The user can then place the device 10 in any
of its operational states in the manner previously de-
scribed. Control unit 11 will cause line interface 22 to
hang up subscriber line 51 if a valid command is not
received within the predetermined amount of time or if
the central office 50 disconnects subscriber line 51.

It will be appreciated that the user can prevent unau-
thorized tampering with the device 10 by requiring that
the calling party provide, by DTMF dialing, a security
code before control unit 11 will be responsive to any
commands. It will also be appreciated that the device 10
also has other advanced telephone features such as last
number redial and speed dialing from a bank of tele-
phone numbers stored in memory 12.

The foregoing has been a description of the operation
of the preferred embodiment in connection with the
block diagram of FIG. 1. The following descriptions of
the apparatus shown on the other drawing figures show
circuit details of the preferred embodiment.

Turn now to FIG. 2 which is a diagram of the line
interface 22. The arrows superimposed on the conduc-
tors are indicative of the direction of signal flow on the
conductor. It will be appreciated that some conductors
have bidirectional signal flow.

Line interface 22 is a tranformerless line interface and
comprises a voltage suppressor 106, a noise suppressor
capacitor 107, two system ground reference diodes 103
and 104, a rotary/ring detector 110, two isolation ampli-
fiers 113, a speech detector 115, a loop current sink-
/modulator 120, a hangup detector 124, a line connec-
tion circuit 130, a muting circuit 139, a DC feed/off-
hook detector 155, an input latch 108, two output
latches 109, a full-wave bridge rectifier 125 and a tone
detector 161. Line interface 22 is connected to sub-
scriber line 51, extension line 47, control bus 24, data
bus 25, and signal bus 35.

Subscriber line 51 comprises two conductors, com-
monly referred to as the central office tip 101 and the
central office ring 102. A surge voltage suppressor 106
is connected between conductors 101 and 102 to limit
the voltage between these conductors to a predeter-
mined safe value. Capacitor 107 is connected between
conductors 101 and 102 to suppress high frequency
noise. System ground references diodes 103 and 104 are
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connected, in parallel, but with opposite electrical ori-
entation, between conductor 102 and, via conductor
105, system ground. Diodes 103 and 104 therefore allow
electrical signals on conductor 101 to be referenced to
system ground.

The data inputs of latch 108 are connected to data bus
25, and the gating input is connected to control bus 24
via conductor 118. The data outputs of latch 108 are
connected to the inputs of loop current sink/modulator
120, line connector 129, DC feed and off-hook detector
155, muting circuit 139, and the two inputs of tone
detector 161 by conductors 121, 131, 154, 140, and 158
and 159, respectively. It will be appreciated that the
control unit 11 controls the operation of components
120, 129, 155, 139, and 161 by first placing data on data
bus 25, and then placing a gating signal on conductor
118 of control bus 24. This causes latch 108 to read and
store the data present on data bus 25 and place this data
on its outputs.

The data inputs of tri-state latch 109-1 are connected
to the outputs of rotary/ring detector 110 by conduc-
tors 111 and 112, to the outputs of speech detector 115
by conductors 116 and 117, to the output of hangup
detector 124 by conductor 126, and to the output of DC
feed and off-hook detector 155 by conductor 153. The
data inputs of tri-state latch 109-2 are connected to the
outputs of tone detector 161 by conductors 162, 163,
164 and 165. The control inputs of latches 109-1 and
109-2 are connected to control bus 24 by conductors
119-1 and 119-2, respectively. The outputs of latches
109-1 and 109-2 are connected to data bus 25. It will
therefore be appreciated that control unit 11 reads the
outputs of components 110, 115, 124, 155 and 161 by
placing a control signal on conductor 119-1 or 119-2, as
appropriate, thereby causing latch 109-1 or 109-2 to
place its outputs on data bus 25. Control unit 11 then
reads the data present on data bus 25.

Conductor 101 of subscriber line 51 is connected to
one of the AC inputs of the full-wave bridge rectifier
125, and conductor 102 is connected to the other AC
input of bridge rectifier 125. The positive output termi-
nal of bridge rectifier 125 is connected to conductor 128
and the negative output terminal is connected to con-
ductor 138. Bridge rectifier 125 therefore changes the
battery, reverse battery, and ringing signals placed on
subscriber line 51 by central office 50 into a unipolar
DC signal for the operation of loop current sink and
modulator 120, DC feed and off-hook detector 155, and
muting circuit 139.

Line connector 129 comprises an insulated gate field
effect transistor 132, a diode 134, and a relay 130. The
gate of transistor 132 is connected to one of the outputs
of latch 108 by conductor 131, the substrate and source
are connected to system ground by conductor 136, and
the drain is connected by conductor 133 to one end of
the parallel circuit of diode 134 and the coil of relay 130.
The other end of this parallel circuit is connected by
conductor 135 to the system logic power supply VL.
The cathode of dicde 134 is connected to conductor 135
and the anode is connected to conductor 133 so that
diode 134 suppresses voltage and current surges from
the coil of relay 130. Relay 130 is a single-pole, single-
throw normally closed relay. One contact point of relay
130 is connected to conductor 128 and the other contact
point is connected to conductor 127. Extension line 47
comprises conductor 127 and 138. It will therefore be
appreciated that line connector 139 connects and dis-
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connects subscriber line 51 and extension line 47 by
connecting and disconnecting conductors 128 and 127.
It will be understood that when the appropriate out-

rput of latch 108 places on conductor 131 a positive

voltage greater than the threshold voltage of transistor
132, transistor 132 will turn on, thereby allowing cur-
rent to flow from the system logic power supply
through the coil of relay 130 and transistor 132 to sys-
tem ground, thereby causing relay 130 to open its
contacts and disconnect conductor 128 from conductor
127.

Muting circuit 139 comprises transistor 142 and resis-
tors 141 and 146. Conductor 127 is connected to con-
ductor 138 by the series combination of resistor 146,
conductor 145, and the collector and emitter of transis-
tor 142. The base of transistor 142 is connected to one of
the outputs of latch 108 by the series combination of
conductor 147, resistor 141, and conductor 140. It will
be understood that when the appropriate output of latch
108 places on conductor 140 a voltage greater than the
threshold voltage of transistor 142, transistor 142 will be
turned on. This effectively shorts conductors 127 and
138 together and mutes all electrical signals on this pair
of conductors.

FIG. 3 is a schematic diagram of rotary/ring detector
110. Conductor 101 of subscriber line 51 is connected to
one terminal of a DC blocking capacitor 170. The other
terminal of capacitor 170 is connected by conductor 171
to one of the AC inputs of the full-wave bridge rectifier
172. Conductor 102 is connected to the other AC input
of bridge rectifier 172.

It will be appreciated that the purpose of capacitor
170 is to block the DC battery voltage provided by
central office 50 and to pass AC signals such as rotary
dial pulses and ringing signals. The positive output ter-
minal of bridge rectifier 172 is connected to the negative
output terminal of rectifier 172 through the series com-
bination of conductor 173, resistor 174, conductor 175,
the parallel circuit of resistor 177 and the diode 178-a of
optocoupler 178, and conductor 176. The cathode of
the diode 178-¢ of optocoupler 178 is connected to
conductor 176 and the anode is connected to conductor
175.

It will be appreciated by one skilled in the art that
optocoupler 178 typically comprises a light emitting
diode 178-g and a transistor 178-b and that the transistor
178-b becomes conductive whenever a current greater
than a predetermined threshold current flows through
the diode 178-a. It will therefore be appreciated that the
values of resistors 174 and 177 are not critical but resis-
tor 174 must be sufficiently large and resistor 177 must
be sufficiently small to prevent loading of subscriber
line 51 and excessive current flow through the diode
178-a. Also, resistor 174 must be sufficiently small and
resistor 177 must be sufficiently large to permit suffi-
cient current to flow through the diode 178-a to reliably
cause transistor 178-b to become conductive.

The emitter of transistor 178-b is connected to the
system ground by conductor 179. The collector of tran-
sistor 178 is connected to one end of resistor 181 by
conductor 180. The other end of resistor 181 is con-
nected by conductor 184 to one end of resistor 182, to
one end of capacitor 185, and to the input of the
schmitt-trigger inverter 187. The other end of resistor
182 is connected to the system logic voltge supply VL
by conductor 183. The other end of capacitor 185 is
connected to the system ground by conductor 186. The
output of inverter 187 is connected by conductor 111 to
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the positive-going input trigger of monostable 188 and
also to one of the data inputs of latch 109-1.

It will be appreciated that components 181, 182 and
185 form a low pass filter with its output on conductor
184. This filter passes rotary pulse and ringing informa-
tion but attenuates higher frequency audio and tone
signals. Schmitt trigger inverter 187 provides an output
waveform with fast transition times and also provides
hysteresis to eliminate random transitions caused by
noise when the signal is near the trigger threshold point.
It will be understood that the values of component 181,
182, and 185 are not critical but must be selected so that
the current rating of transistor 178-b is not exceeded,
rotary pulses and ringing signals are passed, and higher
frequency audio and tone signals are not passed. The
signal on conductor 111 will therefore be a digital signal
with a waveform corresponding to the shape of the
envelope of the rotary pulse or ringing signals.

The output of inverter 187 is also connected by con-
ductor 111 to the positive trigger input of one-shot 188.
One-shot 188 is a precision retriggerable monostable
multivibrator such as the Motorola MC 14538B or the
RCA 4538. The negative trigger input and the negated
reset input of one-shot 188 are connected to the system
logic power supply VL by conductor 189. One-shot 188
places its Q output on conductor 112 which is con-
nected to one of the data inputs of latch 109-1. The Cx
input of one-shot 188 is connected by conductor 194 to
the system ground and to one end of timing capacitor
193. The RxCx input is connected by conductor 192 to
the other end of timing capacitor 193 and to one end of
timing resistor 191. The other end of timing resistor 191
is connected by conductor 190 other system logic sup-
ply VL.

Resistor 191 has a nominal value of 22.1 Kohms,
+1%, and capacitor 193 has a nominal value of 1.5
microfarads, *10%, so that the period of the output
pulse on line 112, if one-shot 188 is not retriggered, is
approximately 33 milliseconds. As will be known by
those skilled in the art, a typical ringing signal com-
prises repeated two-second bursts of a 18 Hz to 33 Hz

- signal, and a typical rotary dial signal comprises a series
of pulses, the rising and falling edge of each pulse being
typically separated by 0.06 second. It will therefore be
appreciated that capacitor 170 and bridge rectifier 172
cause inverter 187 to place a pulse onto conductor 111
for each half-cycle of the 20 Hz nominal ringing signal
and for both the rising and falling edges of each pulse of
the rotary dial signal, thereby effectively doubling the
frequency of these signals.

Since one-shot 188 has an unretriggered output pulse
width of thirty three milliseconds it will be appreciated
that the ringing signal will keep one-shot 188 retrig-
gered for the entire duration of each two-second burst.
It will also be appreciated that the rotary dial signal will
not keep one-shot 188 retriggered so one-shot 188 will
place on conductor 112 a series of thirty-three millisec-
ond pulses. Control unit 11 therefore distinguishes a
ringing signal from a rotary dial signal by measuring the
duration of the output of one-shot 188.

Control unit 11 also distinguishes ringing signals and
rotary dial signals from noise impulses (“glitches™) by
measuring the period between output pulses placed on
conductor 111 by inverter 187. It will be appreciated
that the combination of capacitor 170 and bridge recti-
fier 172 causes the LED/178-a of optical coupler 178 to
flash twice for each glitch, once for the leading edge of
the glitch and once for the trailing edge, thereby caus-
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ing inverter 187 to place two output pulses on conduc-
tor 111. It will further be appreciated that, by definition,
a glitch is of a very short duration so the two output
pulses on conductor 111 will be spaced closely together.
However, the output pulses on conductor 111 for a
rotary dial signal will be separated by a substantially
longer period of time, typically 0.07 second. A glitch
will therefore cause two closely-spaced narrow pulses
on conductor 111 and a slightly extended thirty-three
millisecond pulse on conductor 112.

A rotary dial signal will cause, for each rotary dial
pulse, two narrow pulses, separated by approximately
0.06 second, on conductor 111, and two thirty-three
millisecond pulses, their leading edges separated by
approximately 0.06 second, on conductor 112. Each
burst of the ringing signal will cause a two-second series
of output pulses on conductor 111, and a single output
pulse, with a duration of slightly over two seconds, on
conductor 112.

The “reminder” ringing signal when the call for-
warding feature is activated is typically a single, one-
quarter burst of a ringing signal. A reminder ringing
signal will therefore cause a one-haif second series of
pulses on conductor 111 and a single, approximately
one-half second, pulse on conductor 112. By measuring
the duration and repetition rate of the pulses on conduc-
tors 111 and 112 control unit 11 can distinguish between
a glitch, a rotary dial signal, a ringing signal, and a
reminder ringing signal. Methods of measuring the du-
ration and repetition rate of the output pulses are well
known to those skilled in the art and are not detailed
herein.

FIG. 4 is a schematic diagram of isolation amplifier
113 (113-1 and 113-2). Isolation amplifier 113-1 isolates
and buffers signals on subscriber line 51, and amplifier
113-2 isolates and buffers signals on extension line 47.
The inverting input of high-gain amplifier 210 is con-
nected to conductor 101 (127) by the series combination
of capacitor 200 and resistor 202, to the output of ampli-
fier 210 on conductor 114 (151) by negative feedback
resistor 211, and to the non-inverting input of amplifier
210 by two reverse-oriented diodes, 208 and 209. The
non-inverting input of amplifier 210 is connected to
conductor 102 (138) by the series combination of capac-
itor 203 and resistor 205, to a voltage reference of one-
half of the system analog power supply voltage VA by
resistor 212, and to the inverting input of amplifier 210
by diode 208 and 209, as described above. Capacitors
200 and 203 are D.C. blocking capacitors. Resistors 202,
205, 211 and 212 set the gain of amplifier 210, and also
set the no-input-signal output voltage of amplifier 210 at
approximately one-half of the system analog power

. supply voitage. Diodes 208 and 209 protect the inputs of

amplifier 210 by limiting the voltage between these
inputs. The output of isolation amplifier 113-1 is con-.
nected to the input of speech detector 115 and to signal -
bus 35 by conductor 114. The output of isolation ampli-
fier 113-2 is connected to signal bus 35 by conductor
151. The principles of operation of isolation amplifier
113 are well known.

The input of speech detector 115 is connected to the
output of isolation amplifier 113-1 by conductor 114.
The outputs of speech detector 115 are connected to the
appropriate data inputs of output latch 109-1 by conduc-
tors 116 and 117. The operation of speech detector 115
is discussed in detail in U.S. Pat. No. 4,477,698 which is
assigned to the assignee of the present invention.
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Turn now to FIG. 5 which is a schematic diagram of
DC Feed and off-hook detector 155. Off-hook detector
155 places its output on conductor 153 to indicate
whether termination device 43 is on-hook or off-hook.
Conductor 153 is connected to one of the data inputs of
latch 109-1. Conductor 154 connects one of the data
outputs of latch 108 to the gate of insulated gate field
effect transistor 220. The source and substrate of transis-
tor 220 are connected to system ground by conductor
221. The base of PNP transistor 228 is connected to the
drain of transistor 220 by resistor 223, and to the system
analog power supply VA by resistor 225. The emitter of
transistor 228 is connected to the system analog power
supply by resistor 226. Those skilled in the art will
recognize the combination of resistors 223, 225 and 226
and transistor 228 as a constant-current source with its
output as the collector of transistor 228 and will also
recognize that this constant-current source is turned on
or off by transistor 220, which is turned on or off by
electrical signals on conductor 154. The collector of
transistor 228 is connected to one end of resistor 230 by
conductor 229. The other end of resistor 230 is con-
nected to the anode of diode 232, to one end of resistor
235, and to the non-inverting input of open-collector
comparator 236 by conductor 231. The other end of
resistor 235 is connected to the system analog power
supply VA by conductor 234. The cathode of diode 232
is connected by conductor 152 to conductor 127 of
extension line 47. The inverting input of comparator 236
is connected to a reference voltage (VRF1) by conduc-
tor 237. In the disclosed device 10 voltage VRF1 is 10
volts. The output of comparator 236 is connected to one
end of a pull-up resistor 240, and to one of the data
inputs of latch 109-1 of FIG. 2 by conductor 153,

Assume first that the contacts of relay 130 are closed,
that transistors 220 and 228 are turned off, and that
central office 50 of FIG. 1 has placed battery voltage on
subscriber line 51. If termination device 43 is on-hook
no current will flow through it and the voltage on con-
ductor 127 will be the central office 50 battery voltage,
which is greater than the system analog power supply
voltage VA. Diode 232 will therefore be reverse biased
and resistor 235 will pull conductor 231 up to the sys-
tem analog power supply voltage VA. Voltage VA is
greater than reference voltage VRF1 so the output of
comparator 236 will be open and conductor 153 will be
pulled to the logic power supply voltage VL, which is
a logical 1, by resistor 240 thereby indicating that termi-
nation device 43 is on-hook.

Alternatively assume now that the contacts of relay
130 are open and that transistors 220 and 228 are turned
on. If termination device 43 is on-hook no current will
flow through it and the voltage on conductors 127 and
231 will approximate the system analog power supply
voltage VA. As previously stated, voltage VA is
greater than voitage VRF1 so the output of comparator
236 will be open, and conductor 153 will be pulled to a
logical 1 by resistor 240, thereby indicating that termi-
nation device 43 is on-hook.

In either case, whenever termination device 43 now
goes off-hook it will sink a sufficient amount of current
to cause the voltage on conductor 127 to fall to a value
under 9 volts. Diode 232 will now be forward biased so
the voltage on conductor 231 will fall to a value equal to
the voltage on conductor 127 plus the forward voltage
drop of diode 232. The voltage on conductor 231 will
now be less than VRF1. Comparator 236 will then pull
conductor 153 down to system ground, which is a logi-
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cal 0, thereby indicating that termination device 43 is
off-hook.

It will be recalled that, if the first digit dialed from
termination device 43 after it goes off-hook isa * or a #,
then control unit 11 will cause relay 130 to open,
thereby disconnecting termination device 43 from oper-
ating power supplied by the central office §0. In this
case control unit 11 will cause a logical 1 to be placed
on conductor 152, thereby turning on transistors 220
and 228, and providing operating power to termination
device 43 from the system analog power supply.

Turn now to FIG. 6 which is a schematic diagram of
loop current sink/modulator 120 and hang-up detector
124. One of the data outputs of latch 108 is placed onto
conductor 121, which is connected to the base of tran-
sistor 256 through the series combination of resistor 254
and conductor 255. Resistor 254 limits the base current
of transistor 256 to a predetermined safe value. The
emitter of transistor 256 is connected to conductor 138.
The base of transistor 261 is connected by conductor
253 to conductor 138 through resistor 257, to the analog
power supply voltage (VA) through resistor 260, to the
collector of transistor 256, and to conductor 122
through the series combination of capacitor 252, con-
ductor 251, and resistor 250. Conductor 122 is one of
the conductors of signal bus 35. The collector of transis-
tor 261 is connected to the analog power supply voltage
(VA) by conductor 262. The emitter of transistor 261 is
connected to the base of transistor 263 by conductor
258. The collector of transistor 263 is connected to
conductor 128, and the emitter is connected to conduc-
tor 138 through the series combination of conductor
123, resistor 264, conductor 265 and potentiometer 266.
It will be recognized that transistors 261 and 263 com-
prise a Darlington emitter follower circuit.

If conductor 121 has a logical 1 voltage on it, repre-
senting a signal to release subscriber line 51, transistor
256 will be turned on (placed in a conducting, saturated
state), effectively shorting together conductors 253 and
138, which turns off transistors 261 and 263, thereby
presenting an open circuit between conductors 128 and
138. It will be appreciated that central office 50 inter-
prets an open circuit as an on-hook condition. A logical
1 on conductor 121 therefore hangs up subscriber line
51.

Conversely, if conductor 121 has a logical 0 voltage
on it, representing a signal to seize and hold subscriber
line 51, transistor 256 will be turned off and conductor
253 will rise to a voltage (VB) determined by resistors
257 and 260. This predetermined voltage (VB) biases
transistors 261 and 263 in a linear operating region.
Transistor 263 therefore allows current to flow from
conductor 128 to conductor 138. The amount of current
flowing is determined by the voltage on conductor 253
and by resistor 264 and potentiometer 266. Potentiome-
ter 266 is adjusted so that the amount of current flowing
from conductor 128 to conductor 138 is sufficient to
cause central office 50 to detect an *“off-hook” condi-
tion. Resistor 264 limits the current flowing through
transistor 263 to a safe value in the event that potenti-
ometer 266 is turned too far toward the zero-resistance
position.

The purpose of resistor 250, capacitor 251, and the
linear region operation of transistors 261 and 263 will
now be explained. When the signal on conductor 121 is
a logical 0 voitage, conductor 253 rises to voltage VB.
If an audio signal is now placed on conductor 122, volt-
age VB will be modulated by the audio signal, therefore
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modulating the current flowing from conductor 128 to
conductor 138 through transistor 263, and thereby plac-
ing the audio signal on subscriber line 51. Capacitor 252
prevents DC voltages on conductor 122 from biasing
transistors 261 and 263 into a non-linear operating re-
gion. Resistor 250 protects the source which drives
conductor 122 in the event that transistor 256 is turned
on. It will now be appreciated that loop current sink-
/modulator 120 can be commanded by signals on con-
ductor 121 to seize and hold or to release subscriber line
$1, and that audio signals on conductor 122 appear as
audio signals on subscriber line 51.

Referring to FIG. 1, it will also be appreciated that
control unit 11 causes the outputs of tone encoder 15,
voice synthesizer 16, and cassette tape player 41 to be
placed on subscriber line 51 by causing their outputs to
be placed, via switching matrix 21, onto conductor 122.
It will also be appreciated that rotary dialing is accom-
plished by placing a series of logical 0 and logical 1
signals on conductor 121 so that transistor 263 alter-
nately conducts/does not conduct current from con-
ductor 128 to conductor 138, thereby performing the
make/break function required for rotary dialing.

Returning to FIG. 6, the operation of hangup detec-
tor 124 will be explained. The emitter of transistor 263
is connected by the series combination of conductor
123, resistor 270, and conductor 271 to the inverting
input of open collector comparator 273. The non-
inverting input of comparator 271 is connected by con-
ductor 272 to a reference voltage, VRF3. If loop cur-
rent sink/modulator 120 has been commanded by con-
trol unit 11 to seize/hold subscriber line 51, transistor
263 will be conducting current from conductor 128 to
conductor 138 through resistor 264 and potentiometer
266, thereby causing a voltage drop (Vc) across resistor
264 and potentiometer 266. This voltage (Vc) will ap-
pear on conductor 123 and, being greater than voltage
VRF3, will cause comparator 273 to pull conductor 274
down to the systern ground.

If termination device 54 in FIG. 1 hangs up, central
office 50 will momentarily disconnect subscriber line
51, thereby interrupting the current through transistor
263, resistor 264, and potentiometer 266. This causes
voltage Vc on conductor 123 to fall below VRF3, and
causes the output of open-collector comparator 273 to
become an open circuit and release conductor 274. Con-
ductor 274 connects the output of comparator 273 to
one end of resistor 275. The other end of resistor 275 is
connected by conductor 276 to the system logic supply
(VL) through resistor 277 and conductor 278, to the
system ground through capacitor 280 and conductor
281, and to the input of schmitt inverter 282. The output
of inverter 282 is placed on conductor 126.

It will be appreciated that when the output of com-
parator 273 is open resistor 277 pulls conductor 276 up
to a logical 1, thereby causing inverter 282 to place a
logical 0 on conductor 126. However, when the output
of comparator 273 is the system ground, conductor 276
is pulled down to a logical 0, capacitor 280 is discharged
through the output transistor of comparator 273 and the
output of inverter 282 is a logical 1. Capacitor 280 and

45

55

60

resistors 275 and 277 form a low-pass filter and are -

selected so that audio signals and rotary dial pulses do
not cause inverter 282 to change states. The value for
resistor 275 is also selected so as to prevent damage to
the output transistor of comparator 273 from excessive
current flow when capacitor 280 is discharged.
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It will now be appreciated that when subscriber line
51 is active and loop current sink/modulator 120 is
seizing or holding subscriber line 51, the voltage on
conductor 123 will be greater than VRFS3, the output of
comparator 273 will be the system ground, and the
output of inverter 282 will be a logical 1. Conversely,
when termination device 54 hangs up, central office 50
will interrupt the current flow in subscriber line 51, the
voltage on conductor 123 will fall below VRF3, con-
ductor 276 will be pulled to a logical 1, and the output
of inverter 282 will be a logical 0, thereby advising
control unit 11 that the party on the other end has hung
up.

Tumn now to FIG. 7 which is a schematic diagram of
tone detector 161. Tone detector 161 comprises a band-
pass filter 300, a high frequency detector 334, and
phase-locked loops 351 and 381. One output of switch-
ing matrix 21 is connected to the input of tone detector
161 by conductor 160 of signal bus 35. Control unit 11
commands switching matrix 21 to route the output of
cassette interface 17, the signal present on subscriber
line 51, and the signal present on extension line 47, as
appropriate, to tone detector 161. Tone detector 161 has
four digital output signals: a “voice present” signal on
conductor 162, a “high frequency present” signal on
conductor 163, and two “tone present” signals on con-
ductor 164 and 165. These four digital outputs are con-
nected to the inputs of tri-state latch 109-2 of FIG. 2 by
conductors 162, 163, 164 and 165. Control unit 11 reads
the outputs of tone detector 161 by commanding tri-
state latch 109-2 to place its contents on data bus 25.

The tone present signal on conductor 165 may indi-
cate the presence of an 1882 Hz tone or a 1776 Hz tone.
Control unit 11 commands phase-locked loop 351 to be
responsive to 1882 Hz tones by placing a logical 1 onto
data bus 25 and then commanding input latch 108 to
store the signals present on data bus 25. Input latch 108
will then place a logical 1 onto conductor 158, thereby
causing phase-locked loop 351 to respond to 1882 Hz
tones. A logical 0 on conductor 158 causes phase-locked
loop 351 to respond to 1776 Hz tones. Control unit 11
also commands phase-locked loop 381 to be responsive
to 3266 Hz tone or to another tone. The frequency of
this other tone has not been designated and is reserved
for a future need, if any, for another distinctive tone.
Control unit 11 controls phase-locked loop 381 in the
same manner as it controls phase-locked loop 351. The
control input of phase-locked loop 381 is connected to
input latch 108 by conductor 159. A logical 0 on con-
ductor 159 causes phase-locked loop 381 to be respon-
sive to 3266 Hz tones. The output of phase-locked loop
381 is connected to one input of output latch 109-2 by
conductor 164. The mechanism by which signals on
conductor 158 and 159 control phase-locked loops 351
and 381 are discussed hereinbelow.

It will be appreciated that bandpass filter 300 is an
active three-stage, multiple-pole Chebyshev-type filter
which also has a second-stage output pickoff point. The
details of operation of active filters of the Chebyshev
type are well known to those skilled in the art. The first
stage is a second-order lowpass filter with a gain of 4
and a —3 dB frequency of 2.8 kHz. The second and
third stages are second order highpass filters with a gain
of 4.5 and a —3 dB frequency of 1 kHz, and a gain of 1

and a —3 dB frequency of 2 kHz, respectively.

Since bandpass filter 300 is an active filter con-
structed in a known manner using RC networks and
operational amplifiers the details of operation will not
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be discussed. However, Table I below sets forth the
values of critical resistors and capacitors. Capacitor
values are given in microfarads and resistor values in
kilohms.

TABLE I

Reference Number Component Value
301 3.29
303 5.6
304 022
305 .01
307 35.5
310 11.85
314 .01
315 .01
316 9.36
317 23.77
321 10.7
322 37.46
323 .01
324 .01
325 11.45
326 4.86
330 .1
331 10.
332 1.

The first two stages of bandpass filter 300 compose an
active bandpass filter which places its output on con-
ductor 318 and which has a gain of 18, and —3 dB
frequencies of 1 kHz and 2.8 kHz. Normal human
voices, both male and female, have a speech frequency
spectrum which exhibits a strong peak in the 750 Hz
region. These first two stages therefore significantly
attenuate the primary human speech frequencies. High
frequency detector 334, in combination with the first
two stages of bandpass filter 300, therefore detects the
presence of frequencies above the normal primary
human speech frequencies. Therefore, with the excep-
tion of the particular band of frequencies to be detected,
the operation is the same as that of speech detector 115,
which is described in detail in U.S. Pat. No. 4,477,698.

Critical resistor and capacitor values for high fre-
quency detector 334 are set forth in Table II below.
Resistor values are in kilohm and capacitor values are in
microfarads.

TABLE 1I
Reference Numeral Component Value

335 4.7

336 10

337 150

340 .01

341 5.6

343 1000

345 34.0

346 1.5

The three stages of bandpass filter 300 compose an
active bandpass filter with a gain of 18, a second-order
high-frequency —3 dB rolloff point of 2.8 kHz, a se-
cond-order low-frequency —3 dB rolloff point of 1
kHz, and a second, second-order low-frequency —3 dB
rolloff point of 2 kHz.

1t should be noted that the inputs of the three stages
are connected to conductor 308. Conductor 308 is con-
nected to a voltage (3 VA) of one-half of the analog
power supply voltage by resistor 311. It will be appreci-
ated that this voltage is required to bias operational
amplifiers 306, 320 and 327 of the three gain stages in
the middle of their linear operating region. Capacitors
312 and 313 are connected between conductor 308 and
the system ground. Resistor 311 and capacitors 312 and

10

15

20

25

30

35

45

50

55

60

65

24

312 comprise a low pass filter which prevents noise on
the system analog power supply from affecting the
voltage on conductor 308.

The output of the third stage of bandpass filter 300 is
connected to conductor 308 by the series combination
of capacitor 330 and resistors 331 and 332. Capacitor
330 is a DC blocking capacitor which prevents the
output of the third stage from disturbing the voltage on
conductor 308. Resistors 331 and 332 comprise a volt-
age divider to reduce the signal voltage being sent to
phase-locked loops 351 and 381. The output of bandpass
filter 300 is on conductor 350, which is connected to the
junction of resistors 331 and 332 by DC blocking capac-
itor 333.

From the above, it will be appreciated that the output
of bandpass filter 300 on conductor 350 consists of that
part of the signals on conductor 160 which has fre-
quency components between 2.0 and 2.8 kHz. Conduc-
tor 350 is connected to the inputs of phase-locked loops
351 and 381. Conductor 350 is connected to the input
terminal of devices 362 and 392 through current-limit-
ing and parasitic suppression resistors 352 and 382, re-
spectively. Devices 362 and 392 are commercially avail-
able phase-locked loops, such as the XR-2211, which is
manufactured by Exar Company of Sunnyvale, Calif. It
will be appreciated that other phase-locked loop de-
vices may also be used. The frequency- and bandwidth-
determining components of phase-locked loop 351 (381)
are capacitors 353 (383) and 364 (394), resistors 355
(385), 356 (386), 357 (387), 360 (390), and 361 (391), and
the conduction state of transistor 354 (384). Resistor and
capacitor values are set forth in Table III below . Resis-
tor values are in kilohms and capacitor values are in
microfarads.

TABLE III

Reference Numeral Component Value
353 022
355 10
356 274
357 10
360 17.8
361 100
364 .0047
383 .01
385 10
386 1
387 10
390 24.9
391 150
394 .0022

Capacitor 353 (383) is connected between the C13
and C14 terminals of device 362 (392). The Loop Phase-
Detector. output of device 362 (392) is connected to
system ground through capacitor 364 (394) and to the
R-input of device 362 (392) through resistor 361 (391).
The R-input of device 362 (392) is connected to node
358 (388) through resistor 360 (390). Mode 358 (388) is

.connected to system ground through resistor 357 (387)

and also through the series combination of resistors 358
and 356 (385 and (386) and field effect transistor 354
(384). If conductor 158 (159) has a logical 0 placed on it,
transistor 354 (384) will be turned off and appear as an
open circuit. The frequency of phase-locked loop 351
(381) will therefore be determined by capacitor 353
(383) and the series resistance of resistors 357 and 360
(387 and 390). Resistor 357 (387) is a trimmer potenti-
ometer and is adjusted to set the frequency of loop 351
(381) to 1776 Hz (3266 Hz).
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If the voltage on conductor 158 (159) is a logical 1
transistor 354 (384) will be turned on and appear as a
short circuit. The frequency of phase-locked loop 351
(381) will then be determined by capacitor 353 (383) and
the effective resistance of resistor 360 (390) in series
with resistor 357 (387) which is in parallel with the
series combination of resistors 355 and 356 (385 and
386). The effective resistance will therefore be lower
and the detected frequency, which is inversely propor-
tional to the effective resistance, will be higher. Resistor
355 is a potentiometer which is adjusted to set the sec-
ond tone frequency of loop 351 to 1882 Hz. Resistor 385
performs a similar function with respect to loop 381 but,
in this particular application, the second tone frequency
is unspecified since it is not currently needed for any
purpose. .

The frequencies 1882 Hz and 3266 Hz were selected
to detect signals indicating the beginning and end, re-
spectively, of a message recorded on cassette recorder
40 and cassette player 41.

The 1776 Hz frequency tone was selected since this is
the standard third tone of the three-tone interrupt se-
quence that central office 50 places on subscriber line 51
to advise the user that the call cannot be completed as
dialed.

The negated Q output of device 362 (392) is an open-
collector output which is a logical 0 when there is no
frequency lock, i.e., the desired tone is not present, and
is an open circuit when there is a frequency lock, i.e.,
the desired tone is present. The negated Q output of
device 362 (392) on conductor 369 (399) is connected to
the logic supply voltage VL by pulling resistor 370
(400) and by the series combination of capacitor 371
(401) and resistor 372 (402), and is also connected to the
input of schmitt-trigger inverter 373 (403). The output
of inverter 373 (403) is connected to conductor 165
(164). Inverter 373 (403) is of the schmitt trigger type to
prevent minor power supply voltage variations and
noise from causing an erroneous signal to be placed on
conductor 165 (164).

It will now be remembered that bandpass filter 300
passes 2.0 to 2.8 kHz signals to phase-locked loops 351
and 381. Although the primary frequency of normal
human speech is in the region of 750 Hz it will be recog-
nized that some components of human speech are
briefly present in the 2.0 to 2.8 kHz band. Devices 362
and 392 may briefly and intermittently lock onto these
speech components, thus giving an erroneous tone-
detect signal. Resistor 372 (402) and capacitor 371 (401)
form a filter which requires the output of device 362
(392) to maintain an open circuit or a logical 0 output
for a short period of time before the voltage on conduc-
tor 369 (399) will change a sufficient amount to cause
inverter 373 (403) to change its output state thereby
substantially reducing the probability of an erroneous
tone-detect signal.

From the foregoing description of the preferred em-
bodiment, it will be apparent that other embodiments of
the present invention may be constructed on the princi-
ples disclosed herein. Therefore, the scope of the pres-
ent invention is to be limited only by the claims below.

What is claimed is:

1 In a telephone automatic answering device of the
type which is connected to a telephone subscriber line,
including means providing seizure of said subscriber
line in response to an incoming call, and means for
providing an outgoing audio message onto said sub-
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scriber line subsequent to said seizure, the improvement
comprising in combination:

tone decoder means connected to said subscriber line

and responsive to predetermined tone signals on
said subscriber line for providing digital output
signals corresponding to each said predetermined
tone signal on said subscriber line subsequent to
said seizure, said predetermined tone signals and
said digital output signals representing a set of
commands and a set of calling party data;

control means, responsive to said digital output sig-

nals corresponding to said set of commands and to
the absence of digital output signals corresponding
to said set of commands, for providing read and
write signals to a storage means and for providing
a first enabling signal to a voice generator means
and a second enabling signal to said telephone auto-
matic answering device;

storage means responsive to said read and write sig-

nals and connected to said tone decoder means for
storing and recalling said digital output signals
corresponding to said set of calling party data as a
stored digital word, said storage means having a
sufficient capacity for storing a plurality of sets of
said calling party data; and

voice generator means responsive to said first en-

abling signal and to said stored digital word for
providing to said subscriber line a vocal audio
signal corresponding to said predetermined tone
signal for each said stored digital word;

wherein said control means is responsive to said digi-

tal output signals corresponding to said set of com-
mands only if a predetermined sequence of said
tone signals is present on said subscriber line within
a predetermined period of time after said seizure
and, otherwise, upon termination of said predeter-
mined period of time, enables said storage means to
provide a predetermined set of said digital output
signals to said voice generator means and enables
said voice generator means to be responsive to said
predetermined set of said digital output signals and
place said vocal audio signals on said subscriber
line; and

wherein said set of commands comprises a first com-

mand to play back said calling party data by a
selected priority code, said calling party data com-
prising a telephone number for a calling party and
said priority code, a second command to play back
said calling party data by chronological sequence,
a third command to advance to another said set of
said calling party data, a fourth command to go
back to a prior said set of said calling party data, a
fifth command to erase a said set of said calling
party data, a sixth command to record a new said
outgoing audio message on said telephone auto-
matic answering device, and a seventh command to
change said predetermined sequence of audio sig-
nals.

2. In a telephone automatic answering device of the
type which is connected to a telephone subscriber line,
including means providing seizure of said subscriber
line in response to an incoming call, and means for
providing an outgoing audio message onto said sub-
scriber line subsequent to said seizure, the improvement
comprising in combination:

tone decoder means connected to said subscriber line
and responsive to predetermined tone signals on
said subscriber line for providing digital output
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signals corresponding to each said predetermined
tone signal on said subscriber line subsequent to
said seizure, said predetermined tone signals and
said digital output signals representing a set of
commands and a set of calling party data;
control means, responsive to said digital output sig-
nals corresponding to said set of commands and to
the absence of digital output signals corresponding
to said set of commands, for providing read and
write signals to a storage means and for providing
a first enabling signal to a voice generator means
and a second enabling signal to said telephone auto-
matic answering device;
storage means responsive to said read and write sig-
nals and connected to said tone decoder means for
storing and recalling said digital output signals
corresponding to said set of calling party data as a
stored digital word, said storage means having a
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sufficient capacity for storing a plurality of sets of
said calling party data; and

voice generator means responsive to said first en-

abling signal and to said stored digital word for
providing to said subscriber line a vocal audio
signal corresponding to said predetermined tone
signal for each said stored digital word;

wherein said set of commands comprises a first com-

mand to play back said calling party data by a
selected priority code, said calling party data com-
prising a telephone number for a calling party and
said priority code, a second command to play back
said calling party data by chronological sequence,
a third command to advance to another said set of
said calling party data, a fourth command to go
back to a prior set of said calling party data, a fifth
command to erase a said set of said calling party
data, and a sixth command to record a new said
outgoing audio message on said telephone auto-

matic answering device.
*¥ % * *x %




