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storage on disk. Those skilled in the art will readily recog-
nize that the FAX data could be transferred from the
teiephone line to the personal computer using the same path
as the packet transfer except using the normal AT stream
mode. Thus, the incoming facsimile is amtomatically
received and stored on the personal computer through the
hardware components of FIG. 3.

A facsimile transmisston is also facilitated by the hard-
ware components of FIG. 3. The transmission of a facsimile
may be immediate or queued for laler transmission at a
predetesmined or presclected time. Control packet informa-
tion 1o configure the hardware componenis to seng & fac-
simile are sent over the R8232 serial interface between the
personal computer and the hardware componenls of FIG, 3
and are received by main coniroller circuit 313. The data
pump circuil 311 then dials the recipient’s telephone number
using DTMF tones or polse dialing over the iclephone line
interface circnit 309. Once an appropriate connection is
established with the remore facsimile machinge, standard
facsimile handshaking is accomplished by the data pump
circuit 311. Once the facsimile connection is established, the
digital facsimile picture information is received through the
data packet protocol transfer over serial line interface circuit
315, passed through main controller circuit 313 and data
pump circuit 311 onte the telephone line through telephone
line interface circuit 302 for receipt by the remote facsimile
machine.

The operation of the multi-media mail function 3121 of
FIG. 2 is also {acilitated by the hardware components of
FIG. 3. A multimedia transmission consists of a combination
of picture information, digital data and digitized voice
informaticn. For exampie, the type of multimedia informa-
tion transferred 10 a remote siie using the hardware compo-
nents of FIG. 3 could be the multimedia format of the
MicroSoft® Muliimedia Wave® format with the aid of an
Intelligent Serial Interface (1SI) card added to the personal
computer. The multimedia may also be the type of muli-
media information assembled by the software component of
the present system which is deseribed more fully below.

The multimedia package of information including text,
graphics and voice messages (collectively called the mulii-
media document) may be transmitled or received through
the hardware components shown in F1G. 3. For example, the
transmission of a multimedia document through the hard-
ware components of FIG, 3 is aceomplished by iransferring
the multimedia digital information using the packet protocol
described below over the R§232 serial interface between the
personal computer and the serial line interface circunit 315
The packets are then transferred through main controller
circuit 313 through the data pump circuit 311 on 10 the
teiephone line for receipt al a remote site through elephone
line interface circoit 309. In a similar fashion, the multime-
dia documents received over the telephone line from the
remole site are received at the telephone line interface circuit
309, passed through the data pump civcuit 311 for receipt
and forwarding by the main controller circuit 313 over the
scrial Jine inmerface circoit 315.

The show and teli function 123 of the present system
allows the user 1o establish a data over voice communication
session. In this mode of operation, full duplex dala trans-
mission may be accomplished simuhaneously with the voice
communication between both sites. This mode of operation
assumes a Jike configured remote site. The hardware com-
ponents of the present system also include a means for
sending voice/data over cellutar links. The protocol used for
transmitting multiplexed voice and data include a supervi-
sory packet described more fully below to keep the link
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established through the cecllular link, This supervisery
packet is an acknowledgement that the link is still up. The
supervisory packet may also contain fink information Lo be
used for adjusting various link parameters when necded.
This supervisory packet is sent every sccond when data is
not being sent and if the packet is not acknowiedged after a
specificd number of attempts, the protocel would then give
an indication that the celiular link is down and then allow the
modem o take action. The action could be for examplc;
change speeds, retrain, or hang up. The use of supervisory
packels is a novel method of maintaining inherently inter-
mittent cellutar links when transmitting muliplexed voice
and dala.

The voice porion of the voice over data transmission of
the show and tell function is accomplished by recciving the
user’s voice through the telephone interface 301, 302 or 303
and the voice information is digitized by the digita! tele-
phone circuit 305. The digitized voice information is passed
1o the voice contrel circuit 306 where the digitized voice
information is compressed using a voice compression algo-
rithm described more fully below. The digitized and com-
pressed voice information is passed through dual pont RAM
circuit 308 to the main convoller circuit 313. During quiet
periods of the speech, a quiet flag is passed from voice
control circuit 306 1o the main controller 313 through a
packet transfer prowocol described below by a dual port
RAM circuit 308.

Simuliarcous with the digitizing compression and pack-
etizing of the voice information is the receipt of the pack-
etized digilal information from the personal computer over
interface line circuit 315 by main controfler circuit 313.
Main controller circuit 313 in the show and 12l function of
the present system must efficiently and effectively combine
the digitized voice information with the digital information
for transmission over the iclephone line via telephone line
interface circuit 309, As described above and as described
more fully below, main controller circait 313 dynamically
changes the amount of voice information and digital infor-
mation transmitted at any piven period of time depending
upon the quiet times during the voice transmissions. For
exampie, during a guiet moment where there is no speech
informalion being transmitted, main controller circuit 313
ensures that a higher volume of digital data information be
transmitted over the telcphone ling interface in lieu of
digitized voice information.

Also, as described more fully below, the packets of digital
data transmiited over the telephone line interface with the
transmnission packet protocol described below, requites 106
percent accuracy in the iransmission of the digital data, bt
a lesser standard of accuracy for the transmission and receipt
of the digitized voice information. Since digital information
must be transmitted with 100 percent accuracy, a cormipled
packet of digital information received at the remote site must
be retransmitted. A retrapsmission signal is communicated
back to the local site and the packet of digital information
which was corrupted during transmission is retransmitted. If
the packet transmitted conlained voice data, however, the
remote site uses the packets whether they were corrpted or
nol as fong as the packet header was intacl. If the header is
corrupted, the packet is discarded. Thus, the voice informa-
tion may be comupled withoul requesting relransmission
since it is understood that the voice information must be
transmitted on & real time basis and the corruption of any
digital information of the voice signal is not critical. In
conirast to this the transmission of digital data is eritical and
retransmission of corrupted data packets s requested by the
remote site.
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The transmission of the digital data follows the CCITT
V.42 standard, as is well known io the indusiry and as
described in the CCTTT Blue Book, volume VI entitled
Datz Communication over the Telephone Network, 1989,
The CCITT V.42 standard is hereby incorporated by refer-
ence, The voice data packetl information also follows the
CCITT V.42 standard, but uses a different header format so
the receiving site recognizes the difference between a data
packet and » voice packet. The voice packet is distinguished
from a data packet by using undefined bits in the header (80
hex) of the V.42 standard. The packet protocol for voice over
data transtission during the show and tell function of the
present system is described more fully below.

Since the voice over dala communication with the remote
site is full-duplex, incoming data packets and incoming
voice packels are received by the hardware components of
FIG, 3. The incoming data packets and voice packets are
received through the telephone line interface circuit 309 and
passed Lo the main controller circuit 313 via data pump DSP
circuit 311. The incoming data packets are passed by the
main controller circuit 313 1o the serial interface circuit 315
to be passed 1o the personal computer. The incoming voice
packets are passed by the main controller circuit 313 to the
dual port RAM cirenit 308 for receipt by the voice control
DSP circuit 306. The voice packets are decoded and the
compressed digital information therein is uncompressed by
the voice control DSP of circuit 306. The uncompressed
digital voice information is passed to digilal telephone
CODEC circuit 305 where it is reconveried 10 an analog
signal and retransmitted through the telephone line interface
circuits. In this fashion full-duplex voice and data transmis-
sion and reception is accomplished through the hardware
components of FIG. 3 dering the show and 1ell functional
operation of the present system.

Terminal operation 125 of the present system is also
supported by the hardware components of FIG. 3. Terminal
operation means that the jocal personal compuler simply
operates a8 a “dumb” terminal including file transfer capa-
bilities. Thus no focal processing takes place other than the
handshaking protocel required for the operation of a dumb
termidal. In terminal mode operation, the remote site is
assumed 10 be a modem connected o # personal computer
but the remote site is not necessarily a site which is config-
ured according 1o the preseni system. In terminal mode of
operation, the command ang data information from personal
computer is transferred over the R8232 serial interface
circuit 315, forwarded by main controller circuit 313 io the
daia pump circuit 311 where the data is placed on the
telephone ine via telephone line interface circuit 309.

In a reciprocal fashion, data is received from the tele-
phone line over telephone line interface circuit 309 and
simply forwarded by the data pump circuit 331, the main
conirelier circuit 313 over the serial line interface circuit 318
1o the personal computer.

As described above, and more fully below, the address
book function of the present system is primarily a support
function for providing telephone numbers and addresses for
the other various functions of the present system.

Detailed Electrical Schematic Diagrams

The detailed electrical schematic diagrams comprise
FIGS. 5A-C, 6A-C, TA-C, BA-B, 9A-C and 10A-C. FIG.
4 shows a key on how the schematic diagrams may be
conveniently arranged to view the passing of signals on the
clectrical jines between the diagrams. The electrical con-
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neclions between the electrical schematic dizgrams are
through the designators listed next to each wire, For
example, on the right side of FIG. 5A, address lines AD-A19
are allached to an address bus for which the individual
cicetrical lines may appear on other pages as AB-A19 or
may collectively be connected (o other sehemaric diagrams
through the designator “A™ in the circle connected to the
collective bus. In a like fashion, other eleetrical lines des-
ignated with symbols such as RNGL on the lower lefi-hand
side of FIG. 5A may connect to other schemalic diagrams
using the same signal designator RNGL.,

Beginning with the electrical schematic diagram of FIG.
7C, the telephone line connection in the preferred embodi-
merit 1§ through connector J2 which is a standard six-pin
modular RJ-11 jack. In the schematic diagram of FIG. 7C,
only the tip and ring connections of the fiest telephone civenit
of the RJ-11 modular connector are used. Ferrite beads FB3
and FB4 are placed on the tip and ring wires of the telephone
line connections o remove any high frequency or RF noise
on the incoming telephone line. The incoming telephone line
is also overvoliage protected through SIDACTOR R4, The
incoming telephone line may be full wave rectified by the
full wave bridge comprised of diodes CR27, CR28, CR29
and CR31. Switch S84 switches between direct connection
and full wave rectified connection depending upon whether
the line is a nop-powered leased line or a standard telephone
line. Since a Jeased line is a "dead” line with no voltage, the
Full-wave rectification is not needed.

Also connecled across the incoming telephone line is a
ring detect circuit. Optical isolator U32 (pan model number
CNY17) senses the ring voliage threshold when it exceeds
the breakdown voliages on zener diodes CR1 and CR2. A
filtlering circuit shown in the upper fight corner of FI1G, 7C
creates a Jong RC delay to sense the constamt presence of an
AC ring voltage and buffers that signal to be a binary signal
out of operational amplifier U25 (pan model number
TLO82). Thus, the RNGL and JIRING signals are binary
signals for use in the remaining portions of the electrical
schematic diagramms to indicate a presence of a ring voltage
on the telephone line.

The present system is also capable of sensing the caller 1D
information which is transmitted on the telephone line
between rings. Between the rings, optically isolated relays
U30, U3 on FIG. 7C and optically isolated relay U33 on
FIG. 7B all operate in the period between the rings so that
the FSK modulated caller 1D information is connected 1o the
CODEC and data pump DSP in FIGS. 8A and 8B, as
described more fully below.

Referring now to FIG. 7B, more of the telephone line
filtering circuitry is shown. Some of the telephone line
buffering circuitry such as inductor L1 and resistor RY are
optional and arc connected for varions lelephone line stan-
dards used arcund the word (o meat local requiremenis. For
example, Switzerland reguires a 22 millihenry inductor and
1K resistor in series the line. For all other countries, the 1K
resistor is replaced with a O ohm resisior.

Relay U29 shown in FIG. 7B is used to accomplish pulse
dialing by opening and shorting the tip and ring wires.
Optical relay X2 is engaged during pulse dialing so that the
tip and ring are shorted directy. Transisiors Q2 and Q3
along with the associated discreic resistors comprise a
holding circait to provide a current path or current loop on
the elephone linc to grab the line.

FIG. 7A shows the telephone interface connections
belween the hardware components of the present system and
the handset, headset and microphene.

Page 3 of 21
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The connections T1 and T2 for the telephone line from
FIG. 78 arc connected 1o transformer TR1 shown in the
electrical schematic disgram of FIG. 8B. Only the AC
components of the signal pass through transformer TR1. The
connection of signals atiached to the secondary of TR1 is
shown for both transmitting and receiving information gver
the telephone line,

Incoming signals are buffered by operational amplifiers
U27A and U27B. The first stage of buffering using opera-
tional amplifier U278 is used for echo suppression so that
the transmitted-information being placed on the telephone
line is not fed back into the receive portion of the present
sysiem. The second stage of the inpui buffering through
operational amplifier U27A is configured for & moderale
amount of gain before driving the signal into CODEC U35.

CODEC chip U35 on FIG. 8B, interface chip U34 on FIG.
BA and digital signal processor (DSP) chip U37 on FIG. 8A
comprise a data pump chip set manufactured and sold by
AT&T Microclectronics. A detailed description of the opera-
tion of these three chips in direcl connection and cooperation
with one another is described in the publication entitled
“AT&T V.32bis/V.32/FAX High-Speed Dala Pump Chip Set
Data Book™ peblished by AT&T Microelectronics, Decem-
ber 1991, which is herchy incorporated by reference. This
AT&T data pump chip set comprises the core of an inlc-
grated, two-wire full duplex modem which is capable of
operation over standard telcphone lines or leased lines. The
data pump chip set conforms fo the telecommunicatlions
specificatdons in CCITT recommendations V.32bis, V.32,
V.22bis, V.22, V.23, V.21 and is comparible with the Beli
212A and 103 modems. Speeds of 14,400, 9600, 48040, 2400,
1200, 600 and 300 bits per second are supported. This data
pump chip set consists of a ROM-coded DSP16A digital
signal processor U37, and interface chip U34 and an AT&T
T7525 linear CODEC U35. The AT&T V.32 data pump chip
set is available from AT&T Microelectronics.

The chip set U4, U35 and U37 on FIGS. 3A and 8B
perform all A/D, D/A, modulation, demedalation and echo
cancellalion of all signals placed on or taken from the
telephone line. The CODEC U35 performs DTMF tone
generation and detection, signal analysis of call progress
1ones, etc. The transmission of information on the telephone
line from CODEC U35 is through buffer 1J28A, through
CMOS switch U36 and through line buffer U25, The CMOS
switch U346 is used to switch between the data pump chip set
CODEC of circuit 310 (shown in FIG. 3) and the voice
control CODEC of circuit 306 (also shown in FIG. 3). The
signal lines AOUTN and AQUTP correspond to signals
received from the voice control CODEC of cireuit 306.
CODEC U35 is part of circuit 311 of FiG. 3.

The main controller of controller circuit 313 and the
suppon cireuits 312, 314, 316, 317 and 308 are shown in
FIGS. 5A-5C, In the prefersred embodiment of the present
system, the main controller is a Z80180 eight-bil micropro-
cessor chip. In the preferred implementation, microcontrol-
ier chip U17 is a ZBO180 microprocessor, part number
Z84CO1 by Zilog, Inc. of Campbell, Calif. (also availabie
from Hitachi Semiconductor as part number HD641807).
The Zilog Z80180 cight-bit microprocessor operates at 12
MHz inicrnal clock speed by means of an external crystal
XTAL, which in the preferred embaodiment, is a 24,576 MHz
crystal. The crystal circuit includes capacitors C4 and C5
which are 20 pf capacitors and resistor R28 which is a 33
ohm resistor. The erystal and support circuitry is connected
according to muanufacturer’s specifications found in the
Zilog Intellipent Peripheral Controllers Data Book pub-
lished by Zilog, Inc. The product description for the
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Z284C01 ZBO180 CPU from the Z84COT Z80 CPU Product
Specification pgs. 43-73 of the Zilog 1991 Intelligent
Peripheral Controllers dalabook is hercby incerporated by
reference.

The Z80180 microprocessor in microcontroller chip UY?
is intimately connected 1o a serial/paraliel O counter timer
chip U15 which is, in the preferred embodiment, a Zilog
84C50 CMOS Z80 KIO serialfparallel/counter/timer ine-
grated circuoit available from Zilog, Inc, This muli-function
1/O chip U5 combines the functions of 2 parallel input/
outpus por, a serial inputfoutput port, bus control circuitry,
and a clock timer circuit in onc chip. The Zilog Z84C90
product specification describes the detailed internal opera-
tions of this circuit in the Zilog Intelligent Peripheral Con-
trollers 1991 Handbook availabie from Zilog, Inc. Z84CS0
CMOS Z80 K10 Product specification pgs. 205-224 of the
Zilog 1991 ImteHigent Peripheral Controliers databook is
hereby incorporated by reference.

Data and address buses A and B shown in FIG. 5A connect
the Z80180 microprocessor in microcontroller U17 with the
280 KIO circuit U15 and a gate array circuit U19, and w0
other portions of the electrical schematic diagrams. The gate
array U19 includes miscellaneous Jaich and buffer circnits
for the present system which normally would be found in
discrete S81 or MST integrated circuits. By combining a wide
variety of misccliancous support circuits into a single gate
array, a much reduced design complexity and manufaciuring
cost is achieved. A detaled descripiion of the imternal
operations of gate arvay U19 is described more fully below
in conjunction with schematic diagrams of FIGS. 10A~16C.

The memary chips which operate in conjunction with the
Z80 microprocessor in microcontroller chip U17 are shown
in FIG. 5C. The connections A, B correspond te the con-
nections to the address and data buses, respectively, found
on FIG. 5A. Memory chips Ul6 and U13 are read-only
memory (ROM) chips which are electrically alterable in
place. These programmable ROMSs, typically referred 1o as
flash PROMs or Programmable Erasable Read Only Memo-
ries {PEROMSs) hold the program code and operating param-
ciers for the present system in a non-volatile memory. Upon
power-up, the programs and operating parameters are trans-
ferred 10 the voice control DSP RAM Ul2, shown in FIG.
9B.

in the preferred embodiment, RAM chip Ul4 is a pseu-
dostatic RAM which is essentially a dynamic RAM with a
built-in refresh. Those skilled in the art will readily recog-
nize that a wide variely memory chips may be used and
substituted for pscudo-static RAM Ul4 and flash PROMs
U16 and U13.

Referring once again 1o FIG. 3, the main controller circuit
313 communicates with the voice control DSP of circuit 306
through dual port RAM circuit 308, The digital telephone
CODEC circuit 305, the voice control DSP and CODEC
circuit 306, the DSP RAM 307 and the dual port RAM 308
are all shown in detailed electrical schematic diagrams of
FIGS. 9A-9C.

Referring 1o FIG. 9A, the DSP RAM chips U6 and U7 are
shown with associated suppert chips, Support chips Ul and
U2 are in the preferred embodiment part 74BCT244 whick
are TTL-leve! latches used to capture data from the data bus
and hold i1 for the DSP RAM chips U6 and U7. Circuits U3
and U4 are also Jawch circuoits for also latching address
information to control DSP RAM chips U6 and U7. Onee
again, the address bus A and data bus B shown in FIG. A
are multi-wire connections which, for the dlarity of the
drawing, are shown as a thick bus wire representing a
grouping of individual wises.
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Also in FIG. 9A, the DSP RAMs U6 and U7 arc con-
nected 1o the voice control DSP and CODEC chip U8 as
shown split between FIGS. 9A and 9B. DSP/CODEC chip
U8 is, in the preferred embodiment, pant nomber WE®
DSPI6C, digital signal processor and CODEC chip manu-
factured and sold by AT&T Microelectronics, This is a 16-bit
programmable DSP with a voice band sigma-delta CODEC
on one chip. Although the CODEC portios of this chip is
capable of analog-to-digital and digital-to-analog signal
acquisition and corversion system, the actual VA and A/D
functions for ihe telephone imerface oceur in digital tele-
phone CODEC chip U12 (comesponding to digital telephone
CODEC circuit 305 of FIG. 3). Chip U8 includes circuitry
for sampling, data conversion, anti-zliasing fillering and
anti-imaging filtering. The programmable control of DSP/
CODEC chip U8 allows ii 10 receive digitized voice from the
telephone interface (through digital telephone CODEC chip
U12) and store it in a digitized form in the dual port RAM
chip U11. The digitized voice can then be passed to the main
conirolier circuit 313 where the dighized voice may be
transmitted (o the personal compuer over the RS$232 circuit
315. In a similar fashion, digitized voice stored by the main
coniroller circuit 313 in the dual port RAM Ull may be
transferred tirough voice contro} DSP chip US, converted (o
analog signals by telephone CODEC U12 and passed lo the
user. Digital telephone CODEC chip U12 includes a direct
telephone handset interface on the chip.

The connections to DSP/CODEC chip U8 are shown split
across FIGS, 9A and 9B. Address/data decode chips U9 and
U10 on FIG. %A serve to decode address and data informa-
tion from the combined address/data bus for the dual port
RAM chip U1l of FIG. 9B. The interconnection of the
DSP/CODEC chip U8 shown on FIGS. %A and 9B is
described more fully in the WE® DSP16C Digital Signal
Processor/CODEC Data Sheet published May, 1991 by
AT&T Microelecironics, which is hereby incorporated by
reference.

The Digital Telephone CODEC chip U312 is also shown in
FIG. 9B which, in the preferred embodiment, is part number
T7540 Digital Telephone CODEC manufactared and sold by
AT&T Microclectronics. A more detailed description of this
telephone CODEC chip U12 is described in the T7540
Digital Telephone CODEC Data Sheet and Addendum pub-
lished luly, 1991 by AT&T Microclectronics, which is
hereby incorporated by reference.

Support circuils shown on FIG. 9C are used to facilitate
commupication between CODEC chip U12, DSPICODEC
chip U8 and dual port RAM U121, For example, an § kHz
clock is used to synchronize the operation of CODEC Ui2
and DSPF/CODEC US.

The operation of the dual port RAM U1l is controtled
boll by DSP UR ard main controller chip U17. The dual port
operation allows writing into one address while reading
from another address in the same chip, Both processors can
access the exact same memory Iocations with the use of a
contention protocel such that when one is reading the other
cannot be writing. In the preferred embodiment, dual port
RAM chip U1l is pant nember CYZC131 available from
Cyprus Semiconductor. This chip includes built in conten-
tion control so that if two processors try Lo aceess the same
memory Jocation al the same time, the first one making the
request gels control of the address Jocation and the other
processor must wait. In the preferred embodiment, a ctrealar
bufier is arranged in dual port RAM chip ULl comprising 24
bytes. By using a circular buffer configuration with pointers
into the buffer area, both processors will not have a conten-
tion problem.
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The DSP RAM chips U6 and U7 are connecied 10 the DSP
chip U8 and also connected through the data and address
buses to the Zilog microconuroller U17. In this confipura-
tion, the main controller can download the control programs
for DSP U8 into DSP RAMs U6 and U7, In this fashion,
DSP control can be changed by the main conwroller or the
operaling programs on the personal computer, described
more fully below. The control programs stored in DSP chips
U6 und U7 orginate in the fiash PEROM chips U16 and
U17. The power-up control soutine operating on controller
chip Ul7 downloads the DSP control romtines inlo DSP
RAM chips U6 and U7,

The interface between the main controller circuit 313 and
the personal computer s through 810 circuit 314 and R8232
serial inerface 315, These interfaces are described more
fully in conjunction with the detailed electrical schematic
diagrams of FIG. 6A-6C. R5232 connection J1 is shown on
FIG. 6A with the associated control cireuit and interface
circuitry used te generate and receive the appropristc R8232
standard signals for a serial communications interface with
a personal compater. FIG. 6B is a detailed electrical sche-
matic diagram showing the generation of various voltages
for powcring the hardware components of the electrical
schematic diagrams of hardware components 20. The power
for the present hardware components is received on con-
nector J5 and controlled by power switch §34. From this
circuitry of FIG. 6B, phus and minus 12 vohis, plus five volis
and minus five volts are derived for operating the varjouns
RAM chips, controller chips and support circuitry of the
present system. FIG. 6C shows the interconnection of the
stams LED’s found on the front display of the box 20.

Finally, the “glue logic” used to support various functions
in 1the hardware components 20 are described in conjunctlion
with the detailed eicctrical schematic diggrams of FIGS.
10A-10C. The connections between FIGS. 10A and 10C
and the previous schematic diagrams is rade via the labels
for each of the lines. For example, the LED status lights are
controlled and held active by direct addressing and data
contre) of laiches GAI and GA2. For a more detailed
description of the connection of the ghue logic of FIGS.
10A-10C, the gate array U1Y is shown connected in FIGS,
SA and 5B,

Packet Protocol Between the PC and the Hardware
Component

A special packel protocol is used for communication
between the hardware components 26 and the personal
computer (PC) 18, The protocol is used for transferring
different types of information between the two devices such
as the transfer of DATA, VOICE, and QUALIFIED infor-
mation. The protocol also uses the BREAK as defined in
CCITT X.28 as a means (o maintain protocol synchroniza-
tion. A deseripiion of this BREAK segquence is also
described in the Stamtory Invention Registration entitded
“ESCAPE METHODS FOR MODEM COMMUNICA-
TIONS", to Timothy D, Gunn fled Jan. 8, 1993, which is
hereby incorporated by reference.

The protocol has two modes of operation. One mode is
packet mode and the other is stream mode. The protocol
aHows mixing of different types of information into the data
streamn without having to physically switch modes of opera-
tion, The hardware component 20 will identify the packet
received from the computer 10 and perform the appropriate
sction according to the specifications of the protocol. If it is
& data packet, then the controller 313 of hardware compo-
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nent 20 would send it to the data pump circuit 311, If the
packet is a voice packet, then the controtler 313 of hardware
comyponent 20 would distribute that information 1o the Voice
DSP 306, This packet transfer mechanism also works in the
reverse, where the controlier 313 of hardware component 20
would give different information to the computer 10 without
having to switch into diffcrent modes. The packet protocol
also allows commands to be sent to either the main control-
fer 313 directly or to the Voice DISP 36 for controlling
different options without having to enter a command state,

Packet mode is made up of 8 bit asynchronous data and
i5 idemtified by a beginning synchronization characler {01
hex} followed by an 1D/LI characier and then followed by
the information to be sent. In addition to the ID/LI character
codes defined below, those skilled in the ant will readily
recognize that other ID/LI character codes could be defined
to allow for additional types of packets such as video data,
or alternate voice compression algorithm packets such as
Codebook Excited Lincar Predictive Coding (CELP) algo-
rithin, GSM, RPE, VSELP, etc.

Stream mode is used when large amounts of one type of
packet (VOICE, DATA, or QUALIFIED) is being sent. The
transmidties {ells the receiver to enter stream mode by a
vnique command. Thereafter, the transmitter tells the
receiver 10 terminate stream mode by using the BREAK
command followed by an “AT” type command. The com-
mand used to terminate the stream mode can be a command
to enter another type of stream mode or it can be a command
1o enter back into packel mode.

Currently there are 3 types of packets used: DATA,
VOICE, and QUALIFIED. Table 1 shows the common
packet parameters used for all three packet Lypes. Table 2
shows the three basic types of packets with the sub-types
listed.

TABLE 1

Packel Parameiers

1. Asynchronous transfer
2. & bits, no parity
3. Maximum packel length of 128 bytes
- IBentifier byte = 1
- InFormation = 127
4. SPEED
- variable from 9600 @ 57600
-~ default to 19200

TABLE 2

Packer Types

i. Bata

2. Voice

3. Qualified:
a. COMMAND
b. RESPONSE
C, STATUS
& FLOW CONTROL
€. BREAK
f. ACK
g NAK
h. STREAM

A Data Packet is shown in Table 1 and is used for normal
data transfer between the coatroller 313 of hardware com-
ponenl 20 and the computer 10 for such things as 1ext, file
transfers, binary data and any other type of infonmation
presently being sent through modems, All packel transfers
bepin with & synch character 01 hex (synchronization byte).
The Data Packet begins with an 1D byte which specifies the
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packel type and packel length. Table 3 describes the Data
Packel byte structure and Table describes the bit struciure of
the 1D byie of the Data Packet. Table 3 is an example of a
Data Packet with a byte length of 6. The vaiue of the L1 field
is the actual length of the data field 1o follow, not counting
the ID) byte.

TABLE 3

Edata Packet Byte Soucture

byle 1 = O1h (syne byte}
byte 2= ED/LI (1D byledleopth indicator}
bytes 3127 = dara (depending on L))
o [ m | """
SYNC | LUl data | éata | dam | daw | daa
TABLE 4
1D Byte of Data Packet
Bit 7 identifies the type of packet
Rits 6-0 contair: the LI or lengih indicator
portion of the 1D byw
7 6 3 4 3 2 1 0
177177171
0 [ LI{Lenpth Indicator) =110 127
I S I
TABLE 5
Bata Packet Example
L1 {Jength inicator) = 6
0i i
SYNC| D data ! data | daa | data | dala | data

The Voice Packet is used to transfer compressed VOICE
messages between the contreller 313 of hardware compo-
nent 20 and the computer 0. The Voice Packet is similar to
the Daia Packet except for #1s length which is, in the
preferted embodiment, camrently fixed at 23 bytes of data.
Once again, all packets begin with a synchromization char-
acler chosen in the preferred embodiment to be 01 hex
{01H). The 1D byte of the Voice Packet is completely a zero
byie: all bits are set to zere. Table 6 shows the JD byte of the
Voice Packet and Tabic 7 shows the Voice Packet byte
structure.

TABLE 6

ID Byte of Voice Packet

T 6 5§ 4 3 2 0
[ 1
1] LI {Lengih Indicator) =0
I
TABLE 7

Voice Packet Bylz Siructure

LI (engih indicawot) = 0
23 bytes of dua

01
SYNC

0
n

data | data l data | data

The Qualified Packet is used to transfer commands and
other non-data/voice related information between the con-
troller 313 of hardware component 2§ and the computer 0.
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The varous species or types of the Qualified Packets are
described below and are listed shove in Table 2. Once again,
all packets stan with a synchronization character chosen in
the preferred embodiment to be 01 kex (01H). A Qualified
Packet starts with two bytes where the first byte is the ID
byte and the second byte is the QUALIFIER 1ype identifier.
Table 8 shows the ID byte for the Qualified Packet, Table 9
shows the byte structure of the Qualified Packet and Tables
10-12 st the Qualifier Type byte bit maps for the three
types of Qualified Packets.

TABLE 8

D Byte of Qualificd Packet

T 6 5 4 3 2 1 40
7T T 7T 71
0 L I(Lengil.h ind‘icamrl) = 110127

The Length 1dentifier of the 1D byte equals the amount of
data which follows including the QUALIFIER byte (QUAL
byte+DATA), If L1=1, then the Quatifier Packet conlains the
Q byte only.

TABLE %

22

TABLE 1!-continued
Qualifier Byte of Qualified Packet: Group 2

7 6 5 4 3 2 3 0

% X A% X x x x

0 1 0o ¢ 0 i 0 I = stream A
0 ] 0 0 0 i i 0 = siream B
0 1 0 ¢ 0 i i I =stream C

The Qualifier Packet indicating stream mode and BREAK
attention is used when a large of amount of information is
seni {voice, datz . . . ) to allow the highest throughput
possible. This command is mainly intended for use in DATA
mode but can be used in any one of the possible modes. To
change from onc mode Lo another, a break-init sequence
would be given. A break “AT . . . <cr>" type command
would cause a change in stete and set the serial rate from the
“AT" command.

TABLE 12
Qualifier Byte of Qualified Packer: Group 3

7 L 5 4 3 2 1

2 x K X X X X x
Qualifter Packet Byle Structure 1 0 a 4] 0 0 I 0 = commands
1 ] ) 0 0 0 0 1 = responses
4 85 JQUAL l ‘[ """ 1 & 0 9 ] o 1 0 = sats
SYNC )| 1D [BYTE| datz | data | data | data
M- 30

The bit maps of the Qualifier Byte (QUAL BYTE) of the
Qualified Packel are shown in Tables 10-12. The bit map
follows the pattern whereby if the QUAL byie=0, then the
command is a break. Also, bit 1 of the QUAL byte desip-
nales ack/nak, bit 2 designates fiow control and bit 6
designates stream mode command. Table 10 describes the
Qualifier Byte of Qualified Packet, Group 1 which are
immediate commands, Tabie 11 describes the Qualifier Byle
of Qualified Packet, Group 2 which are siream mode com-
mands in that the command is to stay ir: the designated mode
until a BREAK+INIT command string is sent. Tabie 12
describes the Qualified Byte of Qualified Packet, Group 3
whick are information or stalus commands.

TABLE 10
Quanlifier Byte of Qualificd Packet: Group 1
7 6 5 4 3 2 1 ¢
X X x X x X X
00 0 0 0 0 0 & =bresk
0 0 0 ¢ 0 0 1 §=ACK
0 0 0 0 0 0 1 1 = NAK
0 0 0 ¢ 0 1 0 € ==xof or stop sending dats
¢ 0 0 0 0 1 0 ! =axonerresume sending data
0 0 0 0 1 0 0 O =camel fax
TABLE 1
Qualifier Aye of Qualified Packes: Group 2
7 6 5 3 i G
% x x ox x % X x
0 1 e & 0 0 3] 1 = sweam command mode
i 1 6 ¢ ¢ 0 i ¢ = stream daia
0 ] 0 9 0 0 t 1 = stream voice
0 1 o ¢ 0 1 1] G = stream video
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Cellular Supervisory Packet

In order to determine the staws of the cellular link, a
supervisory packet shown in Table 13 is used, Both sides of
the cellular link will send the ceflalar supervisory packet
every 3 seconds. Upen receiving the cellutar supervisory
packel, the receiving side will acknowledge it using the
ACK field of the ccllular supervisory packet. If the sender
does not receive an acknowledgement within one second, it
will repeat sending the cellular supervisory packet up to 12
tmes. After 12 attempts of sending the cellular supervisory
packel without an acknowledgement, the sender will dis-
comnect the line, Upon receiving an acknowledgement, the
sender will restart its 3 second tireer, Those skilled in the art
will readily recognize thal the timer values and wait times
seiecled here may be varied without deparning from the spiril
or scope of the present invention.

TABLE 13

Celtalar Supervisory Fackel Byle Structure

{8F T ™ T 11 JACK [datn | dma |

Speech Compression

The Speech Compression algorithm described above for
use in the voice mail fenction, the multimedia mail function
and the show and tel] function of the present system is all
accomplished via the voice control circoit 306, Referring
once again to FIG. 3, the user is 1alking either throngh the
handset, the headset or the microphone/speaker telephone
interface. The analog voice signals are received and digi-
tized by the telephone CODEC circuit 305, The digitized
voice information is passed from the digital telepbone
CODEC circuit 305 o the voice control circuits 306. The

Page 7 of 21
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digital signal processor (DSFP} of the voice control circuit
306 is programmed to do the voice compression algorithm.
The source code programmed into the voice control DSP is
attached in the microfiche appendix. The DSP of the voice
contro] circuit 306 compresses the speech and places the
compressed digital representations of the speech into special
packets described more fully below. As a result of the voice
eomypression algorithm, the compressed voice information is
passed 10 the dual ponl ram circuit 308 for cither forwarding
and storage on the disk of the personal computer via the
R8232 serial interface or for multiplexing with conventional
modem data 1o be ransmitted over the telephone line via the
telephone line imerface circuit 309 in the voice-over-data
mode of operation Show and Tell function 123).

Speech Compression Algorithm

To multiplex high-fidelity speech with digital data and
transmit both over the over the telephone line, a high
available bandwidth would normally be required. In the
present invention, the analog voice information is digitized
into 8-bit PCM data at an 8 kHz sampling rale producing a
serial bit stream of 64,000 bps serial data rate. This rate
cannol be transmitted over the telephone line. With the
Speech Compression algorithm described below, the 64 kbs
digital voice data is compressed into 2 9200 bps encoding bit
stream using a fixed-point {non-floating point) DSP such that
the compressed speech can be transmitied over the telephene
jine using a 9600 baud modem transmission. This is an
approximately 7 to one compression ratio. This is accom-
plished in an efficient manner such that enough machine
cycles remain during real time speech compression 1o allow
real time acoustic and line ccho cancellation in the same
fixcd-point DSP.

Even at 9200 bps serial data rate for voice data transmis-
sion, this bit rate leaves little room for concurrent conven-
tional data transmission. A silence detection function is used
to detect quict intervals in the speech signal and substitute
conventional data packets in licu of voice dala packets to
effectively dme maliiplex the voice and daia transmission,
The allocation of iime for conventional data transmission is
constantly changing depending upon how much silence is on
the voice channel,

The voice compression algorithm of the present system
relies on a model of human speech which shows that human
speech contains redundancy inherent in the voice paiterns.
Only the incremental innovatons (changes) need to be
transmitted. The algorithm operates on 160 digilized speech
samples {20 milliseconds), divides the speech samples into
time segments of 5 milliseconds each, and uses prediciive
coding on each segment. With this algorithm, the current
segment is predicted as best as possible based on the past
recreated segments and a difference signal is determined,
The difference value is compared 10 the stored difierence
values in a lookup table or code book, and the address of the
ciosest value iz sent to the remote site along with the
predicted gain and pitch values for each segment. In this
fashion, four 5 ms speech segments can be reduced to a
packet of 23 byies or 184 bits {46 bits per sample segment).
By transmitting 184 bits every 20 milliseconds, an effective
serial data wransmission rate of 9200 bps is accompiished.

To produce this compression, the present system includes
a unique Vector Quanlization (v(}) speech compression
algorithm designed to provide maximum fidelity with mini-
mum eompie power and bandwidih. The v algorithm has
two major components. The first section reduces the
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dynamic range of the input speech signal by removing short
term and jong term redundancics. This reducton is done in
the waveform domain, with the synthesized parl used as the
reference for determining the incremental “new” coment.
The second seciion maps the residual signal into a code book
optimized for preserving the general speciral shape of the
speech sigaal.

FIG. 11 is a high Jevel signal flow block diagram of the
speech compression algorithm used in the present system (o
compress the digilized voice for transmission over the
\elephone line in the voice over dala mode of operation or
for storage and use on the personal compuier. The transmit-
ler and receiver components are implemented using the
programmable voice contro] DSP/CODEC circuit 306
shown in FIG. 3.

The DC removai stage 1101 receives the digitized speech
signal and removes the D.C. bias by calculzting the Jong-
term average and sublracting it from each sample. This
ensures that the digital samples of the speech are centered
about a zero mean value. The pre-emphasis stage 1103
whitens the spectral content of the speech sigral by balanc-
ing the extra enerpy in the Jow band with the reduced energy
in the high band.

The system finds the innovation in the current speech
segment by subtracting 1109 the prediction from recon-
structed past samples synthesized from synihesis stage 1107,
This process requires the synthesis of the past speech
samples locally (analysis by synthesis). The synthesis block
1107 at the transmitter performs the same function as the
synihesis block 1113 a1 the receiver. When the reconstructed
previous segment of speech is subtracted from the presemt
segment (before prediction), a difference term is produced in
the form of an error signal. This residual error is used to find
the best match in the code book 1105. The code book 1105
quantizes the error signal using a code book gencrated from
a representative set of speakers and environments. A mini-
mum mean sguared error match is determined in 5 ms
segments, In addition, the code book is designed 1o provide
a quantization error with spectral rolioff (higher quantization
error for low frequencies and fower quantization error for
Ligher frequencies). Thus, the quantization noise spectrum
in the reconstucted signal will always tend to be smatler
than the underlying speech signal.

The channcl corresponds to the telephone line in which
the compressed speech bits are multiplexed wilb data bits
using a packe: format described below. The voice bils are
sent in 100 ms packets of 5 frees each, each frame corre-
sponding 10 20 ms of speech in 160 samples. Each frame of
20 ms is further divided into 4 sub-blocks or scgments of 5
ms each. In cach sub-block of the data consists of 7 bils for
the long term predictor, 3 bits for the long term prediclor
gain, 4 bits for the sub-block gain, and 32 bits for each code
book entry for atotal 46 bits each 5 ms. The 32 bits {or code
hook entries consists of four 8-hit table cntries in a 256 long
code book of .25 ms duration. In the code book block, each
1.25 ms of speech is looked up in a 256 word code book for
the best match. The B-bit table entry is transmiticd rather
than the actual samples. The code book entries are pre-
compuied from representative speech sepments. (See the
DSP Source Code in the microfiche appendix.)

On the receiving end 1200, the synthesis block 113 at the
receiver performs the same function as the synthesis block
1107 al the transmitter. The synthesis block 1113 recon-
structs the original signal from the veice data packets by
using the gain and piich values and code book address
corresponding to the error signal most closely matched in
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the code book. The code book at the receiver is similar to the
code book 3105 in the transmitter. Thus the synthesis block
recreates the original pre-cmphasized signat. The de-empha-
sis stage 1115 inverts the pre-emphasis operation by restor-
ing the balance of original speech signal,

The complete speech compression algorithm is summa-
rized as follows:

a) Remove any D.C. bias in the specch signal.
b) Pre-emphasize the signal.

¢} Find the innovation in the current specch segment by
subtracting the prediction from reconstructed past
samples. This step requires the synthesis of the past
speech samples locally (analysis by synthesis) such that
the residual error is fed back imo the system.

d) Quantize the error sipgnal vsing a code book penerated
from a representative set of speakers and environments.
A minimum mean squared error match is determined in
5 ms segments. In addition, the code book is designed
to provide a quamization ¢rror with spectral rolloff
(higher guantizaltion error for low frequencies and
lower quantization error for higher frequencies), Thus,
the quantization noise spectrum in the reconstructed
signal will always tend to he smaller than the under-
lying speech signal.

€) At the transmitter and the receiver, reconstruct the

speech from the quantized error sigoal fed into the
inverse of the function in step ¢ above, Use this signal
for analysis by synthesis and for the output 1o the
reconstruction stage beiow.

f) Use a de-emphasis filter to reconstruct the

output.

The major advantages of this approach over other low-
bit-rale algorithms are thai there is no need for any Com-
plicated calculation of reflecion coeflicients (po matrix
inverse or lattice filter computations). Alse, the quantization
noisc in the output speech is hidden under the speech signal
and there are no piteh tracking anifacts: the speech sounds
“natural”, with only miner increases of background hiss at
Jower bit-rates. The computational load is reduced signifi-
cantly compared to a VSELP algorithm and variations of the
same algorithm provide bit rates of 8, 9.2 and 16 Kbit/s. The
total delay through the analysis section is less than 20
miltiseconds in the preferred embodiment, The present algo-
rithm is accomplished completely in the waveform domain
and there is 70 spectral information being computed and
there is no filler computations needed.

Detailed Description of the Speech Compression
Algorithm

The speech compression algorithm is described in greater
detail with reference to FIGS. 11 through 13, and with
reference 1o the block diagram of the hardware components
of the presenm system shown at FIG. 3. Also, reference is
made 10 the detailed schematic diagrams in FIGS. 9A-9C.
The voice compression algorithm operates within the pro-
grammed control of the veice control DSP circuit 306. In
opcration, the speech or analog voice signal is received
through the telephone interface 301, 302 or 303 and is
digitized by the digita) telephone CODEC circnit 305, The
CODEC for circuit 305 is a companding p-law CODEC. The
analog voice signal from the telephone interface is band-
limited 10 zbout 3,500 Hz and sampled at & kHz by digital
telephone CODEC 305. Each sample is encoded into 8-bit
PCM data producing a serial 64 kb/s signal. The digitized
surnples are passed to the voice coniral DSFCODEC of
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circuit 306. There, the 8-bit z-law PCM data is converted to
13-bit linear PCM data, The 13-bit representation is neces-
5ary 1o accurately represent the lincar version of the loga-
rithmic 8-bit p-law PCM data. Wih linear PCM data,
simpler mathematics may be performed on the PCM data.

'The voice control DSPACODEC of circuit 306 correspond
to the single integrated circoit 18 shown in FIGS. 9A and B
a5 a WE® DSP16C Digital Signal Processor/CODEC from
AT&T Microelectranics which is a combined digital signal
processor and & linear CODEC in a single chip as described
above. The digital telephone CODEC of circuit 305 corre-
sponds o integrated circuit U2 shown in FIG. 9(b) as a
T7540 companding p-law CODEC.

The sampled and digitized PCM voice signals from the
leiephone p-law CODEC U12 shown in FIG. 9B are passed
10 the voice control DSP/CODEC U§ via direct dala lines
clocked and synchronized to an § KHz clocking frequency.
The digital samples are loaded into the voice control DSP/
CODEC UB one at 2 time through: the serial input and stored
imio ap iniernal quene held in RAM and converted 1o linear
PCM data. As the samples are lpaded into the end of the
quete in the RAM of the voice control DSP US, the samples
at the head ol the queue are operated upon by the voice
eompression algorithm. The voice compression algorithm
then produces a greatly compressed representation of the
specch signals in a digital packet form. The compressed
speech signal packets are then passed to the dual port RAM
circuit 308 shown in FIG. 3 for use by the main controller
circuit 313 for either transferring in the voice-over-data
mode of operation or for ransfer 1o the personal computer
for storage as compressed voice for functions such as
telephone answering machine message data, for use in the
multi-media documents and the like.

In the voice-over-data mode of operation, veice control
DSP/CODEC circuit 306 of FIG. 3 will be recciving digital
voice PCM data from the digital telephone CODEC circuit
308, compressing it and translerring it to dual port RAM
circuit 308 for multiplexing and transfer over the telephone
line. This is the transmit mode of operation of the voice
control DSP/CODEC cirguit 306 corresponding to transmil-
ter block 1160 of FIG. 11 and corresponding to the com-
pression algorithm of FIG. 12.

Concurrent with this transmit operation, the voice contro)
DSP/CODEC circuit 306 is receiving compressed voice data
packets from dual port RAM circuit 308, uncompressing the
voice data and wransferring the uncompressed and recon-
structed digital PCM veice data o the digital telephone
CODEC 305 for digita! to analog conversion and eventual
transfer to the user through the telephone imterface 301, 362,
304, This is the receive mode of operation of the voice
control DSP/CODEC circuit 306 corresponding to receiver
block 1200 of FIG. 11 and corresponding to the decompres-
sion algorithm of FIG. 13. Thus the voice-control DSP/
CODEC circuil 300 1s processing the voice data in both
directions in a full-duplex fashion.

The voice control DSP/CODEC eircuit 306 operates at a
clock frequency of approximately 24.576 MHz while pro-
cessing data al sampling rates of approximately 8 KHz in
both directions, The voice compression/decompression
algorithms and packetization of the voice data is accom-
plished in 2 quick and efficient fashion to ensure that all
processing is done in real-time without loss of voice infor-
mation. This is accomplished in an efficient manner such
that enough machine cycles remain in the voice control DSP
circuit 306 during real time speech compression to allow
real ime acoustic and line echo cancellation in the same
fixed-point DSP.

Page 9 of 21
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I programmed operation, the availability of an eight-bit
sample of PCM voice data from the p-law digital telephone
CODEC circuit 305 causes an inlerrupt in the voice control
DSP/CODEC circuit 306 where the sample is loaded into
internal registers for processing. Once loaded into an inter
nal register it is ransferred to a RAM address which holds
a queue of samples. The queved PCM digital voice samples
arc converted from §-bit p-law data to a 13-bit linear data
format using 1able lookup for the conversion. Those skilled
in the art will readily recognize that the dignal telephone
CODEC circuit 305 could also be a linear CODEC.

Referring 10 FIG. 11, the digital samples are shown as
speech entering the transmitter block 1100. The transmitier
block, of course, is the mode of operation of the voice-
control DSP/CODEC circuit 306 operating to receive local
digitized voice information, compress it and packetize it for
transfer 1o the main coatroller circnit 313 for transmission
on the ielephone line. The telephone line connected to
teiephone line interface 309 of FIG. 3 corresponds 1o the
channel 1111 of FIG. 11

A frame rale for the voice compression algorithm is 20
milliseconds of speech for each compression. This correlates
to 160 samples to process per frame. When 160 samples are
accumulated in the quene of the internad DSP RAM, the
compression of that sample lrame is begun.

The voice-control DSP/CODEC circuit 386 is pro-
grammed to first remove the DC component 1101 of the
incoming speech. The DC removal is an adaptive function to
establish a center base line on the voice signal by digitally
adjusting the values of the PCM dala. The formula for
removal of the DC bias or drift is as follows:

32733

S(n):x{n)-x(n-—!)+u'5{n—l)whtrc0tx-37.m—s

The remaval of the DC is for the 20 millisecond frame of
voice which amounts w0 160 sampies, The sclection of ¢ is
pascd on empirical observation o provide the best result,

Referring 10 FIG. 12, the voice compression algorithm in
a conwol flow diagram is shown which will assist in the
understanding of the block diagram of FIG. 11, The analysis
and compression begin at block 1201 where the 13-bit linear
PCM speech samples are accummutated until 160 samples
representing 20 milliseconds of voice or one framc of voice
is passed i0 the DC removal portion of code operating within
the programmed voice control DSP/CODEC circuit 306.
The DC removal portion of the code described above
approximates the base line of the frame of voice by using an
adaptive DC removal technigque.

A silenee detection algorithm 12085 js also included in the
programmed code of the DSP/CODEC 306. The silence
detection function is a summation of the square of each
sample of the voice signal over the frame. If the power of the
voice frame falls bclow a preselected threshold, this would
indicaie 2 silent free. The detection of a silence frame of
speech is important for laler multiplexing of the V-data and
C-data described below. During silent poriions of the
speech, the main controiler circoit 313 will transfer conven-
tional digital data (C-data) over the telephone line in lieu of
voice data {V-daia). The formula for computing the power is

1601
PWR= I Sin)* Sim
n=

If the power PWR is lower than a preselected threshold,
then the present voice frame is flagged as containing silence
(See Table 15). The 160-sample silent frame is stll pro-
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cessed by the voice compression algorithmn; however, the
silent frame packeis are discarded by the main controller
circuit 313 so that digital data may be transferred in iteu of
voice data,

The rest of the voice compression is operaled vpon in
scgments where there are four segments per frame amoun-
ing to 40 samples of data per segment. Tt is only the DC
removal and silence detection which is accomplished over
an entire 20 millisecond frame. The pre-emphasis 1207 of
the voice compression algorithm shown in FIG. 12 is the
next slep. The formuia for the pre-emphasis is

Stn=S(r}y-1*§(n-1) wheee 1=0.35

Each segment thus amounts 1o five milliseconds of voice
which is cqual to 40 samples. Pre-emphasis then is done on
each segment. The selection of is T based on empirical
observation to provide Lhe best result.

The pre-emphasis essentiaily fattens the signa) by redvc-
ing the dynamic range of the signal. By using pre-emphasis
to flatien the dynamic range of the signal, less of a signal
range is required for compression making the compression
algorithm operate more cficiently.

The next step in the speech compression algorithm is the
fong-term predicior {LTP). The long-term prediction is a
methed w detect the innovation in the voice signal. Since the
voice signal conlains many redundanl voice segments, we
can detect these redundancies and only send information
about the changes in the signal from one segment to the next.
This is accomplished by comparing the lincar PCM data of
the current segment on a sample by sample basis w0 the
reconstructed lincar PCM data from the previous segments
to obtain the innovation information and an indicator of the
error in the prediction.

The first step in the long term prediction is 1o predict the
pitch of the voice segment and the second step is to predict
the gain of the patch. For each segment of 40 samples, a
long-lerm correlation lag PITCH and associated LTP gain
{actor BJ, {where I={}, 1, 2, 3 comesponding 1o each of the
four segmems of the frame) are determined at 1209 and
1211, respectively. The compuiations are done as follows.

From MINIMUM PITCH (40} 10 MAXIMUM PITCH
{120) for indices 40 through 120 {the pitch values for the
range of previous speech viewed), the voice control DSP
circuit 306 computes the cross correlation between the
current speech segment and the previous speech scgment by
comparing e samples of the curremt speech segment
against the rcconstructed speech samples of the previous
spcech segment using the following formuta:

39
Soy(= :)i) Stne+ H* Sy +i- )

where
=40, ... 120
S=curreni sample of cument segment
S'=past sampie of reconstructed previous segment

n,=0, 40, 80, 120 (the subframe index)
and where the best fit is

Sxy=MAX{Sxy(j}} where =48, . . . 120.

The value of j for which the peak occurs is the PITCH.
This is a 7 bit value for the currenl segment calculated at
1209. The value of j is an indicator of the delay or lag at
which the cross correlation maiches the best between the
pest reconstructed segment and the current segment. This
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indicaics the pitch of the voice in the currem frame. The
maximum computed value of j is used o reduce the redun-
dancy of the new segment compared to the previous recon-
strucied segments in the present algorithm since the value of
}is @ measure of how close the currenl segment is to the
previous reconstructed segments.

Nex, the voice control DSP circuit 306 computes the LTP
gain factor [} al 1211 using the following formula in which
Sxy is the current segment and Sxx is the previous recon-
structed segment:

Sovi)
alf

Bmam.'u =

where

35
Sxr= r-% §i + MAX__PITCH - best_pitch)

The value of the LTP gain factor B is a normalized
quantily between zero and unily for this segment where B is
an indicator of the correlation between the segmems. For
example, a perfect sine wave wouid produce a B which
would be close to unity since the corrclation between the
curfenl segments and the previous reconstructed segments
should be aimost & perfect match so the LTP gain faclor is
one.

The LTP gain factor is guantized from a LTP Gain Table.
This tabie is characterized in Table 14.

TABLE 14

1.TP Gain Quantization

The gain valuc of B is then selected from this table
depending upon which zone or range B,, ., Was found as
depicted in Table 14. For example, if §,, ..., is equal to
0.45, then [} s selected to be 2. This technique quantizes the
f imo a 3-bit quantity.

Next, the TP {Long Term Predictor) filter function 1213
is computed. The pitch value computed above is used to
perform the Jong-term analysis filtering to create an error
signal e(n). The normalized error signals will be cansmiited
to the other site as an indicator of the origina! signal on a per
sample basis, The Blter function for the cuwrent segment is
as follows:

elny=Sin)-P*§n-pitch)

where n=0, 1, ... 39
Next, the code book search and vector quantization func-
performed, Firet, the voice control DSP cirenit
306 compuies the maximum sample value in the segment
with the formula:

GARN=MAX lletn)i}

where n=0, 1, . .. 39

This gain different than the LTP gain. This gain is the
maximum gmplitude in the segment. This gain is quantized
using the GAIN table described in the DSP Source Code
attached in the microfiche appendix. Next, the voice controt
DSP circuit 306 normalizes the LTP filtlered speech by the
quantized GAIN value by using the maximum error signal
le(n}l (absolute value for e(n)) for the current segment and
dividing this into every sample in the segment to normalize
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the samples across the estire segment. Thus the e{n) values
are all normalized o have values between zero and one
using the following:

#(ny=e(n}GAIN =0 . . . 3%

Each segment of 40 samples is comprised of four sub-
segments 2 of 10 samples each. The voice conirgl DSP
circuit 306 guantities 10 samples of e(n) with an index into
the code book. The code book consists of 256 entries (256
addresses) with cach code book enlry consisting of ten
sample values. Every entry of 10 samples in the code book
is compared to the 10 samples of cach subsegment. Thus, for
each subsegment, the code book address or index is chosen
based on a best match between the 10-sample subsegment
and the closest 10-sample code book cntry. The index
chosen has the least difference according to the following
minimization formula:

)
Al - X — ¥

where

x,=the input vector of 10 samples, and

¥,=the code beok vector of 10 samples

This comparison to find the best match beiween the
subsegment and the code book entries is computationally
intensive. A brute force comparison may exceed the avail-
able machinc cycles if real time processing is to be accom-
plished. Thus, seme shorthand processing approaches are
taken (o reduce the computations required 1o find the best §i.
The above formula can be computed in a shorthand fashion
by precomputing and storing some ol the values of this
equation. For example, by expanding out the above formula,
some of the unnecessary terms may be removed and some
fixed terms may be precomputed:

-yP = Am-w*ig-w)

= (- xyi-xgn + 37

= (xd = 2% + ¥R

where 3,7 is 2 conrstant so it may be dropped from the
formula, and where the value of ¥ £ y? may be precom-
puted and stored as the eleventh value in the code book so
that the only real-time compulation involved is the following
formula:

Mi 'l(}f] }
m{ =0 (xa)

Thus, for a segmem of 40 samples, we will transmit 4
code book indexes corresponding 1o 4 subsegments of 10
samples cach. After the appropriate index into the code book
is chosca, the LTP filtered speech samples are replaced with
the code bock samples, These samples are then multiplied
by the quantized GAIN in bloek 1217.

Neaxt, the inverse of the LTP filter function is compuied at
121%:

e(ny=eln)+f*Sn-pitch) n=0, . . ., 39
S8} p=40, . Y20, =0, L (120-40)
(el =0, ... 40

The veice is teconstructed atl the receiving end of the
voice-over-dala link according to the reverse of the com-
pression algorithm as shown as the decompression algorithm
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in FIG. 13. The synthesis of FIG, 13 is also performed in the
compression aigorithm of FIG. 12 since the past segment
must be synthesized to predict the gain and pitch of the
currenl segment.

Echo Canceliation Algorithm

The use of the speaker 304 and the microphone 303
niecessitales the use of an acoustical echo cancellation algo-
nthm to prevent fecdback from destroying the voice signals.
In addition, & line ccho cancellation algorithm is needed no
matier which telephone inerface 301, 302 or 303/304 is
used. The echo cancellation algorithm used is an adaptive
echo canceler which operates in any of the modes of
operation of the present system whenever the ielephone
imerface is operational. In particular the echo canceller is
operalionat in a straight teiephone conncction and it is
operationat in the voice-over-data mode of operation.

In the case of a straight ielephone voice conmection
belween the teiephone inlerface 301, 302, 3037304 and the
telephone line interface 309 in communication with an
analog telephone on the other end, the dipitized PCM voice
data from digital telephone CODEC 365 is transferred
through the voice control DSPACODEC circuit 306 where it
is processed in the digital domain and converned back from
a dipital form to an analog form by the internal linear
CODEC of voice-control DSP/CODEC circuit 304, Since
digital telephone CODEC circuit 305 is a p-law CODEC and
the internal CODEC 1o the voice-control DSP/CODEC
circuit 306 is a linear CODEC, a p-law-to-Hnear conversion
must be accomplished by the voice control DSP/CODEC
circuit 306.

In addition, the sampling rate of digital ielephone
CODEC 305 is slightly less than the sampling rate of the
linear CODEC of voiee control DSP/CODEC circuit 306 so
a slight sampling conversion must also be accomplished.
The sampling rate of digital telephone p-law CODEC 385 is
8000 samples per second and the sampling rate of the linear
COBEC of voice contrgl DSP/CODEC circuit 306 is 8192
sampies per second.

Referring to FIG. 14 in conjunction with FIG. 3, the
speech or analog voice signal is secejved through the tele-
phone imerface 301, 302 or 303 and is digitized by the
digital telephone CODEC circunit 305 in an analog to digital
conversion 401, The CODEC for circuit 385 is a compand-
ing p-taw CODEC. The analog voice signal from the tcle-
phone interface is band-limited to about 3,500 Hz and
sampled at 8 kHz with cach sample encoded into 8-bit PCM
data producing a serial 64 kb/s signal. The digitized samples
are passed 1o the voice control DSP of circuit 306 where they
are immediately converied to 13-bit linear PCM samples.

Referring again to FIG. 14, the PCM digital voice data
y(n) from telephone CODEC circuit 305 is passed to the
voice control BSP/CODEC circuit 306 where the echo
estimate signal ¥(n) in the form of digital data is subtracied
from it. The substraction is done on cach sample on a per
sample basis.

Blocks 1405 and 1421 are gain control blocks . and g,
respectfully. These digital gain controls are derived from
wbles for which the gain of the signal may be set to different
levels depending upon the desired level for the voice signal,
These gain levels can be sel by the user through the level
controls in the software as shown in FIG. 49. The gain on the
digitized signal is set by multiplying a constant to each of the
lincar PCM samples.

In an alternate embodiment, the pain control blocks g,
and g, may be conirolied by sensing the level of the
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speaker's voice and adjusting the gain accordingly, This
antomatic gain control facilitates the operation of the silence
detection described above 1o assist in the time allocation
between multiplexed data and voice i the voice over dama
muode of operalion.

In voice over data mode, the output of gain control block
g., is placed in a buffer for the voice compression/decom-
pression algorithm 1425 instead of sample rale converier
1407. The samples in this mode are accumulated, as
descsibed above, and compressed for multiplexing and
transmission by the main controller 313, Also in voice over
data mode, the gain comral block 1421 receives decom-
pressed samples from the voice compression/decompression
algorithm 1425 instead of sample rate converer 1423 for
output.

The echo canceler of FIG. 14 uses a least mean sguare
(1.MS) method of sdaptive echo cancellation. The echo
estimate signal subtracted from the incoming signal at 1403
is determined by function 1411, Function 1411 is a an FIR
(finite impulse responsc} filler having in the preferred
cmbodimeni an impulse response which is approximately
the length of delay though the acoustic path. The coefficients
of the FIR filter are modeled and tailored after the acoustic
ccho path of the echo iaking imio account the specific
physicai attributes of the box that the speaker 304 and
micrephone 303 are located in and the proximity of the
speakes 304 to the microphone 303. Thus, any signal placed
on Lo the speaker is semt through the echo cancellation
function 1411 to be subtracted from the signals received by
the microphone 303 afier an appropriate delay 10 mateh the
delay in the acoustic path. The formuta for echo replication
of function box 1411 is:

s V5 .
yin) = o5 aln ~ i)

and the result of the subtraction of the echo cancellation
signal y(n) from the microphone signal y(n) is

eln)y=y(n}-¥ln).

The LMS coefficient function 1413 provides adsptive
echo cancellation coeflicients for the FIR filter of 1411, The
signal is adjusted based on the following formula:

it + 1) = b+ e B

K+ I 2n-))
I=

where

i=0, ... N~]

N=#ol TAPS

n=Time index

p=2~”

k=1000

The echo cancellation of functions 1415 and 1417 arc
identical 1o the functions of 1413 and 1411, respectively. The
functions 1407 and 3423 of FIG. 14 arc sample rate con-
versions as described above due to the different sampling
rates of the digital telephone CODEC circuit 305 and the
voice control CODEC of circuit 306.

Voice Over Data Packet Protocol

As described above, the present system can transmit voice
data and conventional data concurrently by using lime
multiplex technology. The digitized voice data, called V-data
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carries the speech information. The conventional data is
referred (o as C-data. The V-dma and C-data multiplex
transmission is achieved in 1wo modes al two levels: the
transmit and receive modes and data service level and
multiplex control level. This operation is shown diagram-
matically in FIG. 15.

In transmit mede, the main controller circuit 313 of FIG.
3 operates in the data service level 1505 to collect and buffer
data from both the personal compuer 10 (through the R$232
port interface 315) and the voice comtrol DSP 306. In
multiplex control Jevel 1515, the main controller circuit 313
multiplexes the data and transmits that data oul over the
phone line 1523, In the receive mode, the main controller
circit 313 operates in the multiplex control level 1515 to
de-multiplex the V-data packets and the C-data packels and
then operates in the data service level 1505 1o deliver the
appropriate data packets to the comect destination: the
personal computer 10 for the C-data packets or the voice
control DSP circuit 306 for V-data.

TFransmit Mode

In transmit maode, there are two data buffers, the V-data
buffer 151} and the C-daia buffer 1513, implemented in the
main coniroller RAM 316 and maintained by main control-
ler 313. When the voice conirol DSP circuit 306 engages
voice operation, it will send a block of V-daa every 20 ms
to the main controller circuit 313 through dual port RAM
circuit 308. Each V-data block has one sign byle as a header
and 23 bytes of V-data, as deseribed in Table 15 below.

TABLE 15

Compressed Voice Packet Structure

T 6 5 4 3 2 160 biyte

o e e [o s o o]
I v
" B |2

Py g |3

Py 8P| ¢

M B BBt |S

Gy Gg [

Gy Gy T

Vdp R

Vd, 9

| |
I |
!

Vs 23

Where

Py= pitch (7 Bits) where n = subframe numnber
3, = Beta (3 bits)

Gp=Gain (4 bits)

Vd = Voice data (4 x 8 bits)

Effective Bit Rate = 184 bits/20 msec = 9200 bps

The sign byte header is transferred every frame from the
voice control DSP to the controlier 313. The sign byte

0
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header contains the sign byte which identifies the contents of
the voice packel. The sign byte is defined as follows:

GO hex=the following V.data contains silent sound

01 hex=the following V-data contains speech information

H the main controller 313 is in transmit mode for V-data/
C-data muitiplexing, the main controller circuit 313 operates
al the data service fevel to perform the following tests. When
the voice control DSP cirenit 306 stans to send the 23-byte
V-data packet through the dual pert RAM to the main
controller circuit 313, the main controller will check the
V-data buffer to see if the buffer has room for 23 bytes. If
there is sufficient room in the V-data buffer, the main
controller will check the sign byte in the beader preceding
the V-data packet. If the sign byte is cqual 10 one (indicating
voice information in the packet), the main controller circuit
313 will put the following 23 byles of V-data into the V-data
buffer and clear the silence counter 1o zero. Then the main
controller 313 sets a flag Lo request that the V-data be sent
by the main coniroller at the mullipiex conirol level.

If the sign byte is equal 10 zero {indicating silence in the
V-data packet), the main controller circuit 313 will increase
the silence counter by 1 and check if the silence counter has
reached 5. When the silence counter reaches 5, the main
controller circuit 313 will not put the lollowing 23 bytes of
V-data im0 the V-data bulfer and will stop increasing the
silence counter, By this method, the main controller circuit
313 operating at the service level will only provide non-
silence V-data to the multiplex control level, while discard-

o ing silence V-data packets and preventing the V-data buffer
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{from being overwritten.

The operation of the main conotroller circuit 313 in the
multiplex control level is to multiplex the V-data and C-data
packets and transmit them through the same channel. At this
control level, both types of data packels are transmitted by
the HDLC protocol in which data is transmitied in synchro.
nous mode and checked by CRC efror checking. 1f a V-data
packet is received at the remote end with a bad CRC, it is
discarded since 100% accuracy of the voice channel is not
ensured. If the V-data packets were re-sent in the event of
cormuption, the real-time guality of the voice transmission
would be lost. In addition, the C-data is transmitted follow-
ing a modem data communication protocol such as CCETT
V.42,

In order to identify the V-data block 10 assist the main
controiler circuit 313 1o multiplex the packets for transmis-
sion at his level, and to assist the remote site in recognizing
and de-multiplexing the data packets, a V-dala biock is
defined which includes a maximum of five V-dma packets.
The V-data block size and the maximum number of blocks
are defined as follows:

The V-data block header=80h;
The V-data block size=23;

The maximum V-data biock size=3;

The V-data block has higher priority 10 be transmitied
than C-dala to ensure the integrity of the real-time voice
transmission. Therefore, the main controller circuit 313 will
check the V-data buffer first to determine whether it will
transmit V-data or C-data blocks. If V-data buffer has V-data
of more than 69 bytes, 2 transmit block counter is set to 5
and the main controller circuit 313 stars to transmit V-data
from the V-data buffer through the data pump circuit 311
onto the telephone line. Since the transmit block counter
indicates 5 blocks of V-daa will be transmitted in a con-
tinuous stream, the transmission will stop either at finish the
115 bytes of V-data or if the V-data buffer is empty. if V-data
buffer has V.dala with number morc than 23 bytes, the
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transmil block counter is se: 1 and starts transmit V-data.
This means ihat the main controller circuit will only transmit
one block of V-data. If the V-data buffer has V-data with kess
than 23 bytes, the main coniroller circuil services the Lrans-
mission of C-dala.

During the transmission of a C-data block, the V-data
buffer condition is checked before transmitting the first
C-data byte. If the V.data buffer contains more than one
V-data packct, the current transmission of the C-data block
will be terminated in order to handle the V-data.

Receive Mode

On the receiving end of the telephone line, the main
controller circuit 313 operates at the multiplex control level
to de-multiplex received data to V-data and C-data. The type
of block can be identified by checking the first byte of the
incoming data blocks. Before receiving a block of V-data,
the main controller circuit 313 will injtialize a receive V-data
byte counter, a backup pointer and a temporary V-data buffer
pointer. The value of the receiver V-data byle counter is 23,
the vajue of the receive block counter is 0 and the backup
pointer is sei to the same value as the V-dala receive buffer
pointer. If the received byle is not equal to 80 hex (8Ch
indicating a V-data packet), the receive operation will follow
the current modem protocol since the data block must
contain C-data. If the received byte is equal o 80h, the main
controller circuit 313 operating in receive mode will process
the V-data For a V-data biock received, when a bytle of
V-data is received, the byte of V-data is put into the V-data
receive buffer, the temporary buffer pointer is increased by
I and the receive V-dala counter is decreased by 1. If the
V-datz counter is down io zero, the value of the lemporary
V-datz buffer pointer is copied into the backup pointer
buffer. The value of the 1otal V-data counter is added with 23
and the receive V-data counter is reset to 23. The value of the
receive biock counter is increased by 1. A flag to request
service of V-data is then set, If the receive block counter has
reached 5, the main controller circuit 313 will not put the
incoming V-data into the V-data receive buffer but throw i1
away. If the lotal V-data counter bas reached its maximum
value, the receiver will not put the incoming V-data into the
V-data receive buffer but throw it away.

At the end of the block which is indicated by receipt of the
CRC check bytes, the main controller circuit 313 eperating
in the multiplex controf Ievel will not check the result of the
CRC but instead will check the value of the receive V-data
counter. If the value is zero, the check is finished, otherwise
the value of the backup pointer is copied back into the
current V-data buffer pointer. By this method, the receiver is
insured to demultiplex the V-data from the receiving channel
23 bytes at a time, The main controfler circnit 313 operating
at the service level in the receive mode will moniter the flag
of request service of V-data. If the fiag is sel, the main
controller circuit 313 will get the V-data from the V-data
buffer and transmit it {0 the voice control DSP circuit 306 at
a rate of 23 bytes al a time. Afier sending a block of V-data,
it decreases 23 from the value in the total V-data counter.

User Interface Description

The hardware components of the present sysiem are
designed to be conwrolled by an external computing device
such as a personal computer. As described above, the
pardware compenents of the present system may be con-
trofled through the use of special packets transferred over
the serial line interface between the hardware components
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and the personal computer. Those skilled in the ant will
readily recognize that the hardware componenss of the
present systems may be pracliced independent of the soft-
ware components of the present systems and thal the pre-
ferred software description described below is not o be
taken in a limiting sense.

The combination of the software components and hard-
ware components described in the present patent apphication
may conveniently be referred o as a Personal Communica-
tior System (PCS). The present system provides for the
fellowing Junctions:

. The control and hands-off operation of a telephone with
a built-in speaker and microphone.

2. Allowing the user 10 create outgoing voice mail mes-
sages wilh a voice editor, and logging incoming voice mail
messages with a lime and dale stamp.

3. Creating queues for outgoing faxes including providing
the ability for 4 user 1o send faxes from vnaware applications
through a print command; also allowing the nser the user to
receive faxes and logging incoming faxes with a time and
dale step.

4, Allowing a user to creale muiti-media messages with
the message composer. The message can contain text, graph-
ics, picture, and sound segments. A queue is crealed for the
oulgoing multi-media messages, and any incoming multi-
media messages are logged with a time and dale stamp.

5. Providing a way for-2 user to have a simuliancous data
and voice connection over a single communication line.

6. Providing terminal emulation by invoking an external
terminal emulation program.

7. Providing address book data bases for all outbound
calls and queues for the telephone, voice mail, fax manager,
multi-media mail and show-and-tel] functions. A user may
also search through the data base using a dynamic pruning
algorithm keyed on order insensitive matches.

F1G. 16 shows the components of & computer system thal
may be used with the PCS. The computer includes a
keyboard 161 by which a user reay input data into a sysiem,
a computer chassis 103 which holds electrical components
and peripherals, a screen dispiay 105 by which information
is displayed 1o the user, and a pointing device 107, typicaliy
a mouse, with the system components logicatly connected Lo
each other via internal sysiem bus within the computer. The
PCS software muns on a ceniral processing unit 109 withkin
the compuler.

FIG. 17 reveals the high-level structure of the PCS
sofiware. A main menu function 111 is used 10 select the
following subfunctions: setup 113, telephone 115, voice
mail 117, fax manager 119, multi-media mail 121, show &
tell 123, terminal 125, and address book 127,

The preferred embodiment of the present system currently
runs under Microseft Windows® software running on an
IBM® personat compater or compatible. However, it wiil be
recognized that other implementations of the present inven-
tions are possible on other computer systems and windowing
software without loss of scope or generality.

FIG. 18 describes the control structure ¢f the main menu
111 in greater detasil. A timner 131 sends a timing signal lo a
conirgl block 329 in order to make the control block 129
active substantially once every 10 seconds. It will be rec-
ognized that other liming intervals may be used as appro-
priate to the windowing system being used without loss of
generality. A siatus 133 is used to preclude other applications
or program blocks from taking control of a communications
port by indicating that the port is currently being used by the
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PCS. The contsoller 129 looks at all outhound queues in
voice maii 117, fax manager 119, and multi-media mail 121,
and if there is an oulgoing message in one of the outhound
queues, initiates a dispatch, A signal is then sent 1o the status
box in order to preclude other applications or program
blocks from using the serial communications port.

The control block 124 also monitors incoming cails and
invokes the appropriale program block, cither voice mail
117, fax manager 119, multi-media mail 221, or show & ell
123, in order to further process the incoming call. Addition-
ally, the control block 129 is used to invoke telephone
functions 115, terminal emulation: functions 125, and allow
users 1o edit the data base of addresses with the address book
function 127. The control block 129 further provides for the
initialization of PCS parameters via the setup function 313.
The matn meny, as it is displayed to the user, is shown in
FIG. 2.

FIG. 19 tlustrates the struciure of conirel block 129.
Upon selecting the setup function 113, the user has access 10
initiatization functions 135 which include serial port, answer
mode, hold call, voice mail, PBX, fax, multi-media mail,
and show & tell inilializations. Upon sclecting telephone
115, the user has access to telephone functions 137 which
include equipment select, volume control, and call functions
as shown in the screen display of FIG. 49. Upon selecting
voice mail 117, voice mail functions 139 are provided which
include a voice editor, voice messages 1o be sent, and voice
messages received as shown in the sereen display of FIG. 50.
Upon selecling fax manager 119, fax manager functions 141
arc provided which include setup functions, faxes to be sent,
and faxes lo be received as shown in the screen display of
FIG. 52. If multi-media mail 12} is selected, multi-media
mail functions 143 are provided which include the selup
function, multi-media messages to be sent, and multi-media
messages reccived function as illustraied by the screen
display shown in F1G. 53. If show & tcll 123 is selecied,
show & 1tell functions 145 are provided 1o the vser which
include open, setect new, and help as illustrated in the screen
display of FIG. 54. If the terminal function 125 is selected
by the user, the terminal cmuiation function 147 is provided
lo the user via & terminal emulation block. If address book
127 is selected, address hook functions 149 are provided to
the user which include file functions, edit funclions, and help
functions as shown in the screen display of FIG. 55.

The setup functions 135 are sccessed by an initialization
menu as shown in the screen display of FIG. 40. The PCS
software provides support for any communications port that
is contained within the personal computer. F1G. 41 shows
the screen display shown to a user 1o enable a user o select
& specific communications port to be used by the PCS
software. A user may aiso specify what action is to be taken
by the PCS software when an incoming call arrives. The
screen display of FIG. 42 is shown to the user while FIG. 2¢
describes the full control of the answer mode setup initial-
ization procedure. Upon selecting answer mode setup 151,
the user is presented with eight answer mode choices 153
and described as follows:

1. PCS docs not answer. The PCS software does not
answer an incoming call and the telephone equipment acts as
normal,

2. Voice mail. The PCS softwarc answers the incoming
call and acts as an answering machine 1o record messages.

3. Fax. The PCS software answers the incoming calls and
acts as a fax machine.

4. Multi-media mail. The PCS software answers the
incomung call and receives multi-media mail thal is being
sent by a remote caller.
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5. Show & el The PCS software enables simultaneous
data and voice communication using Lhe same communica-
tion jine.

6. Terminal. The PCS provides terminal emulation
through a terminal emulation block, or optionally transfers
control to a third party terminal emulation program.

7. Automatic. The incoming call is analyzed and the
appropriale mode {s automatically entered.

The user may additionally enter a numeric value which
represents the npumber of rings to wait before the PCS
software answers an incoming call,

If from the sewp functions 135 (he hold call function is
selected, the hold call display as illustrated in FIG. 43 is
shown to the user, who may then enler a numeric vahse to
specify the number of hours all outgoing calls are to be held.
If a setup functions 135 the voice mail setup option is
selected, the screen display as illusirated in FIG. 44 is
displayed to the user who may then enter a file name to be
used as a greeting file for all incoming calls. If &t setup
functions 135 the PBX scwp function is selected, the screen
display of FIG. 45 is shown to the user who may then enter
a dialing prefix lo be applied to any outgoing telephone
number. This provides for an easy way to use a lst of
telephone numbers with an in-house PBX system without
making modification to the telephone number list. If at setup
funcijons 135 the fax setup function is selected, the screen
display of FIG. 46 is displayed to the user who may then
enter a numeric value which represents the number of Hmes
lo attempl to send a fax before timing out. If at setup
[unctions 135 the muli-media mail setup funclion is
selecied, the display of FIG. 47 is shown to the user who
may then enter the name of 2 fle to be used for user
information. If' a1 setup functions 135 the show & el
function is selected, the screen display of FiG. 48 is shown
to the user who may then enter show & tell user information.

FIG. 4% shows the telephone control funcion display as
shown to the user. FIG. 21 further iljustrates the steps and
options 155 available when the telephone control function
115 is selected. The user may use the mouse to select
between a speaker phone, a handset, or a headset to be used
with the communications device, and may adjost the volume
of the speaker with a first logical slider switch, and the gain
of the microphone with a second logical slider swilch, both
slider switches being displayed on the screen, During a eall,
the user may select 10 save a icicphone number, redial a
lelephone number, record a call, flash beiween calls, mute a
call, or place a eall on hoid.

FIG. 22 shows the voice mail functions 157 that arc
available upon selecting voice mail 117, A user may set up
a voice mail greeting file or may edit a voice mail message
by selecting the voice mail editor as shown in FIG. 50. The
PCS soltware provides for two voice mail queues: the first
for voice mail massapes 1o be sent and the second for voice
mail messages received. In the send queue a user may add
messages [0 the queue, listen to messages in the gueue,
delete messapes from the queue, or refresh the send queue
display. With the reccive queue a user may listen o mes-
sages in the queue, store messages in the gqueve, delete
messages {rom the queue, forward messages from the queue
1o another voice mail user, or refresh the gueue. The voice
mail cditor as shown 1o the user in FIG. 51 allows the uset
10 select file funciions to open or save a Voice mail message,
edit functions for ediling a voice mail message, playing,
recording, and pausiag a voice mail message, and adjusting
the play volume and the record volume. The user may also
opuonally sclect between a speaker phone, headset, and
handsel.
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FIG. 52 illustrates the fax manager display as shown to
the user. FIG. 23 illusirates the fax manager functions 15%
that are available to a user after sclecting the fax manager
function 119 from the main meno 131, The fax manager
function provides for lwo queues: the first for faxes te be
sent and the second for faxcs that are received. When
reviewing the first guene of faxes 10 be sent, the user may
preview a fax, print a fax, delete a fax from the queue,
refresh the send fax queue, or forward a {ax to another user.
When reviewing the second gueue of received faxes, the
user may view a fax, print a fax, delete a fax, refresh the
received fax queue, forward a fax 1o another user, or storc a
fax.

FIG. 53 describes the muli-media mail display that is
shown to the user. FIG. 24 describes the multi-media rmail
functions 161 that are available to a user upon selecting the
multi-media mail function 121. Upon selecting multi-media
mail the PCS sofiware provides for sctup, composing a
message with the message composer, or allowing the user to
view and edil muili-media messages in iwe queues: the first
quewe having multi-media messages to be sem and the
sccond queue having multi-media messages that have been
received. When reviewing the first queve of send messages,
a user may add messages o the queue, preview messages in
the queue, delete messages from the queue, or change
astribuies of messages in the quene. When a user is accessing
the sccond gueue of multi-media messages that have been
received, the user may view messages, SLOIC MECssages,
delete messages, forward messages to another user, or
refresh the gueue.

FIG. 54 illustrates the display shown lo the user upon
selecting the show & iell function 123 from the main meno
1. FIG, 85 filustrates the display that is shown 1o the user
upon selecting the address book function 127 from the main
menu k11, A user may open a previcusly stored address book
file or may edit an existing address book file by adding,
deleting, or changing entries that are in the file. Additionally,
the PCS sofiware provides for a user to search through the
dala base by using a dypamic pruning algorithm keyed on
order insensitive malches. As the user cnters a search siring
at a dialogue box, the list of matches displayed is automati-
cally updated in real time to correspond 10 as much of the
search string that has already been entered. The list contin-
ves to be updated until the search string has been completely
entered.

Software Contrel Description

The preferred embodiment of the software control system
of the present invenlion runs under Microsoft Windows
saftware on an IBM PC or compatible. It will be recognized
that other sofiware implementations are available on other
types of compulers and windowing sysicms without loss of
generality.

FIG. 25 shows the timing loop 131 of F1G. 18 in greater
detail. In order to process pending actions, the timer 131
checks the fax out queve at 163, the moli-media out queue
al 165, the voice mail out goeoe at 167, and the communi-
cation port at 169. The three output quenes and the com-
munication port are checked substantially once every 10
seconds to determine if there are any pending actions 10 be
performed. If the timer does find a pending action in one of
the queues, or if there is information coming in {rom the
communication port, a secondary timer of duration 100
miliseconds is spawned in order to handle each pending
action. This polling of the output qucucs continues as long
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as the main PCS software is active and running. The polling
interval rate of substantially 10 seconds is short enough such
that there is no significam tme delay in handling any
pending action In any of the ontpul gqueves. B will be
recognized that short timing intervals other than substan-
tially 18 seconds may be used without loss of generality.

FIG. 38 illustrates the fiow control for the outgoing queue
umer. The incoming timer is stopped at 3701 and the
communication port is initizlized at 3703. A job record 3707
is used to determine the destination for this message and dial
the telephone at 3705, Afler a protocol handshake al 3709,
an output page is sent at 3711 which may include a fax code
file 3713. The remaining number of pages to be sent is
checked at 3715, and if there are more pages, control returns
to 3709 so that the additional page or pages can be sent to
the destination. Otherwise, if at 3715 there are no more
pages to be sent, the job record 3707 is updated at 3717 and
the incoming time is resiaried at 3719,

FIG. 39 illustrates the flow control for the incoming quene
limer. At 3801 the eommunication port is initialized, and the
software wails for a ring indicator from an incoming call at
3803, After receiving a ring, the software answers, cstab-
lishes a connection viz a protocol handshake at 3805, and
receives ioput data at 3807. If at 3869 there is more data 1o
be received, control passes back 1o 3805 so that the pending
data may be received. Otherwise, if at 380% there is no more
data to be received, the call is terminated at 3811.

FIG. 26 shows the contro! sofiware used for a hands-off
tctephone. The telephone control software is invoked upon
selection of the telephone option 115 shown in FIG. 2. Upon
selection of the telephone option at 2501, any timers that
have been spawncd or are curremly running are disabled,
and at 2503 the communication port for the personal com-
puler is initialized. At 2505 the telephone control software
handles any options that bave been selected by the user as
displayed to the user by FI1G. 49. A1 2507 the user may
logicaliy select between a headset, handset, or speaker
phone, at 2509 the user may adjust the volume level of the
speaker or Lhe gain of the microphone, and at 2511 the user
may select between mule, hold, record, and redial functions
for the hands-off lelephone. Afier the user selects oplions at
2513, a tclephone number is dialed and the call initiated,
Afier the call is complete, at 2515 the user hangs up, and at
2517 any timers that had been stopped at 2503 are restarted
and at 2519 the communication port is reslored to iig
previous state.

FIG. 27 shows the voice mail control sofiware that is
invoked by option 117 from FIG. 2. The user may select
cither a new file or record at 2601, open an existing file at
2613, or abon at 2625. Upon selecting a file or record at
2683, the file may be saved at 2611 or the vser may select
options al 2605, The selectable options include setting the
velume or record levels ot 2607, or selecting between a
handset, a headsel, or a speaker phone at 2609 as shown o
the user by the voice mail editor display given in FIG. 51.
1l an existing fle is opened at 2613, the file name is selected
at 2615 whereupon a user may then play the file a1 26317 or
sclect options at 2619. The selectable options from 2619
include setting the volume or record levels at 2621 or
selecting between a headset, handset, or speaker phone at
2623. Once a voice mail messape has been recorded or
opened from a previous session, a graphical representation
of the voice mail message is displayed in 2 window with x
and y dimensions, where the x dimension represents ime
and the y dimension represents the vojume of the voice mail
moessage at that point in time, The pointing device may be
used to modify the voice message by graphically changing
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the twoe dimensional voice message plot. The cursor is
placed within the two dimensional veice message plot in
order 1o indicale the portion of the voice message (o be
modified. A seroll button bepeath the two dimensional voice
message plot may be used to seject the time portion of the
message 1o be displayed within the two dimensional plot
window. Time is shown increasing from the lefi to the right,
comresponding 1o the x axis of the plot. As the scroll button
is moved to the right, later portions of the voice message are
displayed. As the scroi] button is moved 10 the lefi, easlier
portions of the voice mail message are displayed. A numeric
value is shown substantially on the lefl side of the two
dimensional plot window which is updated continuously and
corresponds to the time value of the cumrent location on the
x axis.

Upon the recording of & voice mail message, the voice
muzil may be added to the voice mail send queue as displayed
to the user in FIG. 50 and described at 159 in FIG. 23. Upon
adding a voice mai!l message to the voice mail queue, the
user is prompted as shown in FIG, 56 10 enier a name and
a Ieicphone number to whom the voice mail message must
be sent. The user may sclecl from a predetermined list of
voice mail recipients previously set up in the address book
as shown 1o the vser in FIG. 85

FIGS. 28 and 29 show how the fax code drivers of the
PCS software typically work. The fax capability is tied 1o the
windowing system print cormmand so thal facsimile trans-
missions may be sent by any software that can print through
the windowing environment. At 2701 in FIG. 28, a high
resolution fax driver examines a print file a1 2703 that has
been printed by a windowing system application. The print
file is then converted and imaged at 2705 into a PCX
bit-mapped format which of the comect horizontal and
vertical resolution in dots per inch (dpi) for high resolution
facsimile devices, FIG, 2% shows an equivalent process used
by a low resolution fax driver at 2801. A print file 2803 is
converted at 2805 to a low resolution PCX bit-mapped
format Tor use with low resolution facsimile devices. Upen
converting a print fle to a facsimile documend, the facsimite
document may be added to the fax out queue as displayed to
the wser in F1G. 52. The user may sclect the name and
telephone number of a person 1o send the fax to through the
address book function as shown to the user in FIG. 55.
Received faxes may be viewed or printed from the fax in
gueue.

FIG. 30 shows the muli-media control software that is
invoked by a user selecting mulii-media option 121 shown
to a user in FIG. 2. The user may initialize multi-media mail
settings at 2901, sclect various multi-media mail options at
2905, or invoke a message composer at 2903 as shown to the
user by the screen display of FIG. 57. In the message
composer 2903, the user may open a new file at 2997 or
cancel the message composer at 2911 or open an existing file
al 2545, Upon opening an existing file, the file name is
selected is 2913 and the multi-media mai] editor 2917 is
invoked at 2915. While ediling a file at 2919 a sser may
select lo aliernately play a message at 2921 or record a
message at 2923, The wser may edit in line mode either
inserling, deleting, joining, or spliting lines, edit in block
mode by moving, copying, deleting, or highlighting blocks
of text, changing the font used to display the text, or
changing the indent and justification atiributes of paragraphs
of text. Standard search features such as forward and back-
ward search and global search and replace are also available
through an “other” menu. FIG. 31 further describes the
options available that are shown 1o the user by the multi-
media cdil display of FIG. 57 at 3001 the file line edit, block
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edit, fonts, paragraph, voice, “other”, and help options are
availabie. If at 3001 the user selects “file”, the options shown
in 3003, save, savc a3, page layout, printer setup, and print,
are available to the user. If a1 3001 the vser selects “voice”,
the options available at 3005, record voice, stop recording,
play voice, stop play, store voice to disk, and gel voice from
disk, are availabie to the vser. After selecting from edit
controls 3001, at 3007 the appropriate action is taken by the
PCS software, 1he voice icon is displayed, and any addi-
tional graphics are also displayed,

Alfter 2 multi-media message has been created, at 3161 the
user may add a message to the send queve. Upon adding the
message, a1 3103 the user selects the name and telephone
numher of & person 1o send a message o, or al 3105 selects
2 name from the address book and at 3107 sclects a
destination from the address book to send the message to.
The message is then added to the job list at 3199 at 3111 the
Job scroll list is updated.

FIG. 33 shows the options available when a multi-media
message has been received. At 3201 the user may select and
view the message. Al 3203 the sofiware selects the appro-
priate message, opens the job list a1 3205, Joads the received
message at 3207 and invokes the message composer at 3209
in order to display the received mulii-media message.

FIG. 34 shows the software control procedure nsed with
the show and tell feature to provide data over voice capa-
bility when selected at 123 from FIG. 2. At 3301 any
existing timers are disabled and the communications port is
initialized a1 3303, The destination for any messages is
accessed from the address book at 3305, whereupon the
telephone number is dialed and the connection is set up at
3307. Upon detecting a successful connection, the data over
voice mode is initialized at 3309 while a2 message is being
transmitted at 33%% the user may select options of either
quitting PCS at 3315, or inveking a terminal emulation at
3313. The data over voice connection is accomplished by
multiplexing the bandwidih of the connection as described
clsewhere in this specification.

FIG. 35 shows the control procedure used when recejving
data over voice messages. Al 3401 any existing timers are
disabled and the communications port is initialized at 3403.
At 3405 the software waits for a ring indicator. I, after a
predelermined amount of time, no ringing indicator is
detected, a timeout occwrs at 3407 whereupon the PCS
software aborts are returns at 3409, Otherwise, at 3411 a
rang indicator is received, the data over voice connection is
established at 3413, and the user may select options at 3415
gither 1o quit the PCS software at 3419 and close the
communication pori at 3421, or invoke lerminal emulation
at 3417

FIG. 36 shows the control procedure used when trans-
milting voice mail messages. At 3501 a voice mail message
15 added (o ihe send gueue, whereupon at 3803 the vser
specifies the message file name, and at 3503 indicates a nee
from a previously entered address book entry 3505 and
destination telephone number 3507 to send the message to.
The message is then added to the job list at 3509, and the
quene display is vpdated at 3511.

FIG. 37 shows the control procedure used when receiving
voice mail messages. A1 3601 a voice mail message is
received and recorded by the PCS software. A1 3603 (he user
selects a message 1o be reviewed or edited, after which the
software opens the job list at 3605, losds the selected
recorded message into memory at at 3607, and invokes the
voice editor at 3609 with the selecied recorded message. The
uscr may then select various functions from within the voice
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editor to review or edit the message as previous described
above.

Daita Siructures Description

Descriptions of the data structures and variable names and
types are givens below for the preferred embodimen: of the
present invention. The preferred embodiment is written the
in C programming language runs under Microsoft Windows
sofiware on an IBM PC or compatible sysiem, however, it
will be recognized that these data structures and methods are
generic and potentially useful for a wide variety of other
windowing sofiware, systems, and programming languages,

Address Book

Address key types are used to indicate how information
within the address book shonld be displayed te the user;

44

Fax Send and Receive Queucs

A structure definition is used to indicale how information
within the fax send and receive queues is stored:

5
struet s__jebDesc {
union {
unsigned char phoneNum{32];
short nbrTobs;
Yul;
10 anion {

shart nexJobNar;
unsigned char date]16];
}uz;
unsigred char title{64];
unsigned char receiver{32},
5 unsigned char coverFile]32};
unsigned char elNum{32];
unsigtied char faxCdFile(8Y;
unsigned char time|f;
WORD zS1aic;
dme_1 2Time:
shorl zPages;
short zResult,
int 2Tries;
chiar 2Type;
char zDummy} 19
14 jobDese, *1tp_jobDese, far *1pl__johDasc;
staric |__jobDesc g__curlob, p_buflob;

20

25

KEY_NAME { sy addresses by name
KEY_AFFILIATION 1 by affiliation
KEY__STREETADRS 2 by streetadss code
KEY__CITYSTATE 3 Dby titystale code
KEY__Z2IP 4 by zip code
KEY_PHONE 5 by phone code
KEY_FAX 6 by fax code
KEY_MISC 7 by misc code

8

KEY_TYPE_CCOAUNT rumber of key types

The address entry structure defines what fields are asso-
ciated with each address book entry:

s__oddress__entry_ struct
unsigned int delFlag |
unsipgned im caName |
unsigned im caAMliation ;
unsigned it caStreetAdes |
unsigned im caCityState ;
unsigned int caZip ;
unsigned int caPhaone |
unsigned int caFax ;
unsigned ot caMisc ;

Key Names [KEY TYPE COUNT) =
“Name”,
“Aflikation”,
“StrectAdrs”,
“CitySae”,

delere flng

Name ficld
Affilistion field
Strect Address field
City Sue fickd

Zip ficid

Phone Nember field
Fax Number field
Miscelianeous field

The following character strings are used to hold address
book information:

char g adrsboolaemp|MAX_FILE_NAME_LEN} =
“lempgade”™ ;

char g CliphboardFormat}] = "CF_FLOCOM™ ;

clar g _adrsbookDlghName| | = "AdsBEDIg" ;

char g, adrsbookFileName/MAX_FILE NAME_LEN];
char g_ FaxSu[ADDRESS__ENTRY__FIELD _SI1ZE] ;
char . PhopeSu| ADDRESS _ENTRY__FIELD__SI7E] ;
char g_ NameSt{ ADDRESS_ENTRY__FIELD_SIZE] ;

static
stalic
slatic
slatic
static
stalic

Multi Media Send and Receive Quecues

The following siructure definition is used to indicaie how
3 information within the multi media send and receive queues
is stored:

struel 6 johDese {
oo {

unsigned char phoneNuem{32];
nbrOfIobs;

35

short
bal;
urion {
shon sexdobNum;
unsigned char date[16];
40 ju2;
unsigned char diefg4];
unsigned char receiver] 321,
unsigned char coverFile[32};
unsigned char 1eiNum| 32},
unsigned char MMCdFile|8};
unsigned char §me|8};
WORD zSute;
gme_1 2Time;
shorl zPages;
shomn zResult;
int zTries;
char zType;
char 2Dumeny| 19},
} 1_jobDesc, *ip_jobDest, far *ipl__jobDesc;

45

50

s Show and Tell

The show and 1eli structure definition is the same as that
used in the address book. The static variables 1o define field
sizes are given below:

IV

Static Varinbles Used For Address Book Proc. The Variable
Names Arc Same As The ones 1n “Adrsbook™, So That Same
Modules Couid Be Used

*!

#define ADDRESS_ENTRY__FIELD_SIZE

#define NUM__MEMBERS _ADRS._STRUCT

#define NUM_ ADRS__FIELDS 8

]
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-conlinued -continued
#define VAL __PAUSE 2000 stalic OFSTRULCT  jOfSuuct
#define PCKT_COM_ TIME 20 stalic FILE *vdaa;
#define WAIT _RING, TIME 120 static OFSTRUCT  O[Siun
#define DIAL_TIME 60 5 sutie int hFile ;
#1029 vasanib for delay before %pl command siatic OFSTRUCT  oOfSouct
#define DELAYTIME 10 siptic int hoFile ;

/* Address Key Types */

sintic char g inFileName[MAX_FILE_NAME_LEN] ;

#idefine KEY__NAME 0 P lim addresses by name static int  hjFilk ;
= static char g jFileName{MAX_FiLE NAME_LEN]|;
fidefine XEY _AFFILIATION I ™ by affiliation */ 10 S4ALC char g uFilcNameiMAX__FILE_NAME_LEN] ;
#define XEY STREETADRS 2 f* by streetadrs code */ siatic char g oFileNamefMAX FILE NAME_LEN];
ddefive XEY__CITYSTATE 3/ by clitystale code */ ssatic  char g sendListenFilcfMAX_FILE_ NAME_LEN) ;
#defing KEY _ZIP 4 /* by zip code */ siatic  char  g_reclistenFile{]MAX_ FILE_NAME_LEN] ;
#define KEY  PHONE 5 /* by phone code *f
#define KEY__FAX & /* by fax code */
#define KEY__MISC 7 J* by wisc code */ 5 The following are variables 1o be used to wrile the
#define KEY_TYPE_COUNT 8 7* namber of key types */ ! playback or record level into the pes.ini volume Beld names:
. . i char *g_ PlayVolume = "Play Volume™;
Voice Mail Send and RCCCIVC QUCUCS char *g_ RecYolume = "Record Volume”;

Defauit volume levels for record and play:

The voice mail strucwre definition and static variables 0 20 iy recpoe = 5:

define field sizes are given below:

int g_playPos = 5;

char g MicreVel| 10} = “>MVO™; Microphone level to be

used for recording.
#define READCOUNT 24000 cher g_ FlayVol[10] = “>8V0™, Spezker jevel to be used
#define FRAME __S1Z2E 2000 for piay.
#define SCROLL_STEP 4 4 intg_ofihk = FALSE; Off hook flag indicating that
#define POS__IN_PAGE 100 either record or play is in
#define T_POSITION 0.02 progress, If Rap is set only
#define COMP_FRAME_8Z 24 then send packe! commands
#define BYTES _IN_FRAME 12000 1o increase/dectense
#define BYTE_NUMBER 6 volumae level,
#define WAVE,_COFF 1 30
#define FORMAT _STR1 “Fos o> Fos # %o Schedule: %s: %s”
#dcgnc r-ggmﬁr:s'mz ~%: > Gos § s §em: o e Below are given Static Variables Used For Address Book

#define OUT_JOBS_FILE_NAME  “jobs™
#define IN_JOBS_FILE_NAME  “jobs™

Proc. The Variable Names Arc Same As The Ones In
“Adrsbook.c”, So That Same Modules Could Be Used.

fidefine MAX__JOHBS 10
struct 5__jobDesc { a5
union { fdefine MAX_REC_VOL 13
unsigned char phoneNum|32}; #deSine i\rﬂN,jVOL:LEVEL o
short - abrGffobs; #defiie MAX_PLAY _VOL 9
Pl #define MAX_ADRS_ENTRIGS 512
vrien | ) #define ADDRESS _ENTRY__FIELD_ SIZE 64
shert nextlabNom: 40 #define NUM__MEMBERS_ ADRS__STRUCT 8
unsigned char date( 16]; #dfine NUM_ADRS_FIELDS 8
tuo; — _
unsigned char title{64];
unsigned chas receiver| 32J; The present inventions are 1o be limited only in accor-
unsigned char coverFile[32]; d ith th f the : ded clai " h
unsigned char telNum{32]; i ance with the scope of the appended claims, since others
vnsigned char faxCdFile|8); skilled in the art may devise other embodiments still within
unsigned char time{8}; the limiis of the claims.
WORD zState;
ome__t zTime;
Shon zPages;
short zResalt; Microfiche Appendix
int zTries; 50 B A
char 2Type; The microfiche appendix to the present patent application
} _Chbﬂlgjbmfmﬂ}ggt o obDe contains the source code for the seftware running on the
1ol s, *p__jol sc, far *ipl_jobDesc;
s HWND hwndVMDig: persc.mal computer and lhc_sgllr_ccﬁciomdg l’or the software
stabe  inl g_cxWave ; * width of waveform window *f THIELEE O LN VOICE Control DSPACOLEC.
s int g _cyWave | * height of waveform window */ 55 We claim:
statie o g*“‘s,‘:m’;sﬂM Ax ;;i;ml’rsm;"‘” o ' 1. A method for communication of veice and data infor-
sutic char g._oul LFILE _LENY : S el .
sttic cher g inVMDIr[MAX_ FILE_ NAME_ LEN]; matian, compnsing the steps of:
static  HANDLE g outlobsHndl = 0, receiving Jocal voice signals from a local user;
static  HIANDLE g inJobsHad! = 0; . o ok .
satic HANDLE p_jobFileHnd! = 0, " cofnveying rrfrnme voice signals from a remoie user to the
statie 1. jebDesc g._oullobsd; local user;
slaric t_jobDesc p_outlobsn; converting the local voice signals into oulgoing digital
static t_jobDesc g inlobsly, voice data
static  1_jobDesc g_inJobsn; R a‘ ) . .
siic shot g numO[Outiobs =0; converting incoming digilal voice data into the remote
static  short £numOInJobs =0, 65 yoice signals;

static inl g VMOutx = -1,
static int g _VMInlx = -1;

compressing the oulgoing digital voice data into com-
pressed outgoing digital voice data;
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decompressing compressed incoming digital voice data
into the incoming digital voice data;

packetizing the compressed outgoing digital voice data
inlo compressed outgoing digital voice data packets;

placing headers on each of the compressed cutgoing
digital voice packets;

depackelizing the compressed incoming digital voice data
packets imo the compressed incoming digital voice
data;

packetizing computer dipital data inte computer digital
dats packets;

placing headers on each of the computer digital data
packets;

mulliplexing the compressed outgoing digital voice data
packels with oulgoing computer digital data packets to
produce an ouigoing packet stream;

transmitting the outpoing packet stream;

receiving muliplexed incoming data which contains
incoming computer digital data packets multiplexed
with the compressed incoming digital veice dala pack-
ets; and

demultiplexing the incoming computer digital data pack-

ets and the compressed incoming digital voice data
packets,

2. The method according to claim 1 further including the
steps of:

detecling quiet periods in which below threshold local

voice signals are received and producing therefrom a
quiel signal;

transmitting digital voice data packets and outgoing com-

puter digital data packets when the quiet signal indi-

cates a presence of Jocal voice signals; and
transmilling only compulter digital data packets when the

quiet signal indicates an absence of local voice signals.

3. A method according to claim 2 wherein said detecting
guiet periods step includes the steps of:

delermining & power of a & lcast a portion of the com-

pressed outgoing digitai voice data packes including a
plurality of samples of the local voice signals as a
function of the summation of the square of each sample
over the portion of the compressed outgoing digital
voice dala packet; and

comparing the power of the porlion of the compressed

outgoing digital voice data packets 10 a presclected
threshald to indicate whether the compressed cutgoing
digital voice data packet is a silent compressed ouigo-
ing digital veice data packet.

4. The meihod according to claim 3 wherein the multi-
picxing and transmilting of the compressed outgoing digital
voice data packets and outgoing computer digital data
packets when the quiet signal indicales the presence of local
voice signals, includes the sieps of:

collecting and buffering outgoing computer digitaj data

packets;

cellecting compressed outgoing digital voice data includ-

ing mon-silent compressed outgoing digital voice data
packets and silent compressed outgoing digital voice
data packets;

buffering non-silent compressed outgoing digital voice

dala packets;

discarding silent compressed ouigoing digital voice data

packets; and

iransmitting non-silent compressed outgoing digital voice

dala packeis on a priority basis with respect to outgoing
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computer digital data packets to enswre inlegrity of real
time voice transmission by monitoring the bufering of
the non-siient ouigoing compressed digital voice data
packets.
5. The method according 1o claim 1 wherein the method
further includes the steps of:
detecting corrupied incoming computer digital data pack-
ets and requesling retransmission in response therelo,
and
detecting cormupted compressed tncoming digital voice
data packets and ignoring such corruplion 0 preserve
real time operation of voice transmission.
6. A communication module for use with a personal
computer, comprising:
a communications inlerface connecied 1o the personal
computer and operable for recciving computer data
from the personal computer;

communication line inlerface connected 10 a communi-
cations fine;

voice interface means for receiving local voice signals
from a local user and for conveying remote voice
signals from @ remote user to the Jocal uvser;

conversicn means connected to the voice interface means
for converting the Jocal voice sigrals into outgoing
digital voice data and for converting incominp digital
voice data into the remote voice signals;

means connccted to the conversion memos for compress-
ing the outgoing digital voice data into compressed
outgoing digital voice daia packets and for decompress-
ing compressed incoming digital voice data packets
into the incoming digital voice data, each of the com-
pressed oulgoing digilal voice daiz packets having
headers and each of the compressed incoming digiial
voice data packets having headers;

means connecled 1o the communication line inlerface,

connected for receiving the compressed outgoing digi-
tal voice data packets from the means for compressing,
connected for receiving computer data from the pes-
sonal computer through the communicalions interface,
operable for

1.) placing the computer data into compuler data pack-
ets having headers;

2.) multiplexing the compressed outgoing digital veice
data packets and the computer data packels to pro-
duce muliiplexed oulgeing data;

3.) sending the multiplexed outgoing data to the com-
munication line interface for transmission over the
communication line;

4.) receiving multiplexed incoming data from the com-
mumications Kine interface, the muliptexed incoming
data containing incoming computer data packets
multiplexed with the compressed incoming digital
voice daia packets,

5.) demultiplexing the incoming computer data packets
and the compressed incoming digital voice daa
packets,

6. ) removing the incoming computer data from the
incoming compuler data packets;

7.) sending the compuier data to the personal computer
through the communications interface; and

8.) sending the compressed incoming digital voice data
packets 1o the means for compressing.

7. The communication module of ¢laim 6 wherein the
compressed oulgeing digital voice data packets and the
compuer data packets conform o the CCITT V.42 packet
protocol.
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8. The commenication module of claim 6 wherein the
means connected for receiving compuicr data from the
personal computer through the communications interface is
further operable for entering a packet mode of communica-
tion on the communication interface between the commu-
nication module and the personal compuler by receiving a
break command on the communications interface from the
personal compuler to imitiate the packet mode of communi-
cating both coniro} information and data.

9. The communication module of claim 8 wherein the
means connected for receiving computer data from the
personal computer through the communieations interface is
further operable for receiving a qualifed packet having a

5

50

stream maode identifier; and switching the communications
module from the packet mode of communiesiing both
contro! information and data into stream mode of commu-
nicaling data to allow the communication module to receive
large amoumts of asynchronous information.

10. The communication module of claim 9 wherein the
means connecied for receiving computer data from the
personal computer through the communications interface is
further operable for receiving an escape command in stream
mode 10 cavse the communications module 10 enter com-
mand state.
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