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[57] ABSTRACT

This invention is an interface arrangement which intercon-
nects a business communication system with a telephone
station set. This interface is implemented in a personal
computer which serves to control the operation of the
associated telephone station set and also provide business
communication services. All signaling from the business
communication system is received by the personal com-
puter, interpreted, and appropriate control signals are then
forwarded under control of the software resident on the
personal computer to activate the digital telephone station
set. The signals from the digital telephone station set are
intercepted by the personal computer, interpreted, modified
and appropriate control messages and signaling are then
forwarded by the personal computer to the business com-
mumnication system.

This arrangement enables a user to create software the
personal computer to control the operation of the telephone

jgg‘é{l}gg g }ggg ge"'}f e? a] ittt S 370/58 station set associated with the personal computer. The user
335, guicciarini . - - - -
4.640.980 2/1987 Riner €t al. wooomooooosecosoossmereonenn, 379/94 <4 ‘Tiplemlf’:;l“iw features and Smf“‘i?s mde?e“dem of the
4.653.085 3/1987 Chan et al. .oovereoeeereerrersreeene. 379/94 ~ ©OPpecration oi ine DUSINEss COMMuUNICAUON Sysienl.
4,734,931 3/1988 Bourgetal. ....ccoienicmrninnniennn. 379/93
4,739,509  4/1988 BOULE .ccvceerriimrrreeersermrenrivansssnnes 379/93 72 Claims, 8 Drawing Sheets
oTi.  TRIT MHEy | . LARY . o
T1 I J_L_ PORT me—
% CIRCUIT ' U-ﬂh DPETEJ;
. . CONTROL
: ke
e ——4—] C{;ﬁ}”
A / .
P18 SWITCHING
* | NETHOREK
- PCS |
WITH DCP - 75
INTERF ACE . PS | :
. L S G
- \ Dnin
V £ oichia | CTREUH . Dk T
' TELEPHONE . : : Al
RSB 158 ' INTERF ACE
poeann Wit CIRCUTT 100y
DTIM CIRCUIT v
| P98 ROCE SSOR

N DiGH




Re. 35,050

Sheet 1 of 8

Oct. 3, 1995

U.S. Patent

—_— e, — ———r— -

34055 1704d

WILGAS
001

AJOML AN
JNIHJLIMS

| O

| Vd

vSd

LINDAL)
L\ . viva AW
Wd

. 95l

1NJdI7]
1d0d

/_m_

N
T 9l

1d0d

1INJd13 ., °®
JIVAIIINI ¢ 7
JOJLINOD . °
/V1V(Q ¢
1d0d W
viva ¢ /| &
- Wd
G/ | ' 5d
. 3l d
N viva |l 1INJAID
LTN3dTD .—.Izuﬁ_ hw_oa
JOVIIIINI ¢ .
10J1INOD . °
\hqmb%n_o : :
vivag ¢ .. 1INJYID
WJd
{21

L1d

1L

vSdl

Bl dl

L1 dl

B4 (]

WILQ

INOHd 3 131
WII0Id

Wl1d
~111d

_




| GOd d3LNdNOD TYNOSH3Id

11¢ ddA1d0
Gl e JOIAA0

NOLLVII lddV

LN W JJVNVK
NOIL1VIINOWWOI

Re. 35,050

o INILNOY
o 0V 43IUNI
he Ut¢ NOI1¥JI\ddv \. g
3 e ol 2
i -
7 712
_

-, 607 |
o /_ 40553003 . _ {074 ASOWINW
o _ o
o cNg Jd
S

o )02 — o o
o &l | AVAda N 43 1104LNOD 3OV 44IINT
= 1INJAID 1 IVATHRNG) NOT LVJINNWKWOD 135 NOT1V1S
o 130d N mmq”.__.zzm%% SN4 INOH4I 3L
= 01 = GO2 ¢0Z
- el 002 7~ %02 202
> S .. 102 (avd JOVHd3INI dod
-

1Sl 145
NOI1V1S

ANOHd 4131
4<¢$WHD

¢ Il



SNd Od Ol

Re. 35,050

qmm/ SNG V1iva ONV
04LNOD SSIHAAY Nd)
' 3IUNI

Sng Jd 90S

SNLVIS QNV
1041N0D dSa T

. 1'd
JINOHd

135 NOILVIS
ANOHd4 131

WII9IA 04

INOHd

. G0%

i m@mwmmmwa
WV W1I910

¢0%

o 30V 443UNI
WNEILXT

c0%

Sheet 3 of 8

SIHILIMS
GGVdAd

1 _
HJ1IMS HOLIMC

Oct. 3, 1995

/
N\
N
NT)

1 QS | Sdl

0%¢ 1874

@.ow.U ¢ "OId

U.S. Patent



U.S. Patent Oct. 3, 1995 Sheet 4 of 8 Re. 35,050

' | LINE FRAME
RECEWER DMUX

- -- —_—— e =

RECEIVE
FORMATTER

m[

] 448
449 TI‘
= PCK
LINE T,
TRANSMITTER 54 445
TS IDLE 437
FLOEN 439
' . TCLK TRANSMITTER ‘:cg-:ﬁ-—::-%ﬂ-
FORMATTER il
FIFO EMPTY
CLOCK 444
GENERATOR [~ 99




U.S. Patent Oct. 3, 1995 Sheet S of 8 Re. 35,050

RECEIVER FIFD
D INO-7 D OUT O-7

419

406

409

DOUT 8
OUTSTB
XMIT FIFO

440




U.S. Patent Oct. 3, 1995 Sheet 6 of 8 Re. 35,050

PN
E
. lli:"?
2 {Rees
413
423 .
SANREGGTE W1y

29 STATUS

4
o lh—li GhTES |
-IH
I—III-

“ II-I. .
l ~an .| ADDRESS

DECODER - ——
FIFO 433 107

430 07
p—— ey
|
434
457 107
l.__-__.L- 4 ——-

T0 OTHER PORTS
ON SAME BOARD



Re. 35,050

1M | 51149 ¢ 531A8 91-0 3148 | 3148 |

L JONINDIS NOILLYNHOJN|
N1 WIHD I 1081803 MUY

J1A8 |

01111110
Wi

LVRY0d 3WVHd J0H
6 9/

Sheet 7 of 8

S8 8 5119 @ TIREETE
‘1 Ji S ]

Oct. 3, 1995

LVWY04 3MVYd 400
& 9/

U.S. Patent



U.S. Patent Oct. 3, 1995 Sheet 8 of 8 Re. 35,050

EETT SRR CTRR SRR VTR F T TR TR TN

PERSONAL COMPUTER PC51
210

COMMUNICATION
MANAGEMENT .
APPLICATION ‘

20
l DCP INTERFACE CARD ¢ | | |

l 310\

BYPASS !

SWITCHES

COMMUNICATION TO DIGITAL TELEPHONE
LEADS TR51T |



Re. 35,050

1

PERSONAL COMPUTER-AS AN INTERFACE
BETWEEN A TELEPHONE STATION SET
AND A BUSINESS COMMUNICATION
SYSTEM

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

CROSS-REFERENCE TO RELATED
APPLICATIONS

The following U.S. applications, which are assigned to
the same assignee as the instant application and concurrently
therewith, have related subject matter:

(1) “Automated Message Chronicling System”, Ser. No.
842,601, filed Mar. 21, 1986 by J. W. Bourg, which issued
on Apr. 19, 1988, as U.S. Pat. No. 4,739,509.

(2) “Integrated Calling Directory”, Ser. No. 842,682, filed
Mar. 21, 1986 by J. W. Bourg and T. Tierney, Jr., which
issued on Mar. 29, 1988, as U.S. Pat. No. 4,734,931.

FIELD OF THE INVENTION

This invention is an interface arrangement which inter-
connects a business communication system with a telephone
station set. This interface circuit is implemented by a per-
sonal computer which serves to control the operation of the
associated telephone station set and provide business com-

munication services.

BACKGROUND OF THE INVENTION

Stored program controlled telephone switching systems
are used o interconnect telephone station sets as well as
digital terminals, personal computers and large mainframe
computers. The telephone switching system establishes data
communication connections between computer facilities in a
manner analogous to voice communication connections
between subscribers using analog telephone station sets.
Each of the computer facilities are connected to an associ-
ated communication pair of the telephone switching system
by a modem. A standard telephone station set is also
connected to the communication pair and is used to originate
a call to a destination computer facility. As a result of the call
origination, a communication connection is established
through the telephone switching network from the originat-
ing telephone station set to the destination computer facility.
The user then switches the modem on line and the modem
converts the digital signals output by the computer facility to
analog signals which are transmitted by the switching net-
work to a modem associated with the destination computer
facility. The destination modem converts the received analog
signals to digital signals for use by the destination computer
facility.

Thus, the telephone station set is used for call origination
purposes so that the computer at the originating location can
be connected to the telephone lines.

An alternative arrangement is where the computer facility
is directly connected to the communication pair through an
interface circuit and the computer facility emulates the
functions of the telephone station set. In this case, the
originating computer usually displays the telephone station
set buttons and key pad on the screen of the video display
terminal (VDT) associated with the computer facility. The
user can use the cursor on the VDT to select various
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telephone station set buttons displayed on the VDT so that
the associated telephone function can be activated. The
computer responds to the cursor movement by emulating the
telephone station set function identified by the user. In this
fashion, the digital telephone station set is no longer needed
for call origination purposes. The computer facility can
perform all the functions previously associated with the
adjunct telephone station set.

Neither of these prior art arrangements provide commu-
nication services on the computer system for the associated
telephone station set. The telephone and computer functions
are independent and mutually exclusive.

SUMMARY OF THE INVENTION

The interface arrangement of the subject invention 1nter-
connects a business communication system with a telephone
station set and provides communication services for the
telephone station set on an associated personal computer. An
interface board is plugged into an expansion sloi on a
personal computer and is also connected to any digital
telephone station set as well as the communication leads
from the business communication system. This interface
board interposes the personal computer between the busi-
ness communication system and the digital telephone station
set. All signaling from the business communication system
is received by the personal computer, interpreted, and appro-
priate control signals are then forwarded under control of the
software resident on the personal computer to activate the
digital telephone station set. The signals from the digital
telephone station set are intercepted by the personal com-
puter, interpreted, modified and appropriate control mes-
sages and signaling are then forwarded by the personal
computer to the business communication system.

This arrangement enables a user to create software on the
personal compute to control the operation of the telephone
station set associated with the personal computer. The user
can implement new fcatures and services independent of the
operation of the business communication system.

In addition, the interface board can be used in a stand-
alone mode to function as a data module or a repeater in the
case where the telephone station set is located a significant
distance from the business communication system. The
interface board replicates the received voice signals and
transmits the new signals to the telephone station set.

BRIEF DESCRIPTION OF THE DRAWING

FIG. 1 illustrates the subject business communication
system and the various devices connected thereto in block

diagram form;
FIG. 2 illustrates the interface apparatus of the subject
invention in block diagram form;

FIG. 3 illustrates a detailed schematic diagram of the
subject interface apparatus;

FIGS. 4 through 6 depict the details of the business
communication system port circuit;

FIG. 7 illustrates the method of arranging FIGS. 4 through
6,
FIG. 8 depicts the details of the DCP signaling protocol;
FIG. 9 depicts the details of the HDLC message frame;
and

FIG. 10 depicts the three different modes of connectivity
between the device driver, communication management
application and the DCP interface card.
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DETAILED DESCRIPTION

The business communication system of this invention is
tllustrated in FIG. 1. This system includes a plurality of
terminal equipment T11-T58 each of which is associated
with a respective one of port circuits 111-158. This terminal
equipment includes telephone station sets as well as digital
terminal devices and computer facilities. A switching net-
work 101, which comprises a time slot interchange circuit or
the type illustrated in U.S. Pat. No. 4,112,258, i1ssued to H.
G. Alles, Sep. 5§, 1978, is connected to a number of port
data/control interface circuits 171-175. Each port data/
control interface circuit ([e.g] e.g., 171) shown in FIG. 1
serves eight port circuits (111-118) and functions to inter-
face these port circuits with switching network 101 as well
as system processor 100. Switching network 101 operates
under control of system processor 100 and establishes
communication connections among the terminal equipment
by interconnecting the associated port circuits 111-158.

The terminal equipment connected to port circuit 151
consists of the subject interface arrangement embodied 1n
personal computer PCS51 which is equipped with a DCP
interface card and a digital telephone station set TS1. Per-
sonal computer PC51 is interposed between port circuit 151
and digital telephone station set T51 and serves to provide
communication services to digital telephone station set T51.
This is accomplished by the use of DCP interface card 201
shown in block diagram form in FI1G. 2.

DCP Interface Card

DCP interface card 201 is plugged into one of the expan-
sion slots of personal computer PC51, where personal com-
puter PCS1 can be, for example, an AT&T PC6300 com-
puter. DCP interface card 201 consists of two interface
devices, telephone station set interface 202 and business
communication system interface 206, which interconnect
nersonal computer PCS51 to digital telephone station set TS1
and port circuit 151 respectively. Leads 203 and 205 connect
telephone station set interface 202 and business communi-
cation system interface 206 respectively to bus communmni-
cation controller 204,

DCP interface card 201 receives all transmissions from
port circuit 151 in business communication system interface
206 via communication leads TRS1. Bus communication
controller 204 receives an interrupt signal from business
communication system interface 206 via leads 205 and reads
the transmissions from port circuit 151 stored in business
communication system interface 206. Bus commumcation
controller 204 responds to these transmissions by generating
an interrupt signal on PC BUS 207 to pcrsonal computer
PC51. Personal computer PCS51 serves the interrupt by
reading the transmission stored in bus communication con-
troller 204 via PC BUS 207, and storing the transmssion in
memory 208. Personal computer PCS51 contains communi-
cation management application 210 to process the received
transmission from port circuit 151. Device driver 211 inter-
faces communication management application 210 with
DCP interface card 201. Device driver 211 contains two
basic components: interrupt service routine 212 and appli-
cation interface process 213. The functions of device driver
211 are: process interrupts from DCP interface card 201;
buffer and transfer data between DCP interface card 201 and
communication management applicaiion 210, provide a
simple interface to communication cation management
application 210 for basic call setup and data transfer, and
handle data call setup procedures with the business com-
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munication system, as will be discussed below.

If the processing of the received transmission requires a
change in the status of digital telephone station set T31,
processor 209 transmits control signals to bus communica-
tion controller 204 via PC BUS 207. These control signals
are forwarded by bus communication controller 204 to
digital telephone station set TS1 via leads 203 and telephone
station set interface 202.

Transmissions from digital telephone station set TS81 to
port circuit 181 are handled in similar fashion, with the
ahove described process being reversed. The operation of
DCP interface card 201 and communication management
application 210 is described in further detail below in the
description of FIG. 3. To provide an explanation of the DCP
signaling protocol, the following description discusses a
typical port circuit and the functions performed therein.

Terminal Equipment

The standard digital terminal T1l generates an RS232
signal output which has a very limited transmission range. A
digital terminal interface module (e.g.—DT11) is used to
convert the RS$232 signals output by digital terminal T11 to
alternate bipolar modulated code signals which can be
transmitted a significant distance over communication leads
TR11 to the port circuits 111 of the business communication
system. The digital terminal interface module DT11 1s either
an integral part of the digital terminal or connected between
the existing digital terminal T11 and the associated commu-
nication TR11. This digital terminal interface module is
disclosed in detail in U.S. Pat. No. 4,535,198 1ssued Aug. 13,
19835, to G. N. Squicciarini.

In addition to this signal conversion, digital terminal
nterface module DT11 uses a particular message frame
format (DCP) to effect data transmission between port
circuits [thei] their such as 111 and associated digital ter-
minals such as T11. This DCP formal consists of a framing
bit and three fields: an § field that conveys control signaling
data, and two I fields that convey information data (FIG. 8).
This is a well-known data transmission format as described
in the article by N. Accarino et al. entitled, “Frame-Mode
Customer Access to Local Integrated Voice and Data Digital
Network™ published in the Conference Report of the IEEE
1979 International Conference on Communications. In this
DCP data transmission format, one of the 1 fields can be used
for the transmission of PCM-encoded voice information
while the other one (or both I fields) can be used for the
transmission of etther bulk or interactive data.

Message Format

The terminal equipment served by the business commu-
nication system my be various types of equipment, and the
terminal equipment illusirated in FIG. 1 has concurrent
voice and data transmission capability. In this system, all the
terminal equipment which receives voice transmissions
from the user converts the received analog voice signals into
a set of digital data segments, each comprising an eight bit
PCM-encoded voice sample. The terminal equipment which
generates digital transmissions (such as keyboards) receives
and originates digital data messages which are generally of
length greater than eight bits. A typical format (HDLC) of
these data messages is illustrated in FIG. 9, wherein each
data message includes flag characters at the beginning and
end of the data message; data, control and address fields; and
a cyclic redundancy check field for error checking purposes.
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Signaling Channels

This business communication system 18 equipped with
two signaling channels which reflect the basic DCP message
frame format used by the port circuits. In particular, a control
signaling channel (S channel) conveys control fmessagel
messages (field bits) between system processor 100 and
digital terminals T11-TS8. The S channel extends from each
digital terminal (such as T11) through associated digital
termunal interface module (DTIM) DT11, communication
leads TR11, port circuit 111, leads P11 and thence through
port data/control interface circuit 171 to system processor
100 via I/O BUS. The business communication system 1s
also equipped with an information channel (I channel) which
conveys information data (I field segments) such as the
eight-bit PCM-encoded voice signals or bulk data (in eight-
bit bytes) between switching network 101 and digital ter-
minals T11-TS8. The I channel extends from each digital
terminal (such as T11) through associated digital terminal
interface module (DTIM) DT11, communication leads TRII,
port circuit 111, leads P11 and thence through port data/
control interface circuit 171 10 switching network 101 via
leads PAL.

Thus, the digital terminal and its associated digital termi-
nal interface module multiplex the actual data transmissions
(voice and data) with the control signals. This multiplexed
signal 1s then transmitted over the communication leads to
the associated port circuit where it is demultiplexed. The
actual data transmission is switched in traditional fashion by
switching network 101 to the designated destination and the
control signals are forwarded to system processor 100.
Again, these control signals are the standard on-hook/off-
hook status, button operation, lamp lighting, and ninging
signals common to all telephone switching systems. To
effectively illustrate the structure and operation of the sub-
ject interface arrangement, the details of the existing port
circuit and especially the S channel must first be explored.

I Channel Realization

System processor 100, in the course of connecting a
calling digital terminal (T11) to a called digital terminal
(TS8), assigns a time slot in switching network 101 for the
interconnection of digital terminals T11 and TS8. Switching
network 101 controls the data (I channel) transmissions
between digital terminals T11-TS88. In particular, switching
network 101 transmits each eight bit data segment received
from digital terminal T38 to port circuit 111 via port data/
control interface circuit 175. Port circuit 111 transmits each
data segment so received to digital terminal T11 via digital
terminal interface module (DTIM) DT11 and also receives a
reply data segment from digital terminal T11 via DTIM DTl
for transmission to digital terminal TS8. Port circuit 111
transmits the replay data segment received from DTIM
DT11 to switching network 101 via port data/control inter-
face circuit 171. Switching network 101 stores the received
data segment, and interchanges the data segments received
from digital terminal T11 and digital terminal T58 during the
time slot assigned for this call This action interconnects
these digital terminals,

S Channel Realization

The control or § channel transmissions are controlled by
system processor 100. System processor 100 periodically
scans each port, trunk and service circuit connected to
switching network 101 to find if there is a control message
for system processor 100. During each such scan cycle,
system processor 100 transmits timing, address and control
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information to port data/control interface circuits 171-175
via L/O BUS. Each port data/control interface circuit ([ex.]
e.g., 171) has a multiplexer which interprets the signals
received on L/O BUS during each scan cycle and determines
whether the address signals transmitted thereon identify one
of the port circuits (Je.g.] e.g., 111) served by that port
data/conirol interface circuit (171). If such a match occurs
during a scan cycle, port data/control interface circuit 171
enables the identified port circuit 111 to read the control
message transmitted to port data/control interface circuit 171

by system processor 100.

Port circuit 111 reads the control message written in{o
port/data control interface circuit 171 by system processor
100 and places the control message into a control message
register (not shown) in port circuit 111. Port circuit 111
transmits this control message one bit at a time from the
control message register to digital terminal interface module
DT11. Digital terminal interface module DT11 assembles
these serial bits into commands for digital terminal T11.
Digital terminal T11 responds to these commands by per-
forming the indicated operation, such as lighting a lamp,
producing an audible ring signal, etc.

If digital terminal T11 has no reply or other control
message to send back to system processor 100, digital
terminal interface module DT11 transmits idle bits back to
port circuit 111. If digital terminal T11 has a control message
to send to system processor 100, it is wnitten into the control
message register of port circuit 111 one bit at a time. Port
circuit 111 sets a data-ready bit 1n 1ts status register (not
shown) to indicate 1o system processor 100 that a control
message has arrived from digital terminal T11. System
processor 100 periodically scans the port circuit status
registers via I/O BUS and port data/control interface circuit
171 for a set data-ready bit. When one i1s found, system
processor 1080 reads the control message stored in the control
message register of port circuit 111 and resets the data-ready
bit in the status register. cl Port Circuit, FIGS. 4-6

FI1GS. 4, 5 and 6, when arranged shown 1n FIG. 7 disclose
details of the port circuit with emphasis upon the port
circuitry associated with the reception and generation of S
bit signaling messages in the DCP frame format shown in
FIG. 8. Additionally, details of this circuit are disclosed in
U.S. Pat. No. 4,534,023, issued Aug. 6, 1985, to S. R. Peck
et al.

The communication leads TR18 comprise a 160 kilo bit
per second data link to the associated terminal equipment,
computer T18. The 160 kilobit rate results from the fact that
message segments of 20 bits (as shown in FIG. 8) are
transmitted between computer T18 and port circuit 118 at an
8 Khz rate. Alternate bipolar modulation is used to transmit

the data signals.

Receiver

The operation of the receiving portion of port circuit 118
is first described. Message segments from computer T18 are
received in the DCP frame format and applied over com-
munication leads TR18 to line receiver 401. Line receiver
401 derives its synchronization from the framing bits of each
received message segment and passes the remaining fields
(the S field and the two I fields) in serial form to frame
demultiplexer 404 over lead 402. The synchronization cir-
cuitry of line receiver 401 generates a receive clock signal
and applies it over lead 403 to the control portion of
demultiplexer 404 [s] as well as to receive formatter 407 and
clock detector 408.
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Line receiver 401 separates the received signal from the
noisy environment of the communication leads TR18 and
transforms it into a logic level signal that is applied to the
input of demultiplexer 404. Demultiplexer 404 demulti-
plexes the S field and the two 1 fields. The information in the
two 1 fields comprises the data transmission from computer
T18. This data transmission is extended over leads RI, and
RI, to multiplexer 405 which multiplexes the signals
together and places them on time multiplexed bus PCM.
Each 1 field occupies different time slot on time multiplexed
bus PCM and thus the information in each 1 field 1s trans-
mitted out sequentially during each occurrence of its asso-
ciated time slot. This information is applied to the time slot
interchange facilities of the system which performs conven-
tional time slot interchange function and interconnects each
[ field with the port to which the call is directed. The
interface from the switch multiplexer 408 to the bus PCM
conlains both data and clock signals to control the switch
multiplexer 405 and the switch demultiplexer 448.

The S field information comprises one bit of the message
segment of FIG. 8 and is applied over lead 460 to the receive
formatter 407. Lead 460 comprises an eight kilobit per
second serial channel carrying the S field information.
Receive formatter 407 performs the customary flag detection
operation on this signal. That is, it looks for a patiern of a 0,
followed by six 1's and a 0, as shown on FIG. 9, and
synchronizes to that pattern as long as the flags appear on
lead 460. As soon as receive formatter 407 detects a nonflag
sequence, as is the case when a signaling message character
is received, it begins to perform a serial-to-parallel conver-
sion on cach nonflag byte. During the time when nonilag
characters are being received, receive formatter 407 per-
forms a conventional zero delete function whenever 1t
detects a sequence of five 1’s followed by a 0. It does this
in accordance with the HDLC protocol in order to prevent a
message character from being construed as the reception of
a flag character. Receive formatter while it is performing this
serial-to-parallel conversion on nonflag characters, also
detects the reception of a flag character at the end of each
message. It then generates a signal that is applied to lead 412
to specify the end of message for the received character. This
path is also termed RCVEOM (Receive End Of Message).
Receive formatter 407 applies each character after it is
formed into a parallel format to leads 411 and from there to
the receiver FIFO 414. Receiver formatter 407 also gener-
ates a signal that is applied to lead 413 to control the strobing
of information into FIFO 414. The signal on lead 413
appears concurrently with the signals on leads 411 and 412
so that they then can be strobed into FIFO 414.

Receive FIFO 414 is organized as a 48 word, nine bit per
word FIFO. The me bits in each word are the eight bits
representing the received character on leads 411 and a one
bit “end of message” signal on lead 412 indicating whether
or not each receive character does or does not represent the
lasi character of a message. The characters that are applied
to the input of receive FIFO 414 pass through in the
conventional manner to the output of receive FIFO 414.
These eight bits are applied over leads 416 to tn-state gates
417. The end of message signal associated with each char-
acter is applied over lead 419 to counter 421. The end of
message signal is present only when the character 1s indeed
the last character of a message and, at that time, the end of
message signal increments counter 421 by a count of one.

Tri-state gates 417 are enabled by a read register signal on
lead 420. This signal is generated by system processor 1130
an applied to port circuit 111 over YO BUS via port
data/control interface circuit 171 and leads DATA when

10

15

20

25

30

35

40

45

30

55

60

63

8

system processor 1000 wishes to read the contents of FIFO
414. System processor 100 effects this operation by applying
a unique address signal over the above-described path to
address decoder 433 to cause it to generate an output on lead
420 extending to [FIFo] FIFO 414 and gates 417. Each port
circuit, including port circuit 111 shown on FIGS. 4, 5 and
6, is assigned a plurality of I/O BUS addresses. The vanous
addresses represent the various functions of which the port
circuit is capable. A particular function is initiated by the
application of the associated 1/0 BUS address to address
decoder 433. Accordingly, in order to read out a character
after from FIFO 414, system processor 100 applies the port
address associated with lead 420 to address decoder 433 via
the DATA leads. Address decoder 433 responds to this
address, drives lead 420 to cause the character at the output
of FIFO 414 to be extended over leads 416 and through gates
417 1o leads DATA. This character is then passed through

port data/control interface circuit 171 and over /O BUS to
system processor 100 which stores it and every other
received character until a complete message is formed.

The read register lead 420 also extends to the QUTSTB
terminal of FIFO 414. FIFO 414 responds to the trafiing
edge of this signal and advances the next character stored
within FIFO 414 to the output of FIFO 414 so that it can be
read on the next real register operation. Thus, the read
register signal on lead 420 performs two functions. The first
is to enable gates 477 to pass the character currently on FIFO
414 output over leads 416, through gates 417 to DATA leads.
The trailing edge of the read register signal on lead 420
advances the next character within FIFO 414 to the output
of FIFO 414.

The ninth bit in FIFO 414 is the END OF MESSAGE bit
on lead 419. This signal performs two functions. The first
function is to provide a READ END OF MESSAGE signal
to the input of the status gate 416. Status gate 426 can be
reset by system processor 100 when it performs a READ
STATUS REGISTER function on port circuit 111. Status
gate 426 has a unique address and when system processor
100 applies this address to /O BUS, the address 1s decoded
by address decoder 433 which applies an enable signal over
lead 429 to activate status gate 426. Status gate 426 applies
the signal present on lead 419, to DATA leads for transmis-
sion to system processor 100. The enabling of lead 429
enables all of the status register gates 424 through 428.

The second function of the READ END OF MESSAGE
signal bit on lead 419 is to decrement receive message
counter 421. Counter 421 at any time has a count 1in 1t that
indicates the number of messages currently stored within
FIFO 414. [Coutner] Counter 421 is incremented by a
RECEIVE END OF MESSAGE signal on lead 412 and 1s
decremented when a READ END OF MESSAGE signal is
read out of FIFO 414 on lead 419. Thus, the current count
of counter 421 represents the number of complete messages
currently stored within FIFO 414. The output of counter 421
on lead DR is the signal which permits a DATA READY
indication to be read by system processor 100 as it scans
status gates 424-428. The DR signal is exiended through
gate 458 when lead 422 carries an enables signal and from
there the signal extends over lead 406 to the input of the scan
register gate 423 and to gate 425.

System processor 100 can read either scan register galc
423 or FIFO 414 by applying the appropriate addresses to
[/O BUS. The address for either of these is decoded by
address decoder 433. The appropriate output of address
decoder 433 is enabled to activate the appropriate tri-state
gate, such as 423 or 417, 10 allow data to applied to DATA
leads.
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Transmit

System processor 100 can generate and write messages
into port circuit 118 of FIGS. 4, § and 6 for transmission to
computer T18. It does this by utilizing the write portion of
port circuit 118. The first step system processor 100 per-
forms on a port write operation is to determine whether
transmit FIFO 444 is full and is able to accept the message.
If FIFO 440 is not full, system processor 100 writes the rust
byte of the message into port circuit 118. System processor
100 performs this function by first applying the appropriate
address signal to /O BUS. The signal that is applied 1s that
which is associated with the write portion of port circuit 118.
Address decoder 433 decodes this address and generates the
WREG signal on lead 438. This signal enables tri-state gate
434 which allows the message information now on /O BUS
to be extended through gate 434 and over lead 457 to the
input of FIFO 440. This signal on lead 4335 is also applied to
the INSTB input of FIFO 440 to strobe the message infor-
mation currently on lead 457 into FIFO 440.

Also strobed into FIFO 440 at this time is the ninth bit, a
WRITE END OF MESSAGE bit, which is applied to FIFO
440 over lead 436. This signal indicates that the character
associated with this bit is the last character of a transmitted
message. System processor 100 sequentially wries each
character of a message into FIFO 440. Just before the last
character of the message is to be input into FIFO 444, system
processor 100 writes into control register 431 via gate 432
and lead 459 to generate a WRITE END OF MESSAGE
signal on lead 436. This signal is strobed into FIFO 440 at
the same time the last byte of the message is strobed via the
WREG signal on lead 435. The signal on lead 436 1s
automatically reset after the last byte is written into FIFO
440 by the trailing edge of the WREG signal on lead 435.

Transmit FIFO 440 is organized as a 48 word by nine bits
per word FIFO. Eight of the nine bits [represents] represent
the character information; the ninth bit of each word repre-
sents the absence or presence of a WRITE END OF MES-
SAGE signal. Transmit FIFO 440 has a WRITE BUFFER
FULL output termed WBE. When all 48 words in FIFO 440
are filled, the WBF signal ia extended over lead 430 to status
register gate 427. This gate is periodically read by system
processor 100 prior to writing FIFO 440. When FIFO 440 15
full, the output of gate 427 advises system processor 1({) that
FIFO 440 can accept no more bytes for the time being. If
FIFO 440 is detected to be full in the middle of writing a
message, system processor 100 will queue the remainder of
the message and throttle the load until a previously loaded
message is transmitted and FIFO 440 becomes sufficiently
empty to accept at least one more byte.

The outputs of FIFO 440 are applied to leads 441 and 442.
Lead 442 carries eight bits representing character informa-
tion and lead 441 carries an AND OF MESSAGE bit. FIFO
440 receives a strobe signal from transmit formatier 445
over lead 443. The character information on lead 442 and the
END OF MESSAGE signal on lead 441 are applied to the
input of transmit formatter 445. Transmit formatter 443
normally continuously generates and sends out flag charac-
ters on the channel to the associated customer station as long
as there are no messages in FIFO 440. At such times,
transmit formatter 445 sequentially generates a flag charac-
ter of 0, six 1’s and a 0. Whenever FIFO 440 is not empty,
transmit formatter 445 begins the process of unloading the
characters from FIFO 440 and transmitting them out over
the S channel. It does this by performing a parallel-to-serial
conversion on the received characters and the zero insertion
function required for transparency. Thus, transmit formatter
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445 first sends out flag characters when it [detemrines]
determines from transmit FIFO 440 over lead 439 that FIFO
440 is not [empty,] empty; then, at the end of transmission
of the flag character, transmit formatier matter 445 generates
a strobe signal that is applied over lead 443 to FIFO 440.
This signal is used internally by transmit formatier 445 to
load the character information on lead 442 and any END OF
MESSAGE signal on lead 441 into transmit formatter 443.
The trailing edge of this strobe signal is also used to advance
FIFO 440 to bring the next character in FIFO 440 to the

FIFO output.

Transmit formatter 445 performs a parallel-to-serial con-
version on the received information, It also performs a zero
insertion function when it is sending non-flag characters out
over lead 446. That is, if the transmitted bit stream of the
message has five consecutive 1’s, transmit formatter 445
inserts a 0 between the fifth-1 and the next bit transmitted.
Thus, transmit formatter 445 transmits out each character 1t
receives and it checks the END OF MESSAGE bit associ-
ated with each character. When the last character in a
message is received from FIFO 440, lead 441 is set to a 1.
This tells transmit formatter 445 that this character is the end
of a message and causes transmit formatter 443 to nsert a
flag after this character. Transmit formatter 445 does this and
then checks for a transmit empty signal on lead 444. If the
empty signal is present, transmit formatter 445 continues o
generate and transmit flags. If the empty signal is not
present, transmit formatter 445 then reads the next character
out of FIFO 440. This new signal is a first character of a
subsequent message. Transmit formatter 4435 processes any
such first characters of the subsequent message, and all other
characters of that subsequent message, in a manner similar
to that already described.

System processor 100 can write an initialize bit into
control register 431. This bit causes FIFOs 414 and 440 to
be cleared as well as the message counters 421 and 438. This
effectively removes all information from port circuit 118.

Lead 409 interconnects clock detector 408 with status
register gate 424. Clock detector 408 normally receives
clock pulses on lead 403 from line receiver 401. At such
times, clock detector 408 applies a 0 over lead 409 to register
gate 424. This permits system processor 100, when reading
register gates 424-428, to determine that clock pulses
derived from the received data stream are being received
over communication leads TR18 by line receiver 401 and
applied over lead 403 to clock detector 408. This is the
normal Joperable] operational state of the system, If, for any
reason, line receiver 401 fails to receive a data stream, clock
detector 408 receives no clock pulses and sets lead 409 equal
to a ] to permit system processor 100 to read gate 424 and
determine this condition. This condition could exist for
example when the associated digital terminal T11 is discon-
nected from communication leads TR1L.

.ead 422 interconnects the lower input of AND gate 458
with control register 431. This path is normally [hedl] held
in an enabled state by control register. This enables [gte]
gate 458 and permits the DR output of counter 421 to be
extended over lead 406 to scan register gate 423. This DATA
READY signal is to advise system processor 100 that at least
a single message is currently contained within receive FIFO
414.

Address decoder 433 contains flip-flops so that when an
address is applied to the I/O BUS together with appropnate
control [signal] signals by system processor 100, these
control signals latch the address into the decoder flip-flops.
The output of these flip-flops extends to [circuitry] circuits
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which decode the address and give output signals unique to
cach different address. One of these output signals extends
to lead 459. This signal is active at the time that data appears
on I/0 BUS and is to strobe the data into latches in control
regisicr 43. That data 1s persistent because it s latched into
control register 431. Control register 431 contains flip-flops
which store the state of port circuit 111 as controlled by
system processor 100, as subsequently descnibed.

Transmit message counter 438 functions similarly to
receive message counter 42 to indicate whether FIFO 440
currently contains a complete message. Transmil message
counter 438 is incremented over lead 436 when a message
is entered into FIFO 440. Transmit message counter 438 is
decremented over lead 441 when a message 1s read out of

FIFO 440.

The output of transmit formatter 445 extends over lead
456 10 the frame multiplexer 449. Switch demultiplexer 448
receives PCM time slot signals on bus PCM, separates oul
the 11 and 12 field signals for use by port circuit 118 from
their assigned the slots and applies them to leads 453 and
454. An output of transmit message counter 438 extends to
transmit formatter 445 on lead 439 which indicates when the
contents of transmit message counter 438 is 0. This implies
that no messages are contained in FIFO 440 and that
transmit formatter 443 should generate flag characters.

The 11, 12 signals are received by frame multiplexer 449
together with the serialized S channel bits on lead 456. Once

each frame, frame multiplexer 449 inserts the eight bit 1
ficld, the eight bit I2 field and the one bit S field into a
framing signal and applies it over lead 452 to the line
transmitter 450 which adds the F field bits. From there, a
resultant twenty bit frame of FIG. 8 is extended over
communication leads TR18 to computer T18.

Line transmitter 450 and frame multiplexer 449 operaic
under control of the output signals from clock generator 455.
Switch demultiplexer 448 receives its control signals from

bus PCM.

Detatls of DCP Interface Card

DCP interface card 201 1s a processor controlled circuit
which functions as a message handler and protocol con-
verter, DCF interface card 201 converts the DCP signals of
port circuit 151 and digital telephone station set TS1 to data
for PC BUS 207 and vice versa. The physical and link layer
protocols are handled by the devices which comprise DCP
interface card 201. DCP interface card 201 provides per-
sonal computer PC31 with access to and control of data and
signaling both to and from the business communication
system. DCP interface card 201 looks to the business com-
munication system like a digital phone with data and display
modules while DCP interface card 201 looks to the digital
telephone station set like a digital port board of the business
communication system, Information from both the business
communication system and the digital telephone station set
associated with personal computer PC31 is transferred to
personal computer PC31 over a single multiplexed data
channel. With access to and control of the signaling channel
to the business communication system , personal computer
PC51 can implement advanced voice and data features in
cooperation with the operation of the existing voice and data
features on the business communication system.

FIG. 3 i1s a detailed block diagram schematic of DCP
interface card 201. The major functional pieces of DCP
interface card 201 as described above are illustrated in
further detail in FIG. 3. These major [components} compo-
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nent parts include telephone station [se] set interface 202,
bus communication controller 204 and business communi-
cation system interface 206. In addition to these major
components, FIG. 3 illustrates bypass switches 301 which
function {o directly connect the digital telephone station set
to the communication leads TRS1 in the case where personal
computer PC51 is turned off or there is a power failure.
External interface 302 is a connection shown to DCP inter-
face card 201 which can be used for additional equipment
such as a speaker phone, as will be described below. Digital
signal processor 303 is a wired logic device which functions
to perform call progress tone and Touch-Tone detection and
Touch-Tone signal generation as will be described below.

CPU 330

The operation of DCP interface card 201 1s controlled by
a microprocessor shown on FIG. 3 as CPU 330. CPU 330
can be any state of the art microprocessor such as a Motorola
68000 16 bit microprocessor. CPU 330 is a microprocessor
that supports the high level C programming language. CPU
330 works off a vectored interrupt scheme to speed software
response to interrupts. The main functions of CPU 330 are:

(1) communicate with the business communication sys-
tem over the S channel through the switch S channel HDLC
protocol and terminate levels 2 and 3 of the S channel
terminal protocol,

(2) send and receive data over the I2 channel of the HDLC
protocol 1o the business communication system and termi-
nate levels 2 and 3 of this protocol,

(3) communicate with the digital telephone station set
over the S channel through the phone S channel HDLC
protocol and terminate level 2 of this protocol,

(4) control digital signal processor 303 to generate Touch-
Tone signals or to detect both call profess tones and Touch-

-

[one signals,

(5) control bypass switches 301 and the 11 select and sync
logic 323,

(6) control timing and respond to interrupts used in
protocol processing.

(7) communication with personal computer PC31 over PC
BUS 207 to send and receive [message] messages between
DCP interface card 201 and personal computer PCS1 to send

and receive information for all the daia channels descnibed
above.

Line Termination

In order to understand the operation of CPU 330 it is first
necessary to undersiand the operation of telephone station
set interface 202 and business communication system inter-
face 206. As was mentioned above, the communication leads
TR51 and the communication leads from the digital tele-
phone station set are terminated on bypass switches J01.
Bypass switches 301 either connect the signals from the
business communication system directly to the digital tele-
phone station set or connect the signals from both the digital
telephone station set and the business communication sys-
tem to telephone station set interface 202 and business
communication system interface 206, respectively. In this
fashion, bypass switches 301 operate to perform a power
failure transfer function. Bypass switches 301 are operated
to directly connect the digital telephone station set to the
business communication sysiem when personal compuiter
PC51 is not turmed or not functioning properly or there 1s a
power failure or DCP interface card 201 is not functioning
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properly. In all other cases bypass switches 301 are not
operated and the communication leads TR51 [is] are termi-
nated on business communication system interface 206. In
similar fashion, the communication leads from digital tele-
phone station set TS1 are routed through bypass switches
301 to terminate on telephone station set interface 202.

Both telephone station set interface 202 and business
communication system [interface 2 06] interface 206 con-
tain DCP interface circuit identified on FIG. 3 as switch DL.1
310 and phone DLI 320 respectively. Both switch DLI 310
and phone DLI 320 implement a DCP system interface as
was described above in the discussion of port circuit 118. In
particular, switch DLI 310 and phone DLI 320 comprise line
receiver 401, frame demultiplexer 404, clock detector circuit
408, line transmitter 450, frame multiplexer 449 and clock
generator 455 of FIG. 4 as described above for port circuit
118. These elements operate as described above to terminate
the DCP signaling protocol. The switch DLI 310 1s config-
ured in the terminal mode so that it appears as a digital
telephone station set with display and data modules to the
business communication system. Phone DLI 320 is config-
ured in the port mode so it appears as a digital port such as
port circuit 118 to digital telephone station set T31. Both
switch DI.1 310 and phone DLI 320 separate the received
DCP signals into the serial S, I1, and I2 channels and
combine [and] transmitted serial S, I1, and 12 channels into
the transmitted DCP signals as described above.

S, I1 and 12 Channel Signal Routing

The S, I1 and 12 channels are all used in the DCP protocol
transmissions between the business communication system
and the DCP interface card 201 to carry voice, control and
data signals therebetween. Between digital telephone station
set TS1 and DCP interface card 201 only the S1 and the 11
channels are used to transmit control and voice signals. The
S2 and 12 channels are not used with the digital telephone
station set because all data transmissions to and from the
business communication system are terminated on personal
computer PC31.

Signals carried on the I1 channel are the voice commu-
nication signals which are transmitted between the digital
telephone station set and the business communication Sys-
tem. Therefore, the votice signal of the I1 channel are not
switched to personal computer PC51 in this described appli-
cation. I1 select and synchronization logic 323 functions to
interconnect the various sources and destination for the I1
channel voice signal. The voice signals can originate from
digital telephone station set TS1, from digital signal proces-
sor 303 as Touch-Tone signals, from the business commu-
nication system on communication leads TRS1 or from
external interface 302. The voice communication signals on
the I1 channel can be directed to digital telephone station set
TS1 from the business communication system or from the
digital signal processor 303 or from external interface 302.
Therefore, 11 select and sync logic 323 interconnects the
voice communication signals from either the business com-
munication system as separated by switch DLI 310 and
applied to lead 313 or from external interface 302 and
applied to lead 304 or from digital signal processor 303 and
applied to lead 305, to lead 321 which carries these voice
communication signals to the phone DLI 320 where these
voice signals are encoded into the DCP signaling format and
transmitted to digital telephone station set T51. In similar
fashion, voice communication signal can be directed to
external interface 302 from either the business communica-
tion system or digital telephone station set TS1. I1 select and
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sync logic 323 receives the voice communication signals
from the business communication system as decoded by
switch DLI 310 and applied to lead 313 or from digital
telephone station set TS1 and decoded by phone DLI 320
and applied to lead 321 and switches these signals to lead
304 where they are applied to external interface 302. Switch
DLI 310 receives voice communication signals from exter-
nal interface 302 or from digital processor 303 or from
digital telephone station set TS via 11 select and sync logic
323. The remaining destination for voice communication
signals is digital signal processor 303. Digital signal pro-
cessor 303 is a wired logic processor which functions to
decode call progress tones or Touch-Tone signals received
from the business communication system. These call
progress tones and Touch-Tone signals are transmitted by
the business communication system over communicalion
leads TR51 and decoded by switch DLI 310 and applied to
lead 313. I1 select and sync logic 323 switches the received
tones to lead 305 to digital signal processor 303 where these
tones are detected and analyzed. The resulting control sig-
nals identifying the call progress tone or Touch-Tone signals
are applied by digital signal processor or 303 to lead 306.

I/O Devices

Devices 314, 315, 324 and 328 are serial input/output
devices each of which contains an independent fun duplex
serial data channel that is programmable for either synchro-
nous or asynchronous modes. These devices are commer-
cially available input/output devices such as a MOSTEK
MC68564P device. Input/output devices 314 and 3135 are
programmed to handle the HDLC bit synchronous mode to
process the switch S and I2 data channels. Input/output
device 324 is programmed to the asynchronous mode to
communicate with digital signal processor 303 while input/
output device 325 is programmed to the HDLC bit synchro-
nous mode to handle the S channel for the digital telephone
stadon set. The serial channela programmed for the HDLC

mode have the following attributes:
(1) automatic 0 insertion and deletion
(2) automatic flag insertion between messages
(3) abort sequence generation and detection
(4) internal flag detection and synchronization
(5) automatic [cyclinc] cyclic redundancy check

The asynchronous communication channel with digital
signal processor 303 haa the following attributes: six bits per
character, one start bit; one stop bit; no parity. Input/output
devices 314, 315, 324, 325 contain control. status and data
registers. These devices generate interrupts when either the
received data register contains data or the transmit data
register needs data. CPU 330 responds to the interrupts
generated by one of devices 314, 315, 324, 325 and applied
to CPU address control and data bus leads 203 by reading
the contents of the received data register for a received

interrupt and sending a character to the transmit data register
for a transmil interrupt in the device generating the interrupt.

Thus, when digital signal processor 303 interprets call
profess tones, the resultant control signals are loaded in the
registers of I/O device 324 and IO device 324 generates an
interrupt for CPU 330. CPU 330 responds to this interrupt by
reading the data register indicating the call progress tone
present on communication leads TR31 from the registers in

I/O device 324.
Digital Signal Processor

Digital signal processor 303 is programmed for three
modes of operationf,] ; Touch-Tone generation and the
detection of call progress tone or Touch-Tone signals. CPU
330 controls the operation of digital signal processor 303 via
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the registers [In] in /O device 324. In Touch-Tone genera-
tion mode, CPU 330 transmits a Touch-Tone command via
CPU address, and data bus 203 to /O device 324. Digital
signal processor 303 reads the Touch-Tone command from
[/0 device 324 and generates the Touch-Tone signals which
are plied via lead 305 to 11 select and sync logic 323. 11
select and sync logic 323 forwards the generated Touch-
Tone signals via lead 313 to switch DLI 310 which incor-
porates the generated Touch-Tone signals into the 11 field of
a DCP signal which is applied to communication leads TRS1
to the business communication system. In similar fashion.
CPU 330 can apply control signals to [CPu] CPU address
control and data bus 203 to load call progress tone detection
or Touch-Tone signal detection commands into I/O device
324. Digital signal processor 303 responds to these loaded
call progress tone detection or Touch-Tone signal detection
commands by monitoring the 11 channel from the business
communication system to detect the presence of call
progress tones or Touch-Tone signals on communication
leads TRS1. This is accomplished by switch DLI 310
decoding the 11 channel signal from the DCP signal received
from the business communmnication system, and applying the
decoded 11 signals to lead 313 to I1 select and sync logic 323
which forwards the I1 channel signals via lead 305 to digital
signal processor 303. Digital signal processor 303 is capable
of detecting busy signals, dial tone, reorder tone, ringing
intercept tone, call configuration tones and all Touch-Tone
signals. Digital signal processor 303 generates a call
progress tone detected message or a Touch-Tone detected
message in [the] the response to the presence of one of the
above tones and loads the tone detected message into the
received data registers of I/O device 324 which device
generates an interrupt for CPU 330. CPU 330 reads the tone
detected message from 1/O device 324 via CPU address
control and data bus 203.

Memory and Timing

Read only memory 331 is the memory device on DCP
interface card 201 which contains the instruction set for the
operation of CPU 330. Random access memory 332 consists
of the read/write memory which is used by CPU 330 as
read/write memory space for transferring information to and
from personal computer PC51. Legal control and timer 333
and PC BUS interface 334 is a commercially available chip
such as the Motorola MC68230 parallel interface/timer
device. This combined device generates all the asynchro-
nous bus interface signals and generates interrupt vectors for
the timer and the parallel /O registers. The parallel interface
portion of this device is programmed to the bidirectional
eight bit mode. PC BUS interface 334 functions to provide
a buffered interface between PC BUS 207 and CPU address
control and data bus 203.

Device Driver Protocol

S channel messages and 12 data from the business comi-
munication system and S1 channel messages from the
adjunct telephone stadon set TS1 as well as local control
messages between DCP interface card 201 and device driver
211 are formatted into message frames, multiplexed into a
single data stream, and transmitted between DCP interface
card 201 and interrupt service routine 212 of device dnver
211 via PC BUS 207. Each message frame in this data
stream 1is delineated by an address header byte which is
followed by a message length byte. The actual message 15
located in the message frame following the message length
byte. A control register (not shown) in PC [Bus] BUS
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interface 334 of DCP interface card 201 gives device drivers
211 control of both transmit and receive interrupts as well as
transmit and receive direct memory access. The message
frames are transferred between DCP interface card 201 and
device driver 211 on either a per byte basis using one
interrupt per byte of data transferred or by direct memory
access using one interrupt per block of data transferred. PC
[Bus] BUS interface 334 contains both a transmit register
(not shown) and a receive register (not shown) which are
used to store the message frames transferred between DCP

interface card 201 and device driver 211.

Device Driver 211

Device driver 211 is a software process that runs on
processor 209 of PC51. Device driver 211 interfaces com-
munication management application 210 with DCP interface
card 201. As shown on FIG. 2, two software processes are
included in device drive 211. Interrupt service routine 212
processes the data stream on PC BUS 207 and exchanges
message frames between DCP interface card 201 and com-
munication management application 210 by storing/retriev-
ing the message frames in memory 208. In similar fashion,
application interface 213 transfers message frames between
communication management application 210 and memory
208. Interprocess communication path 214 is shown on FIG.
2 as interconnecting application interface 213 and interi 71
113 interrrupt service routine 212. This i1s a control message
communication channel for passing control [message] mes-
sages between application interface 213 and interrupt ser-
vice routine 212. The actual implementation of interprocess
communication path 214 is typically by way of each process
accessing an interprocess communication section of
memory 208. The interprocess communication section of
memory 208 functions as “mailbox™ with each of processes
212 and 213 placing/retrieving messages into/from interpro-
cess communication section of memory 208. These mailbox
messages can be simply the setting of a flag or pointer for
many communication applications.

Keep Alive Process

A keep alive process is used by DCP interface card 201 to
maintain telephone service between digital telephone station
set TS51 and the business communication system even if
device driver 211 or communication management applica-
tion 210 fail. The various modes of communication are
schematically illustrated in FIG. 10. Path 1010 indicates the
normal or CMA mode of message flow while path 1020
illustrates a soft direct connect mode described below and
path 1030 illustrates a direct connect mode described below.

If communication between DCP interface card 201 and
device driver 211 fails, DCP interface card 201 enters a
direct connect mode so that digital telephone station set TS1
is directly connected to the business communication system.
Timer 333 on DCP interface card 201 runs continuously and
is reset on each message received from device driver 211.
The business communication system transmits an S1 chan-
nel message to each digital telephone station set every 6 to
12 seconds. These S1 channel messages are received by
DCP interface card 201 and forwarded to device driver 211
as described above. Device driver 211 forwards this Sl

channel message, or a modified version of the message, or
a response message to DCP interface card 201. Thus, this
periodic S1 channel message maintains the keep alive pro-
cess timer.

If device driver 211 fails to transmit a message to DCP
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interface card 201 within 13 seconds, timer 333 times out
and CPU 330 transmits a local control message to device
driver 211 to indicate that DCP interface card 201 is about
to enter the direct connect mode. If device driver 211
responds to this local control message within 2 seconds,
CPU 330 resets timer 333. If device driver 211 does not
respond to this control message within 2 seconds, CPU 330
activates bypass switches 301 to directly [conenct] connect
digital telephone station set TS1 to communication leads
TRS1 (path 1030).

Another level of keep alive process is where communi-
cation management application 210 fails but device dnver
211 is functioning. This is called soft direct connect mode
(path 1020). The soft direct connect mode is activated when
device driver 211 is functioning and [receive] receives the
above-mentioned local control message indicating that DCP
interface card 201 is about to enter the direct connect mode.
If communication management application 210 does not
respond to this message, device driver 211 enters the soft
direct connect mode and forwards all messages received
without the intervention of communication management
application 210.

Voice Originated Call From PCS1

In order to better understand the operation of DCP inter-
face card 201 and device driver 211, the following descrip-
tion of a simple call connection is used to illustrate the
operation of the above described elements which comprise
DCP interface card 201 and device driver 211. Voice calls
can be originated from PCS1 in several different ways:
keyboard dialing, mnemontc dialing, or directory dialing.
For the purposes of this description, keyboard dialing will be
used as an illustrative example.

A person (described below as user) accessing PC31
initiates a voice call by entering a number from the keyboard
of PC51 and then pressing the carriage return key on the
keyboard of PC51. In response to the entry of this keyboard
dialed number, communication management application 210
transmits an S1 channel (the voice control portion of the S
channel) off-hook message to application interface 213.
Application interface 213 responds to this off-hook message
by enabling the transmit interrupt in the control register
portion of PC [Bus} BUS interface 334 and changing buffer
pointers via path 214 for interrupt service routine 212.
Receive interrupts are always enabled. PC [Bus] BUS inter-
face 334 generates an interrupt when the transmit register 18
empty. Interrupt service routine 212 responds to the transmit
register empty interrupt by forwarding the off-hook control
message, which is temporarily stored in memory at the end
of the [trasmit] transmit buffer, along with the appropriate
address header byte and message length byte over PC BUS
207 to PC [Bus] BUS interface 334 and thence through local
control and timer 333 and over CPU address, control and
data bus 203 to CPU 330 on DCP interface card 201. Upon
completion of the transmission of the off-hook message,
interrupt service routine 212 disables the transmit interrupt
in the control register of PC Bus interface 334.

Message Transfer Between PC Bus and
Communication Leads

CPU 330 responds to the received off-hook message by
forwarding this message via CPU address, control and data
bus 203 to HDLC device 315. As discussed above, HDLC
device 315 in cooperation with switch DLI 310 formats and
transmits DCP format message frames to the business com-
munication system by way of communication leads TRS1.
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Upon receipt of the off-hook message forwarded by CPU
330, the business communication system responds by trans-
mitting a DCP message frame which contains an §1 channel
lamp update message to DCP interface card 201 via com-
munication leads TRS1. This lamp update message 1s
retrieved from the DCP message frame by switch DLI1 310
and forwarded on lead 312 to HDLC device 315. CPU 330
retrieves the lamp update message from HDLC device 315
via CPU address, control and data bus 203. CPU 330
appends address header and message length bytes to the
lamp update message to create a message frame for PCS1.
CPU 330 then generates an interrupt by way of PC [Bus]
BUS interface 334 to device driver 211. Interrupt service
routine 212 of device driver 211 responds to the receive
interrupt by reading the lamp update message via interrupts
and direct memory access from the receive register in PC
[Bus] BUS interface 334 where CPU 330 has forwarded the
message frame containing the lamp update message. Inter-
rupt service routine 212 stores the S1 channel lamp update
message in a buffer in memory 208 for communication
management application 210. Communication management
application 210 periodically polls application interface 213
and rends the stored lamp update message via application
interface 213 which retrieves the lamp update message from
memory 208.

Control Message from PCS1 to Telephone Station
Set TS1

Communication management application 210 responds to
the lamp update message by updating the screen on PC51 to
indicate to the user at PC51 that the off-hook signal has been
received by the business communication system. Commu-
nication management application 210 also forwards the
lamp update message to adjunct telephone station set TS1 by
way of DCP interface 201. This 1s accomplished by com-
munication management application 210 transmitting the
lamp update message to application interface 213 which
appends the appropriate address header and message tength
bytes and places this message in memory 208. As described
above, application interface 213 enables the transmit inter-
rupt in the control register portion of PC [Bus] BUS interface
334. Interrupt service routine 212 then forwards the lamp
update message by interrupts and DMA to PC [Bus]} BUS to
PC interface 334 which forwards this message through local
control and timer 333 and CPU address, control and data bus
203 to CPU 330. Upon completion of the message trans-
mission, interrupt service routine 212 disables the transmit
interrupt in the control register of PC [Bus] BUS interface

334.

CPU 330 responds to the received lamp update message
designated for telephone station set T51 by transmitting the
lamp update message via CPU address, control and data bus
203 1o HDLC device 323 where the lamp update message 1s
forwarded to phone DLI 320 for formatting into a DCP
message frame for adjunct telephone station set T31. As
described above, phone DLI 320 transmits DCP format
message frames to adjunct telephone station set T51 and the
subject lamp update message is transmitled as described

above.

Dialed Number Processing

Communication management application 210 now pro-
cesses the number entered by the user at PCS1 through the
keyboard. Communication management application 210
transmits the dial string entered from the keyboard to
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application interface 213, which parses the dial string and
transmits the digits through a generate Touch-Tone control
message through memory 208 and interrupt service routine
212 to CPU 330 via the transmit register as described above.
CPU 330 responds to the generate Touch-Tone control
message by transmitting control signals via CPU address,
control and data bus 203 to digital signal processor 303 as
described above. Digital signal processor 303 responds to
the control signals transmitied by CPU 330 by generating
corresponding Touch-Tone signals on the I1 channel for
transmission (0 the business communication system. The
Touch-Tone signals genecrated by digital signal processor
303 are forwarded over lead 305 to I1 select and sync logic
323 where the signals is are routed over lead 313 tfo swiich
DLI 310. The Touch-Tone signals so routed are formatted
into a DCP message frame for transmission to the business
communication system via communication leads TRS5]1.

Second Dial Tone

If, as part of the dialing, a wait for [the] a second dial tone
is needed, application interface 213 sets dial tone 1s needed,
application interface 213 sets pointers and flags via inter-
process control path 214 for interrupt service routine 212.
Application interface 213 sends a call progress monitor
control message via memory 208 and interrupt service
routine 212 to CPU 330. CPU 330 responds to the call
progress momnitor control message by placing digital signal
processor 303 in a call progress monitor mode wherein
digital signal processor 303 is connected by I1 select and
sync logic 323 to switch DLI 310 to monitor all signals
received from the business communication system on com-
munication leads TRS1 to determine whether dial tone is
present on communication leads TRS31 in the 11 field of the
DCP message frames. When a dial tone signal 1s received
from the business communication system in the I1 field of a
DCP message frame on communication leads TRS1, this dial
tone signal is routed in standard fashion by switch DLI 310
over lead 313 to I1 select and sync logic 323 which forwards
the dial tone signal over lead 305 to digital signal processor
303. Digital signal processor 303 responds to the received
dial tone by transmitting a control signal over lead 306, [/O
device 324 and CPU address, control and data bus 203 to
CPU 330 indicating that dial tone has been received. CPU
330 responds to this dial tone received signal by generating
dial tone received control message which is transmitted by
PC [Bus}] BUS interface 334 to interrupt service routine 212.
In response to the received dial tone received control mes-
sage, interrupt service routine 212 transmits the remainder of
the dial string in control messages via PC [Bus]} BUS
interface 334 to CPU 330. CPU 330 interprets the received
dial string messages and generates signals to digital signal
processor 3433 which generates and transmits the appropri-
ate Touch-Tone signals to I1 select and sync logic 323.
When all the Touch-Tone signals have been transmitted by
digital signal processor 303 to the business communication
system via communication leads TRS31, interrupt service
routine 212 transmits a control message via PC [Bus] BUS
interface 334 1o CPU 330 to place digital signal processor
303 in a call progress monitor mode to determine the status
of the call for feedback to the user.

Ringing the Called Party

Once the business communication system receives the
Touch-Tone signals corresponding 1o the complete dial
string, the business communication system signals the called
party and transmits the called party identification to DCP
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interface card 201 in an S1 channel display message. The
called party display message 1s transmiticd by the business
communication system in a DCP message frame over com-
munication leads TRS1 to switch DLI 310. The S channel
portion of the DCP message frame is forwarded by switch
DLI 310 over lead 312 to HDLC device 315. As discussed
above, CPU 330 retrieves the called party display message
from HDLC device 315 via CPU address, control and data
bus 203. CPU 330 responds 1o the received called party
display message by appending the appropriate address
header and message length bytes before transmitting the
message to interrupt service routine 212. Interrupt service
routine 212 reads the called party display message via
interrupts and direct memory access and places the called
party display message in a buffer in memory 208 for
communication management application 210. Communica-
tion management application 210 periodically polls appli-
cation interface 213 and thereby obtains the called party
display message from memory 208 via application interface
213. In response to the received called party display mes-
sage, communication management application 210 updates
the screen on PCS1 to indicate to the user that the call has
been placed to the designated party. Communication man-
agement application 210 also forwards the called party
display message to adjunct telephone station set TS1 as was
described above for the off-hook message.

The business communication system transmits periodic
[ring back] ring-back tones on the 11 channel of the DCP
message frames to DCP interface card 201 over communi-
cation leads TRS1 1o indicate that the called party is being
rung. Digital signal processor 303 is in the call progress
monitoring mode and responds to each received [ring back]
ring-back tone by generating a control signal for CPU 330.
CPU 330 responds to each call progress tone received by
digital signal processor 303 by transmitting a control mes-
sage via PC [Bus] BUS interface 334 to interrupt service
routing 212. This control message causes interrupt service
routine 212 to transmit a call progress monitor control
message to CPU 330 1o reset the timer. Interrupt service
routine 212 will also pass the [ring back] ring-back infor-
mation to communication management application 210 by
way of interprocess control path 214 to application interface
213. Communication management application 210 displays
[ring back] ring-back information to the user by flashing the
ltest] sext “Ringing” on the screen of PC31. The user at
PC51 can now pick up the handset on adjunct telephone
station set TS1 to be connected to the call or can wait for the
called party to answer. If the user has turned on a speaker-
phone connected to external interface 302, the user hears
[ringback] ring-back tone and is automatically connected to
the called party when the called party answers the call by
going off-hook.

Call Completion

Assume for the purpose of this description that the user at
PC51 picks up the handset on adjunct telephone station set
TS1. At this point, the user is connected from adjunct
telephone station set TS1 through phone DLI 320, 11 select
and sync logic 323, switch DLI 310 and the I1 channel of
communication leads TRS51 to the business communication
system. When the called party answers, fring back] ring-
back tones are no longer placed on the I1 channel of the DCP
message frames by the business communication system.
Since these call progress lones are no longer present, digital
signal processor 303 detects no tones and does not forward
a control signal to CPU 330. Since no call progress tone
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control messages are forwarded by CPU 330 to device driver
211, device driver 211 does not send any call progress
monitor control signal to CPU 330. Thus, CPU 330 times out
and turns off digital signal processor 303 and then sends a
control message to interrupt service routine 212 to indicate
that digital signal processor 303 has been turned off. In this
fashion, the call progress tone monitoring is disabled.

Call Termination

Upon the completion of the call, the user at adjunct
telephone station set TS1 goes on-hook. Adjunct teiephone
station set T51 responds to the on-hook condition by trans-
mitting an S1 channe! on-hook message to DCP interface
card 201. Phone DLI 320 splits the S channel message from
the HDLC message frame received from adjunct telephone
station set TS1 and transmits this S channel message over
lead 322 to HDLC device 325. CPU 330 reads the on-hook
message stored in HDLC device 325 via CPU address,
control and data bus 203. CPU 330 responds to the on-hook
message by generating a message frame which is transmitted
by PC [Bus] BUS interface 334 to interrupt service routine
212. Interrupt service routine 212 buffers the on-hook mes-
sage in memory 208 for communication management appli-
cation 210 to read during its next periodic poll of application
interface 213. Communication management application 210
then forwards the on-hook message to CPU 330 via PC
[Bus] BUS interface 334 to be transmitted to the business
communication system. CPU 330 responds to the on-hook
message from interrupt service routine 212 by forwarding
the on-hook message via CPU address, control and data bus
203 to HDLC device 315 which forwards the HDLC framed
on-hook message to switch DLI 310 for formatting into a
DCP message frame for transmission to the business com-
munication system over communication leads TRS1.

Final lamp update and display messages are transmitted to
DCP interface card 201 by the business communication
system in response to the on-hook message. These lamp
update and display messages are S channel messages which
are received by DCP interface card 201 over communication
leads TRS1. Switch DLI 310 routes these S channel mes-
sages to HDLC device 315 where they are stored for access
by CPU 330. CPU 330 reads the lamp update and dispiay
messages from HDLC device 315 and formats them with the
appropriate address header and message length bytes into a
message frame for interrupt service routine 212. Interrupt
service routine 212 stores the lamp update and display
messages in memory 208 for access by communication
management application 210 during the next poll of appli-
cation interface 213 by communication management appli-
cation 210. Communication management application 210
responds to the lamp updite and display messages by
updating the screen on PC51 and by forwarding the lamp
update and display information via application interface 213
and interrupt service routine 212 to CPU 330 for forwarding
as described above to adjunct telephone station set T51 to
update the lamps on adjunct telephone station set TS1.

The above description of a keyboard dialing originated
call from PC51 can be replicated for mnemonic or directory
dialing in similar fashion. In these two cases communication
management application 210 responds to the information
input by the user on the keyboard to access memory 208 to
thereby retrieve a dial string associated with the mnemonic
or directory entry input by the user via the keyboard. The
resultant dial stream will then be processed as described
above for the keyboard dialing case. In this fashion com-
munication management application 210 can place a call
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using either the direct keyboard entry dialing or by perform-
ing a translation function from the directory identification or
the mnemonic identification of a called party.

Data Originated Calls from PC31

The above description related to a voice call placed from
PC51 to a called party. In similar fashion, a data call can be
placed by a user at PC51 in one of several ways: keyboard
dialing, mnemonic dialing or directory dialing, As above,
keyboard dialing is selected as an illustrative example of a
typical call origination setup sequence. The user at PCS1
initiates a data call using keyboard dialing by entering a
called party identification number from the keyboard of
PCS51 and then pressing the carriage return key on the
keyboard of PC51. Communication management applica-
tion 210 responds 1o the entered called party identification

‘number by transmitting a control message to application

interface 213 requesting that a data call be placed to the
specified called party identification number using the spect-
fied baud rate. Application interface 213 responds to this
data control message by transmitting an S2 channel] (the data
control portion of the S channel) off-hook message to the
business communication system. Application interface 213
sends the dial string and baud rate to interrupt service routine
212 via interprocess control path 214, This is accomplished
as described above by application interface 213 enabling a
transmit interrupt in the control register portion of PC [Bus]
BUS interface 334. DCP interface card 201 generates an
interrupt when the transmit register portion of PC [Bus] BUS
interface 334 is empty. Interrupt service routine 212
responds to this interrupt by transmitting the 52 channel
off-hook message along with the appropriate address header
and message length bytes via interrupts and direct memory
access to CPU 330 via PC [Bus] BUS interface 334. Once
this S2 channel off-hook message has been transmitied,
interrupt service routine 212 disables the transmit interrupt
in the control register of PC [bus] BUS interface 334. CPU
330 then transmits the S2 channel off-hook message to
HDLC device 315 via CPU address, control and data bus
203. Switch DLI 310 reads the S2 channel control message
from HDLC device 318, formats this control message into a
DCP message frame and transmits the resultant DCP mes-
sage frame to the business communication system over
communication leads TRS1.

Data Call Dialing

The business communication system responds to the S2
channel off-hook message by returning an S2 channel dial
tone message with the [test] text “Dial:” to DCP interface
card 201 in the DCP message frames. This S2 channel] dial
tone message is routed by switch DLI 310 to HDLC device
315 where it is stored for retrieval by CPU 330. CPU 330
retrieves the S2 channel dial tone message and appends the
appropriate address header and message length bytes before
generating an interrupt via PC [Bus] BUS interface 334 for
interrupt service routine 212. Interrupt service routine 212
reads the S2 channel dial tone message via interrupts and
direct memory access and responds to the S2 channel dial
tone message by manipulating the called party identification
number as received from application interface 213 into a
format acceptable by the business communication system.
Interrupt service routine 212 updates dialing status to appli-
cation interface 213 via interprocess control path 214 for
communication management application 210 to read. Inter-
rupt service routine 212 transmits to CPU 330 dial stning 1in
ASCII format at the rate of 5 digits per S2 channel message
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and, at the end of the dial stream, interrupt service routine
212 appends a carriage returmn character. CPU 330 forwards
the received S2 channel message via HDLC device 315 and
switch DLI 310 over the S2 channel of the DCP message

frames to the business communication system.

When the business communication system receives the
carriage return character appended 1o the end ot the dial
stream by interrupt service routine 212, the business com-
munication system rings the called party and transmits an S2
channel [ring back] ring-back tone message with the [test]
text “Ringing” to DCP interface card 201. This received S2
channel fring back] ring-back tone message frame is routed
by switch DLI 310 to HDLC device 315 where it is retneved
by CPU 350. CPU 330 appends the appropriate address
header and message length bytes to the S2 channel [ring
back} ring-back tone message and forwards the resultant
message (o interrupt service routine 212. Interrupt service
routine 212 updates dialing status to application interface
213 via mterprocess control path 214 for communication
management application 210 to read. Communication man-
agement application 210 reads the dialing status from appli-
cation interface 213 and displays the text “Ringing” on the
display of PC51.

Data Call Completion

The call remains in the ringing state until the called
destination goes off-hook, at which time the business com-
munication system transmiis an S2 channel [ring back]
ring-back removed tone message with the text “Answered”
to DCP interface card 201. This message indicates that the
called party has answered the data call. This S2 channel [ring
back] ring-back remove tone message is routed by switch
DLI 310 to HDLC device 315 for retrieval by CPU 330.
CPU 330 appends the address header and message length
bytes to this control message and forwards same to interrupt
service routine 212. Interrupt service routine 212 updates
dialing status to application interface 213 via interprocess
control path 214 for communication management applica-
tion 210 to read. Communication management application
210 reads status via application interface 213 and displays
“Answered” [test] fext to the user. In response to the
received S2 channel [ring back] ring-back remove tone
message, interrupt service routine 212 transmits a control
message to CPU 330 to initiate the appropriate data protocol
code (which is selected by the baud rate) on DCP interface
card 201. The data protocol code runs on CPU 330, termi-
nates levels 2 and 3 of the data protocol and provides a data
interface between serial HDLC device 315 and interrupt
service routine 212.

The data protocol code will handshake with the remote
data module on the 12 channel by sending and receiving
control messages via factlities 314, 311, and 310. When the
data protocol code of DCP interface board 201 and that of
the remote data module determine that they are compatible,
CPU 330 transmits a control message {o interrupt service
routine 212 indicating that the call setup was successful and
interrupt service routine 212 responds by transmitting [and}
an S2 channel handshake success message 10 the business
communication system. Interrupt service routine 212 trans-
mits the S2 channel handshake success message to CPU 330
for formatting and transmission to the business communi-
cation system via HDLC device 315 and switch DLI 310.
Interrupt service routine 212 also transmits the control
message received from DCPI via application interface 213
to communication management application 210. In response
to this received message, communication management
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application 210 updates the screen on PC31 to “active™.

One example of a data transier situation is where com-
munication management application 210 is used for terminal
emulation purposes. In this case, the user at PC31 eaten data
from the keyboard of PCS1 and communication manage-
ment application 210 transmits the data through application
interface 213 and interrupt service routine 212 (which
appends the address header and message length bytes) 10 the
data protocol code which resides on CPU 330. The data
protocol code transmits only the data using the appropriate
framing on the I2 channel to the remote data module via
HDLC device 314 and switch DLI 310. Data is received on
communication leads TRS51 from the remote module and is
routed by switch DLI 310 to HDL device 314. This I1
channel data 1s read by CPU 330 via CPU address, control
and data bus 203. CPU 330 forwards this received data with
address header and message length bytes to interrupt service
routine 212 which passes only the data via application
interface 213 to communication management application
210. The data received by communication management
application 210 is etther displayed for the user on the screen
of PC51 or stored in a file in memory 208.

Data Call Disconnect

At the end of the call, the user at PC51 requests a
disconnect. Communication management application 210
responds to the user’s disconnect signal by transmiiting a
disconnect control message to application interface 213
requesting a disconnect. Application interface 213 transmits
a control message through interrupt service routine 212 to
CPU 330 to terminate the data protocol code. CPU 330
returns a control message 1o interrupt service routine 212 to
indicate that the data protocol code is terminated. Interrupt
service routine 212 responds 1o the data protocol code
terminated message by transmitting an 82 channel on-hook
message to the business communication system via CPU
330, HDLC device 315 and switch DLI 310. Interrupt
service routine 212 then returns to the idle state.

For mnemonic and directory dialing, communication
management application 210 replaces the keyboard input
from the user in mnemonic or directory form with a dial
string and then proceeds as discussed above with respect to
the case of keyboard dialing.

Incoming Calis to PC31

Incoming calls to PCS1 are processed in similar fashion to
outgoing calls as described above. The business communi-
cation system on an incoming voice call transmits the
following messages to DCP interface card 201: an §1
channel ringer on message; an S1 channel display message
with calling party identification; and S1 channel lamp update
message. These messages are carried as part of the HDLC
message frames on communication leads TRS1 to swiich
DLI 310 where they are routed to HDLC device 315. CPU
330 sequentially retrieves these messages from HDLC
device 315 via CPU address, control and data bus 203. CPU
330 appends address header and mesage length bytes to each
message and then generates an interrupt 10 interrupt service
routine 212 via PC [Bus] BUS interface 334. Interrupi
service routine 212 reads the message via interrupts and
direct memory access and stores ecach received message
sequentially in memory 208. Communication management
application 210 retrieves these messages in sequential fash-
ion by periodically polling application interface 213 which
retrieves the messages from memory 208. Communication
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management application 210 responds to each message so
received by updating the green of PCS1 and simultancously
forwarding the message to adjunct telephone station set TS1.
Communication management application 210 routes the
message via application interface 213 [,] and interrupt

service routine 212 to CPU 330. CPU 330 responds to each
message forwarded by communication management appli-
cation 210 by determining the identity of the destination for
this message, in this case adjunct telephone station set T31,
and forwards the S2 channel message via CPU address
control and data bus 203 to HDLC device 325. Phone DLI
320 reirieves the S1 channel messages stored in HDLC
device 325 and formats these messages into a DCP frame
and transmits same to the adjunct telephone station set TS1.
Adjunct telephone station set TS1 responds to the S1 channel
ringer on message by generating an alerting tone to indicate
to the user at PC51 that an incoming call has arrived. In
addition, the S2 channel display message of a calling party
ID causes adjunct telephone station set T31, i1f equipped with
a display, to indicate the identity of the party calling the user
at adjunct telephone station set TS1. The S1 channel lamp
update message causes adjunct telephone station sct TS1 to
light the appropriate call indication. The user at PC51 can
answer this call by picking up the handset on adjunct
telephone station set TS1. This action causes adjunct tele-
phone station set TS1 to transmit an S2 channel off-hook
message to phone DLI 320 which routes this control mes-
sage to HDLC device 328. CPU 330 retrieves the S2 channel
off-hook message via CPU address, control and data bus
203, appends the appropriate header and message length
bytes to this message and forwards the resultant control
message to interrupt service routine 212 via PC [Bus] BUS
interface 334. Interrupt service routine 212 responds to the
received S1 channel off-hook message from adjunct tele-
phone station set TS1 by storing the off-hook message in
memory 208 for communication management application
210 to read via application interface 213 and forwarding this
S1 channel off-hook message to the business communication
system. Interrupt service routine 212 transmits the S1 chan-
nel off-hook message with the appropriate header and mes-
sage length bytes to CPU 330 via PC [Bus] BUS interface
334. CPU 330 decodes the header portion of this message to
determine the destination for this control message. CPU 330
forwards the message via CPU address, control and data bus
203 to HDLC device 328. Switch DILI 310 retneves the S1
channel offhook message from HDLC device 315 and
formats this message into a DCP frame and transmits the
resultant frame to the business communication system over
communication leads TRS1 to indicate to the business
communication system that the user at adjunct telephone
station set TS1 has gone off-hook. The conversation between
the user at adjunct telephone station set TS1 and the ornigi-
nating party continues until one of the parties goes on-hook
at which time the call is terminated as discussed above for
the case of the call originated by PCS1.

Incoming data calls to PCS8] are similar in operation 1o an
incoming voice call described above. For an incoming data
call, the business communication system transmits an S2
channel ringer on message to DCP interface board 201.
Switch DLI 310 routes the S2 channel ringer on message to
HDLC device 315 where it is stored for retrieval by CPU
330. CPU 330 appends the appropriate header and message
length bytes to this received S2 channel ringer on message
and forwards the resultant message frame to interrupt ser-
vice routine 212 by way of PC [Bus] BUS interface 334. If
the user has specified in the communication management
application 210 that auto answer is on, this status informa-
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tion is passed by communication management application
210 to interrupt service routine 212 via application interface
213 and interprocess communication path 214. Interrupt
service routine 212 automatically answers the call by trans-
mitting an S2 channel off-hook message to the business
communication system. Interrupt service routine 212 trans-
mits the S2 channel off-hook message with the appropriate
header and message length bytes to CPU 330. CPU 330
decodes the header portion of this message to determine the
destination to which this message is intended and forwards
the control message over CPU address, control and data bus
203 to HDLC device 315, Switch DLI 310 retrieves the S2
channel off-hook message from HDL device 315 and for-
mats this message into a DCP message frame and forwards
the frame to the business communication system over com-
munication leads TRS1. The business communication sys-
temn responds to the received S2 channel off-hook message
by transmitting an S2 channel ringer off message with the
ftest] rexr “Answered” to DCP interface card 201. Switch
DLI 310 routes this S2 channel offhook message to HDLC
device 315 where it is retrieved by CPU 330. CPU 330
appends the appropriate header and message length bytes to
this S2 channel ringer off message and forwards the resultant
message frame to interrupt service routine 212 by way of PC
[Bus] BUS interface 334. Interrupt service routine 212
responds to the received S2 channel finger off message from
the business communication system by automatically send-
ing a control message to CPU 330 to imitialize the data
protocol code. The remaining portion of the [coil] call setup
sequence is as described above for a data call oniginated at
PC51. When the connection is complete, the data commu-
nication between source and destination continues until one
party terminates the call at which time the call is broken
down as described above for a data call originated by PC51.

Calls To and From Adjunct Telephone Station Set

The processing of originating voice and data calls from
adjunct telephone station set TS1 is similar to voice and data
calls originated from PCS1. The only significant difference
is that dam calls can be originated only when bypass
switches 301 are in the direct connect mode and also that the
originating stimulus is generated by adjunct telephone sta-
tion set T51 and routed by phone DLI 320 to HDLC device
325 where it is stored for retrieval by CPU 330. CPU 330
appends the appropriate header and message count bytes 1o
these call origination messages and then forwards them to
interrupt service routine 212. Interrupt service routine 212
forwards the received S1 channel (for voice originated calls)
contro] messages to memory 208 and application interface
213 for communication management application 210. Com-
munication management application 210 updates the screen
on PCS1 to indicate the call origination status of adjunct
telephone station set TS1. The processing of the remainder
of this originated call is identical to that described above for
calls originated from PC31.

Incoming voice or data calls to adjunct telephone station
set T51 are processed identically to incoming calls for PC51
as described above. The only difference is that data calls can
be received only when bypass switches 301 are in the direct
connect mode between the business communication system
and the adjunct telephone station set T31.

SUMMARY

It is obvious from the above description that PC3S1 has
access to the S1 and S2 channel control messages between
adjunct telephone station set TS1 and the business commu-

nication sysiem. The communication management applica-
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tion 210 described above is a simple message handling
process which can be supplemented by application software
running on processor 209. This application software can
provide additional features and services by responding in
more substantive fashion to the S channel messages received
by communication management application 210. In this
fashion, the application process can modify the content of
the S1 and S2 channel messages between the business
communication system and adjunct telephone station set
TS1 rather than simply forwarding these messages.

While a specific embodiment of the invention has been
disclosed, variations, in structural detail, within the dis-
closed embodiment are contemplated. There is no intention
of limitation to what is contained in the abstract or the exact
disclosure as herein presented. The above-described
arrangements arc only illustrative of the application of the
principles of the invention. Normally, other arrangements
may be devised by those skilled in the art without departing
from the spirit and the scope of the invention.

What is claimed 1s:

1. In a communication system having a plurality of port
circuits, each of which is connected to a corresponding
terminal device and communicates with said corresponding
terminal device according to a predetermined protocol, an
interface apparatus associated with at least one of said
terminal devices and compnsing:

Processing means;

means interposed between said at least one terminal
device and its corresponding port circuit for terminat-
ing communication signals passing between said at
least one terminal device and said port circuit and also
connected to said processing means for connecting said
processing means to both said port circuit and said at

least one terminal device; and

wherein said processing means is responsive to receipt of
said communication signals from said port circuit or
said at least one terminal device, for determining from
said received communication signals a service to be
provided and for communicating with said port circuit
or terminal device according to said protocol to provide
said service.

2. The apparatus of claim 1 wherein said processing

mcans includes:

means responsive to voice communication signals
received from said pon circuit [from] for transmitting
said voice communication signals as originally
received to said terminal device.
3. The apparatus of claim 1 wherein said processing
means includes:

means responsive to voice communication signals
received from said terminal device for transmitting said
voice communication signals as originally received to
said port circuit.
4. The apparatus of claim 1 wherein said processing
means includes:

means responsive to call control signals received from
said port circuit for forwarding control signals to sad
terminal device to perform a call conirol function
corresponding to said call control signals.
5. The apparatus of claim 4 wherein said processing
means further includes:

means responsive to said call control signals for writing a
control message corresponding to said call control
signals on a video monitor associated with said pro-
cessing means.

6. The apparatus of claim 4 wherein said processing

means further includes:
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means responsive to said call control signals [from] for
transmitting a response set of control communication
signals to said port circuit indicating receipt of said call
cortrol signals.
7. The apparatus of claim 1 wherein said processing
means includes:

means responsive to service request control signals
received from said terminal device for forwarding
service request communication signals to said port
circuit,
8. The apparatus of claim 7 wherein said processing
means further includes:

means responsive to said service request control signals
for writing a control message corresponding to said
service request control signals on a video monitor
associated with said processing means.
9. The apparatus of claim 1 wherein said processing
means includes:

means responsive to the entry of a called party identifi-
cation number on a keyboard of said processing means
for forwarding off-hook service request communication
signals to said port circuit.
10. The apparatus of claim 9 wherein said connecting
means includes:

means responsive to said called party identification num-
ber for applying tone dialing signals corresponding 1o
said called party identification number to said port
circuit.
11. The apparatus of claim 1 wherein said connecting
means includes:

means for detecting transmission of call progress tone
signals from said port circuit to said terminal device;
and

means responsive to said detected call progress tone
signals for sending a control message identifying said
detected call progress tone signals to said processing
means.

12. The [system] apparatus of claim 1 wherein said
terminated communication signals are communication con-
trol signals.

13. The [system] apparatus of claim 1 wherein said
terminated communication signals are concurrent voice and
data communication signals.

14. The [system] apparatus of claim 1 further comprising
means responsive to failure of said processing means for
causing said terminating and connecting means to pass-
through said communication signals.

15. The [system] apparatus of claim 1 further comprising
means responsive to failure of said processing means to
communicate with said port circuit or said terminal device
for causing said terminating and connecting means to cease
terminating said communication signals and to pass-through
said communication signals.

16. A communication management arrangement for con-
necting a terminal device to a communication line, said
terminal device communicating across said commumnication
line according to a predetermined protocol, compnsing:

means connected to both said terminal device and said
communication line for terminaling communication
signals output by said terminal device and said com-
munication line; and

means connected to said terminating means and respon-
sive to said communication signals received from said
terminal device or said communication line for deter-
mining from said communication signals a service 1o be
provided and communicating with said terminal device
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or said communication line according to said protocol
to provide said service,
17. The [apparatus] arrangement of claim 16 wherein said
terminating means includes:
means responsive {0 voice communication signals
received from said communication line for transmitting
satd voice communication signals as originally
received to said terminal device.,
18. The [apparatus] arrangement of claim 16 wherein said
terminating means includes:

means responsive to voice communication signals
received from said terminal device for transmitting said
voice communication signals as originally received to
said commununication line.
19. The [apparatus] arrangement of claim 16 wherein said
determining and communicating means includes:

means responsive to call control signals recetved from
said communication line for forwarding control signals
to said terminal device to perform a call control func-
tion corresponding to said call control signals.
20. The [apparatus] arrangement of claim 19 wherein said
determining and communicating means further includes:

means responsive to said call control signals for writing a
conirol message corresponding to said call control
signals on a video monitor associated with said deter-
mining and communicating means.

21. The [apparatus] arrangement of claim 19 wherein said

determining and communicating means further includes:

means responsive to said call control signals for trans-
mitting a response set of control communication signals
to said communication line indicating receipt of said
call control signals.
22. The [apparatus] arrangement of claim 16 wherein said
determining and communicating means includes:

means responsive to service request control signals
received from said terminal device for forwarding

Service request communication signals to said commu-
nication line.
23. The [apparatus] arrangement of claim 22 wherein said
determining and communicating means further includes:

means responsive to said service request control signals
for writing a control message corresponding to said
service request control signals on a video monitor
associated with said determining and communicating
means.
24. The [apparatus] arrangement of claim 16 wherein said
determining and communicating means includes:

means responsive to the entry of a called party identifi-
cation number on a keyboard of said determining and
communicating means for forwarding off-hook service
request communication signals to said communication
line.
25. The fapparatus] arrangement of claim 24 wherein said
terminating means includes:

means responsive to said called party identification [num-
berfor] number for applying tone dialing signals cor-
responding to said called party identification number to
said communication line.
26. The [apparatus] arrangement [fo] of claim 16 wherein
said terminating means includes:

means for detecting the transmission of call progress tone
signals from said communication line to said terminal

device: and

means responsive to said detected call progress tone
signals for sending a control message identifying said
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detected call progress tone signals to said determining

and communicating means.
27. The [system] arrangement of claim 16 wherein said
terminated communication signals are common control sig-

nals.
28. The [system} arrangement of claim 16 wherein said
terminated communication signals are concurrent voice and

data communication signals.
29. The [system] arrangement of claim 16 further com-

prising means responsive to failure of said determining and
communicating means for causing said terminating means to
pass-through said communication signals.

30. The [system] arrangement of claim 16 further com-
prising means responsive to failure of said determining and
communicating means {0 communicate with said commu-
nication line or said terminal device for causing said termi-
nating means to cease terminating said communication
signals and to pass-through said communication signals.

31. A communication management arrangement serving a
terminal device and a communication line associated with
said terminal device, said terminal device communicating
with said communication line according to a predetermined
protocol, comprising:

means interposed between said terminal device and said
associated communication ling for tferminating all com-
munication control signals output by both of said
terminal device and said associated communication
line;

means, responsive to said terminated communication sig-
nals, for determining from said communication signals
a communication service to be provided and generating
control signals according to a predefined algonthm to
provide said communication service; and

means responsive to said generated control signals for
transmitting said generated control signals according to
said protocol to either said terminal device or said
communication line as determined by said algorithm to
perform [function] functions specified by said gener-
ated control signals.

32. The [apparatus)] arrangement of claim 31 wherein said

determining and generating means includes;

means responsive to voice communication signals
received from said communication line for transmitting
said voice communication signals as onginally
received to said terminal device.
33. The [apparatus] arrangement of claim 31 wherein said
determining and generating means includes:

means responsive 10 voice communication signals
received from said terminal device for transmitting said
voice communication signals freceived from said ter-
minal device for transmitting said voice communica-
tion signals] as originally received to said communi-
cation line.

34. The [apparatus] arrangement of claim 31 wherein:

said determining and generating means are responsive to
call control signals received from said communication
line for forwarding control signals to said terminal
device to perform a call control function corresponding
to said call control signals.

35. The [apparatus] arrangement of claim 34 wherein:

said determining and generating means are additionally
responsive to said call control signals for writing a
control message corresponding to said fsignal for writ-
ing a control message correspondong to said] call
control signals on a video monitor associated with said
determining and generating means.
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36. The [apparatus] arrangement of claim 34 wherein:

said transmitting means are responsive 1o said call control
signals for transmitting a response set of control com-
munication signals to said communication line indicat-
ing receipt of said call contro] signals.

37. The [system] arrangement of claim 31 wherein said
terminated communication control signals are concurrent
voice and data communication control signals.

38. The [system] arrangement of claim 31 further com-
prising means responsive to failure of said determining and
generating means for causing said terminating means to
pass-through the communication contro] signals.

39. The [system] arrangement of claim 31 further com-
prising means responsive to failure of said determining and
[generates] generating means to communicate with said
communication line or said terminal device for causing said
terminating means to [ceause] cease terminating said com-
munication control signals and to [pass through they] pass-
through said communication control signals.

40. The apparatus of claim 1 wherein said processing
means comprises a personal computer

41. The apparatus of claim 40 wherein said personal
compuler is equipped with said at least one of said terminal
devices.

42. The apparatus of claim 41 wherein said at least one
of said terminal devices comprises at least one telephone
station sel.

43. The apparatus of claim 40 wherein said terminating
and connecting means is incorporated into said personal
compuler.

44. The apparatus of claim 41 wherein said terminating
and connecting means is incorporated into said personal
compuler.

45. The arrangement of claim 16 wherein said determin-
ing and communicating means comprises a personal com-
puter.

46. The arrangement of claim 45 wherein said personal
computer is equipped with said terminal device.

47. The arrangement of claim 46 wherein said terminal
device comprises a telephone station set.

48. The arrangement of claim 45 wherein said terminat-
ing means is incorporated into said personal computer.

49. The arrangement of claim 46 wherein said terminai-
ing means is incorporated into said personal compuler.

50. The arrangement of claim 31 wherein said determin-
ing and generating means comprises a personal computer.

51. The arrangement of claim 50 wherein said personal
computer is equipped with said terminal device.

52. The arrangement of claim 51 wherein said terminal
device comprises a telephone station set.

53. The arrangement of claim 50 wherein said terminat-
ing means and said transmitting means are incorporated
inlo said personal computer.

54. The arrangement of claim 51 wherein said terminat-
tng means and said lransmitting means are incorporated
inlo said personal computer.

55. In a communication system having a plurality of port
circuits, each of which is connected to a corresponding
terminal device and communicates with said corresponding
terminal device according to a predetermined protocol, the
improvement comprising.

at least one terminal device; and

an Interface apparatus associated with said at least one
terminal device and comprising

processing means,
means interposed between said at least one terminal
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device and its corresponding port circuil for terminat-
ing communication signals passing between said at
least one terminal device and said port circuit and also
connected to said processing means for connecting said
processing means to both said port circuit and said at
least one terminal device, and

wherein said processing means is responsive 1o receip! of
said communication signals from said port circuit or
said at least one terminal device, for determining from
said received communication signals a service to be
provided and for communicating with satd port circuit
or terminal device according to said protocol to pro-
vide said service.

56. The improvement of claim 35 wherein said processing
means comprises a personal computer.

57. The improvement of claim 55 wherein said at least one
terminal device comprises a telephone siation set.

58. The improvement of claim 57 wherein said processing
means comprises a personal computer and said personal
computer is equipped with said telephone station set.

59. The improvement of claim 58 wherein said terminat-
ing and connecting means is incorporated inlo said personal
compuler.

60. The improvement of claim 56 wherein said terminat-
ing and connecting means is incorporated into said personal
compiler.

61. A communication apparatus comprising:

a terminal device; and

a communication management arrangement for connect-
ing said terminal device to a communication line, said
terminal device communicating across said communi-
cation line according to a predetermined protocol,
comprising

means connected to both said terminal device and said
communication line for terminating communication
signals output by said terminal device and said com-
munication line, and

means connecled 1o said terminating means and respon-
sive to said communication signals received from said
terminal device or said communication line for deter-
mining from said communication signals a service to be
provided and communicating with said terminal device
or said communication line according to said protocol
to provide said service.

62. The apparatus of claim 61 wherein said determining
and communicating means comprises a personal compiter.

63. The apparatus of claim 61 wherein said terminal
device comprises a telephone station set.

64. The apparatus of claim 63 wherein said determining
and communicating means comprises a personal compuler
and said personal computer is equipped with said telephone
station set.

65. The apparatus of claim 64 wherein said terminating
means s incorporated into said personal computer

66. The apparatus of claim 62 wherein said terminating
means s incorporated into said personal computer.

67. A communication apparalus comprising.

a terminal device; and

a communication management arrangemen! service said
terminal device and a communication line associated
with said terminal device, said terminal device com-
municating with said communication line according to
a predetermined protocol, comprising

means interposed between said lerminal device and said
associated communication line for terminating all com-
munication control signals output by both of said
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terminal device and said associated communication
[ine,

means, responsive (o said terminaled communication sig-
nals, for determining from said communication signals
a communication service to be provided and generating
control signals according to a predefined algorithm to
provide said communication service, and

means responsive to said generated control signals for
transmitting said generated control signals according
to said protocol to either said terminal device or said
communication line as determined by said algorithm 1o
perform functions specified by said generated control
signals.

68. The apparatus of claim 67 wherein said determining

and generating means comprises a personal computer.
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69. The apparatus of claim 67 wherein said terminal

device comprises a telephone station sel.

70. The apparatus of claim 69 wherein said determining
and generating means comprises a personal computer and
said personal computer is equipped with said telephone
station sel.

71. The apparatus of claim 70 wherein said terminating
means and said transmitting means are incorporated into
said personal computer.

72. The apparatus of claim 57 wherein said terminating
means and said transmitting means are incorporaled Into
said personal computer.
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