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input to the multiplexing circuit are stored in a shift

Jun. 29, 1984 [CA]  Canada ...ocomceemsmmssnseneennen 457836 ' ) A
register for subsequent modulation of a carrier signal,
(511 Int, Cl4 ... .. HO04J 3/12 - but since only one interface may enter a transmission
[52] US, ClL 370/76; 379/93  mode at one time transmission priority is assigned by a
[58] Field of Search ..........ccccocunuur 370/110.1, 85, 124, controller to the interface that first attempts transmis-
370/24, 50, 76, 29; 179/2 DP sion on an inactive line. All other interface then enter a
[56] References Cited monitor mode to listen but not act on the transmitted

U.S. PATENT DOCUMENTS

message. Transmission errors caused by line noise, or
collision transmissions between two or more interfaces

3,701,851 10/1972 Starrgtt ................................. are resolved via message transactions between the inter-
:’(1)3(1)223 (5)/ ig;g EoPkmh;l'("' faces only, and retransmission priority is resolved in
171,467 10/ venchik . favor of an interface having the lowest address. Con-
4,178,480 12/1979 Carbrey ....... . labl X . .
4,381,427 4/1983 Cheal et al. covorrecroore 1792 pp  trollable transmit and receive equalizers define analog
signal paths in the interfaces and compensate for line
OTHER PUBLICATIONS losses.

“Carrier Telephone”, MacDowell and Nevitt, 10-1956,
all.

16 Claims. 9 Drawing Figures

o
13 20 38+ " 3" 57| 2 |,
TRANSMIT P
# ware ; =)
. g g 39" 37" 43 62| vETwoRe
RECEIVE Low pass N
25 T {5 SATE [*— roaLizen Pires |51 [
=5y 2 23 26" 27" 1
“TRANSMIT HIGH
335 B o B e
285 " 46 75
£y “ & 1
Hg 5 . LER ol 6are] | |[macance
i 25% 29’ 31* SOURCE
HIGH PASS
! DECODER DEMOD FILTER &4
& ” vl OPER. 5 2
8US RECEIVE i
2y ANTERFACE]" | REGISTER 'i_
Pee |
W 0 B SR,
33
17~
6
57 35' { 2 36 j 56| 9@
LOW PASS TRANSMIT 3 a
{ e Hr ] o FILTER EQUALIZER
COUPLER| (62 43 37- 39
H LOW PASS RECENE
T E;_ | L] FiLTER EQRTER GATE k4 |
28 135
27- 26 23 t 92
45 HIGH PASS| TRANSMIT i
] [ voo J—{reen ==
une {178 <6 22
OLTAGE a5 : 2
PETECTO GATE Jo— CONTROLLER] _5121
-24 B
-3/ 29 25 !
HIG
STt} | 7 FlER DEMaD. DECODER L
GONTROL 32 13 §
7 . RECEIVE BuUs -r-v
35 ~ 49— SOUREE. REGISTER| ™| wreRFace] 53
o B 127 Py

= 50
SI2KHz

IPR2024-00954

Cisco Systems, Inc. v. Portsmouth Network Corp.
Cisco's Exhibit 1014

EX1014, Page 1



4,646,289

Sheet 1 of 8

U.S. Patent Feb. 24, 1987

. ZHWN 96°2
. VI ‘ol 4
w 5 | , 06~ 201D
At O/ A+
+1______.| ° or 0 92/ h.N\\“U/l
S I ] — 72/
T 3HN0S n uoﬁ_mm_hz_ o
¥31S193
¢ P ETNERETY sna -
£ S6 e /
7 s aowaa 4300030 |— °
- (@]
30HN0S e 62/ G2 548
INZHHND A ‘ | B egl _
FINVE || - | [31vo [« Y3 TIONLNOD = 59
S 9 ’ noP
x%N ) 1 / qul
YETRIP . _ |u3Lsioay . =
SSVd HOIH aow LIASNvAL [<]83000N3 © mwm
227 92— £27 2 <52
. £9 TETRTE] ¥3z17vnd3 3170 GETI~ —| A&
$ SSvd MO ETNEREL] _ B S -
=, MWHOMLIN £t L8 ,65 . 95/ M
m aenH |7 ¥aLd ¥3ZIvno3 i
l 3 ALvo sSvd Mo [T LinsNvyL [ el -
@ 1 Y, 4 71 < :
o/ - |25 , 85 e S 9€ QN g/ 6/
4

EX1014, Page 2




4,646,289

Sheet 2 of 8

EX1014, Page 3

A

U.S. Patent Feb. 24, 1987

ZH 2IS dl 9ld
06~ 2019 |
i \N\A w\v\ § 82/
£6 02 3ovauain | Juaisioay | 33unos 1 re [~
¢ sna 3AI13D3Y M M340 |4
A [} TTOYINOD |—
v £ 20 ETRTE AN3¥HND
4 ¥300930a aow3a je—] 3N LNVLSNOD
i 62y Cee e/ ,
J re 31v9
O4.LNOD _
4 y3no ¥015313a
£ Y 1 aw 39VLI0A -
% yadd ‘ 9% 3NN
avd « FETCED _ ) YEYRIF)
AN Y3Q0ON3 [ JINSNYHL QON  —*lcovd HOIH Cor
. < < I
N.v 3 £2 97 22 %Nq
[ y3zrwnoa ¥aLS
_D E s 3INIOIY  [*]ssvd MO
6c” AY73 Ngp 4374000
¥3Zrvno3 ETRIE :
O, *>1 1INSNVHL ssvd mon[ ] 30
A o7 § Nie F Ner
N/

1

R

Vi '914 WOoHd




4,646,289

Sheet 3 of 8

U.S. Patent Feb. 24, 1987

EX1014, Page 4

a2 9old
ot/ . . : .
g5/ ve old !
Y-\ g¢) . _
7N SIINAOW NO
m | &bl aav oL - —~9E
P 65| 5 3 | r8~Juoo| T —
R CET _ O O P T saztdo,  [S112.| |88
. 2 e (24
m i |°g m (%4 | # \ﬁ\m@ \r ONIY Hmmm sz mm mm
:o.%_ ] il W__ G s mw
_ _ 84+ x ¢ oo _ o
- L - J ] ﬁ / /A.I_ \w\ mv
><.mmm_o - m%.f g9 e N.v% WMUH W 3
~ > - '
VA3 2~ $744 .wm , ™1 £ £/ oz
gs GE7 cE | mMeHn T ,9ER| ]
967 GE | . AO = 990 1118 [|E<
‘ ! s 2 S |ES
9 £8 s 29 86/ ml|d
o1 L s’ 22/ iRt
_ m.N\qw 28~ r9~K W __ " N _., :
e | AP
%\\OJI 9G s/
9l > S oo :
L LU Ceo oo/t [lpojo ly
or + $iom 5 .
ct < _. | =
065 ™




4,646,289

Sheet 4 of 8

U.S. Patent Feb. 24, 1987

¢ 9Old _ 26/
26 96 S6—_ Sol
il LINONID TONLNOD | | LINONID 0MLNOD| 95/
no |/ 3NNT0A L¥3 TV INNTOA 310A |- gg 5
N ELU » o5/
et #5. <61
| .
£G/— 90/ &o/ QQ\K
Nao | ) ] ./ |
zzna| Lo~ |
it LINOYID 68 N LE/
” of Y3174 L 1 q0uin00 J
303y \ SSW MO \ivo Al
* s o1 “| 1o
£ Lot , 3AI303Y
»v.w ¥3Ld 62 /
SSVd  HOIH donaa | o)
. : 66/ .
1no ) =y LINOHID "
L A— e———] 104.LNOD fu—s
LINSNVYL 15— SSvd Mo [T pronag 9517 LINSNVYL
¥3L714 20/
| SSVd HOIM )
v 19/ i

22~

EX1014, Page 5



U.S. Patent  Feb. 24, 1987

LCD

53

DISPLAY

Sheet 5 of 8

-

1

X X

437

DECODER

/29

]
1287
:
130N

o

Ay

Ji4

INTERFACE |

73 »
E _/’Kiféii_ %7 F
BUS

20

120\ §

ENCODER

/30

U4

| —

2N

[ ]

—

RECEIVE
SHIFT
REGISTER

i d

[
3e

I/
)

CONTROLLER

NS

TRANSMIT
SHIFT 1

]
1
I
i
|
'
]
i
|
t
1

23

REGISTER

/
25

GEN.
LCENS-

7\

%6

)

©
8

|
90

N
©
%

——

(0]

TESTY}!
REG. ]!
*

4@9

-

=™

DEMODULATOR

A/D

297

TEMPORARY VOLUME

CONTROL REGISTER
PERM. VOLUME

CONTROL REGISTER K

ALERT VOLUME
CONTROL REGISTER

\

TEST

ol

MODE 16-BIT

SERIAL SHIFT REGISTER

TEST

CONTROLLERI

I
I
|
1
|
!
|
I
|
|

/18 J :

~9.3¢
~93

-

-]
FROM
3l

,\?8

TE

TO TO 102, TO96

%4,38,38 93

105-109

FIG. 4

3

P

TO95

REG.

1
|
!
[
I
!
!
|
!
[
|
!
t
!
|
!

ST

5

Lo

1
|
I
22
..7'

4,646,289

“N
&6

nz'

"z

-

~ EX1014, Page 6



4,646,289

INTERFACE 17

Sheet 6 of 8

U.S. Patent  Feb. 24, 1987

(SONODISITIW NI FOVIHILND
ss3yaav v S3ON3INNOD
JINSNVYYHL- mm Zo_m_u_u_oo
S3ON3IWWO0D
LINSNVY.L-3Y S3ON3INNO0D
X NOISI1109 LINSNVYH 1-3Y ZO_m_n_l_OO NON 53s -«OMN 1SV

[+ | | JWIL ¥OIHD NOISITI0D
SIINIWWOD a318vN3 ||_ Tl
{ 3n303y
i2 02
1 [}

LINSNVHL M3N « .
68l 2 %G pegliloes L 96 b e |
] 1 ] ] 0 L8 ' ' ! 1 ] ] ] 1 i 1] ]

INNOD mN vN €e N !
-

LIWSNVYL
MOGNIM Movd [ ]
(AV130 XVAW)  ---—-
NOVd GIAIFOIFY &=~ ——a
(Av130 ON)  r-— =7
MOVd QIAIZOIY i-—— — v1va ss3vaav
BEEEEEEEEEEEREEE 9SS N
s D o 1 A LINSNYY.L

d 0 ¥001020¢0»0SA9Q LQ0V IVSY A S

EX1014, Page 7



4,646,289

Sheet 7 of 8

U.S. Patent Feb. 24, 1987

~ S3ONIWWO0D ,
S3ION3INWO0D d37GVN3  NOISSIWSNVYL (stlg v >4m<4=2_mv
LINSNVYL M3N llh ﬁl AAIF0TY ﬁ AOvd ANIL m_.._n_s_<m|~

1NNoS V2 €2 221202 61 8 L 9l Gl bl €121 1l ol 6 8 J9G6becz!l O

JAIZOIY ' ' IR T T T T T TR | [} N I I T T '
s 006 HLON3T 1Ig

.rzus_uwom|_>>ozzo< v
, ._.m_<._.maum_30m_m
anusod L] K

viva mmmmoo<
7\

Jovssan
355 0010 2353 5a 535 Bo< _<N< as 3IAI303Y

EX1014, Page 8



AN

o0

N

3

N-} Z 94

<

3S7Nd M0070 Hls2 , | : 02 93002 O1L

(e o]

g )\.,6 3903 ONITTV4 NO /T UN9IS T0M.LNOD

s ;

B — I\ 7\ gzl ava

Q

3 .

7] bl 180d
(bl 1H0d)LNO
(#l LY0d) NI

(M00T10 ZHW 9672)

TN N NN avan

202 6/ 8 L 9 6 ¥ €2 U o0 6 8 L 9§ ¥ € < | O

U.S. Patent Feb. 24, 1987

" EX1014, Page 9



4,646,289

1
SIGNAL MULTIPLEXING CIRCUIT

FIELD OF THE INVENTION

This invention relates to a communications system in
which analog voice signals, digital message signals and
auxiliary digital signals are communicated simulta-
neously over a common signal path and more particu-

5

larly to signal multiplexing apparatus that is operable 10

either as a line card interface for a digital access circuit
of a central data and voice communications facility or as
a station set interface for a data and voice station, and
which is controllably operable to provide bidirectional
communication of these signals between corresponding
pairs of interfaces.

BACKGROUND OF THE INVENTION

Increasingly, user demands on telephone facilities
have far exceeded the basic requirement for a clear
voice connection between calling and called parties. In
particular, the business community, knowing of special
business features such call forwarding, conference call-
ing, and speed dialing, have placed heavy demands both
on telephone companies and equipment suppliers to
provide apparatus and service that will economically
satisfy such demands.

Moreoever, it is expected that these business features
will be available through a central data and voice com-
munications facility, either as a conventional telephone
" office switching center or as a privately owned counter-
part in the form of a private branch exchange (PBX) or
a private automatic branch exchange (PABX).

Previously, additional telephone features of the type
indicated generally required the use of additional wires
in the form of a cable. Economy suffered as a result in
view of higher cable costs in both initial procurement
and installation. In this regard, many private telephone
systems require a minimum of four wires connecting
subscriber sets to the telephone system that serves them.
Since the cables of such systems are infrequently used
throughout the course of a business day, many compa-
nies are reluctant to commit substantial expenditures for
such installations, especially since a second pair of wires
could be used for other purposes such as data transmis-
sion. Moreover, four-wire transmission is incompatible
with existing two-wire transmission in the outside plant.
Furthermore, power requirements of such multi-wire
systems are by no means insubstantial which generally
limits the range of a subscriber set in a PBX to within,
at most, one thousand metres of the switching center.
Accordingly, a company occupying a large building or
having staff members in several outlying buildings
would likely experience difficulty in obtaining business
features at all locations.

A further problem that may be experienced as a result
of the one thousand metre limitation relates to a com-
pany that may be too small to justify purchasing its own
PBX and is either unwilling or unable to share jointly in
ownership of a PBX with other small companies in the
same building. Thus, a small company is disadvantaged
in terms of its ability to obtain business services.

Recognition of these problems has resulted in the
development of apparatus and systems that are espe-
cially adapted to share a common signalling path for
voice signals and digital message signals together with
auxiliary digital signals. Two typical prior art patents
describing the use of a single pair of wires carrying a
plurality of signals as noted may be seen in U.S. Pat. No.
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2

4,171,467 issued Oct. 16, 1979 to L. N. Evenchik and
U.S. Pat. No. 4,178,480 issued Dec. 11, 1979 to R. L.
Carbrey. Both patents relate to signal multiplexing and
disclose a signal multiplexing circuit that makes use of a
single pair of wires to interface a data and voice com-
munication circuit such as an electronic telephone
(EKT) station set with a central data and voice commu-
nication system such as a business communication sys-
tem (BCS).

To the extent indicated in the Evenchik and Carbrey
patents, the problems associated with providing a tele-
phone system having business features are substantially
overcome. One problem remains outstanding, however,
and is not fully addressed by either Evenchik or Car-
brey.

This is the relatively inefficient use of a central data
and voice communication facility to reduce user prob-
lems as, typically, when noise on the line creates a trans-
mission error and, perhaps more commonly, when re-
quiring the facility to resolve caller priorities shouid
two EKT station sets attempt transmission at the same
time. Under these circumstances some portion of the
facility is occupied for a discrete interval and, in terms
of total numbers of such occurrences over an extended
period of time, an effective reduction of facility capac-
ity results.

SUMMARY OF THE INVENTION

One provision of the present invention is a signal
multiplexing circuit that is economically producable in
larger production runs in view of its operable capability
as both a line card interface for a digital access circuit of
a central data and voice communication facility as well
as a station set interface for a data and voice station.

Another provision of the invention is a signal multi-
plexing circuit that is capable of bidirectional communi-
cation between the line card interface and addressable
ones of the station interfaces.

Still another provision of the invention is a signal
multiplexing circuit having an idle mode of operation
during which operating current requirements are mini-
mal.

Yet another provision of the invention is a signal
multiplexing circuit that is capable of resolving call
priority conflicts.

Another provision of the invention is a signal multi-
plexing circuit having an automatic gain control (agc)
to compensate for resistive voice signal losses on long
lines.

Yet another provision of the invention includes a
system for digitally controlling ringer and voice signal
volumes in a station set interface.

Another provision of the invention includes a digital
display to indicate the status of the telephone set.

The problems associated with the prior art may be
substantially overcome and the foregoing provisions
achieved by recourse to the invention which is a signal
multiplexing circuit selectively operable as a line card
interface for a digital access circuit of a central data and
voice communication facility and as a station set inter-
face for a data and voice station, and which is controlla-
bly operable for bidirectional communication between
the line card interface and addressable ones of a plural-
ity of station interfaces interconnected via a two wire
telephone line. The circuit comprises line sampling
means responsive to a carrier signal for detecting an
active line state in the presence of the signal on the line

EX1014, Page 10
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and an inactive line state in the absence thereof. Trans-
mit register means responsive to a data message bit field
input thereto store the bits until the occurrence of a
predetermined inactive line state. Controller means
responsive to the detected inactive line state enable a
serial data bit output of the register means, and modula-
tor means having an input coupled to the data output
modulate a high band carrier signal and output the
signal on the line. Equalizer means that include analog
signal receiving and transmitting paths connected be-
tween signal inputs thereto and the line, controllably
enable and disable the paths in response to predeter-
mined ones of the data message bit fields input to the
controller means.

DESCRIPTION OF THE DRAWINGS

The invention will now be more particularly de-
scribed with reference to embodiments thereof shown,
by way of example, in the accompanying drawings in
which:

FIGS. 1a and 15 are block diagrams of the invention
shown as a line card interface for a digital access circuit
of a central data and voice communication facility
which is interconnected via a two wire telephone line to
a station set interface for an electronic key telephone
station set;

FIGS. 2a and 2b are schematic diagrams of line cou-
pling circuits indicated in FIG. 1;

... FIG. 3 is a block diagram illustrating controllable
- analog signal paths in the signal multiplexing circuit of
- the invention;

FIG. 4 is a block diagram illustrating controllable
digital signal paths in the signal multiplexing circuit of
the present invention;

FIG. 5 is a diagram of a transmit sequence of data
message pulses;

FIG. 6 is a diagram of a receive sequence of data
“-message pulses; and
FIG. 7 is a timing diagram for a high speed data bus
- interface shown in FIG. 4.

GENERAL DESCRIPTION OF THE
ILLUSTRATED EMBODIMENTS

A telephone system 10 that embodies a signal multi-
plexing circuit of the present invention is illustrated in
the block diagram of FIG. 1. It will be understood,
therefrom, that such circuit is selectively operable as a
line card interface 11 having an analog voice signal
input 12 and an output 12’ connected to a digital access
circuit 13. An input/output (I/0) port 14’ constitutes a
high speed digital signal port that is also connected to
the circuit 13. As shown, the circuit 13 forms part of a
central data and voice communication facility 19. Typi-
cally, this facility may comprise either a local private
branch exchange (PBX), a private automatic branch
exchange (PABX) or a switching system of a local
telephone central office (CO).

The system 10 makes use of a single pair of wires,
shown as a two wire telephone line 16 having tip (T)
and ring (R) conductors, that are used to connect the
interface 11 to a station set interface 17 of a data and
voice station shown as an electronic key telephone
(EKT) station set 18.

Having regard to the respective diagrams of the inter-
faces 11 and 17, it will be observed that both circuits are
the same, with differences occurring in minor connec-
tion changes and in either the addition or deletion of the
station set 18. It becomes apparent, therefore, that the

—
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signal multiplexing circuit of the invention may be oper-
ated either as the interface 11 or interface 17 with minor
wiring changes. This arrangement permits bidirectional
communication between the interfaces as illustrated or
between the interface 11 and addresssable ones of a
plurality of station interfaces 17 via the line 16.

Bidirectional communication between the interfaces
11 and 17 provides a convenient method by means of
which the interface 17 reports to the interface 11 on
user actions. Typical examples are, going OFF HOOK
or ON HOOK and pressing keys as when dialing a
directory number. In turn, the interface 11 conveys the
information to the facility 19 which then determines
under software control how the user requests are to be
implemented. Instructions from the facility 19 are com-
municated in the form of a serial bit stream to the 1/0
port 15. Decoding of analog voice signals occurs via a
codec 20 and analog voice signals and digital message
signals are conducted through the input 12 and the port
14, respectively, to the interface 11. Thereafter, mes-
sage transactions between the interfaces occur until a
communication path is established between the calling
and the called party.

In accordance with the aims of the invention, local
intelligence in the interfaces resolves many difficulties
as may occur when there is considerable noise on the
line 16 or if there are other transactions in progress at
the time the facility 19 attempts sending a message to
one of the sets 18. Under such circumstances, the facil-
ity 19 sends a message once which is received by the
interface 11. The interface 11 may then transmit that
message a number of times until the noise or conflict
problem is resolved and the appropriate called set 18
has been contacted. The facility is thus free of such
housekeeping duties and is available to attend to other

" matters until the message transactions are completed.

40

45

60

65

The interface 11 and complimentary interfaces 17 of
the sets 18 which are on the same line 16 share a stan-
dard voice frequency channel with an above-band com-
mon signalling channel. This communication path is
carried by the tip and ring conductors of the line 16
which comprises a non-loaded outside plant loop that is
typical of North American urban and suburban tele-
phone plant. ‘

Signalling and powering arrangements are designed
to achieve a range of 4750 meters in most applications.
The signalling band, which is centered around 8 KHz,
permits the exchange of about 40 messages per second
between communicating interfaces via a modulated
(interrupted) carrier.

A three bit address code is assigned to individual ones
of the interfaces 17. This allows for a maximum of eight
terminal devices that include station sets 18 and add-ons
such as extensions. The interface 11 has no true address
code but is identified by a direction bit, hereinbelow to
be described in the message format. The interface 17 for
the principal set 18 is, however, given address zero with
any other interfaces 17 having addresses in ascending
order up to and including the binary number 7. When
the interface 17 originates a call, its address is included
in the message. Likewise, the address of the interface 17
is included in any message received from the interface
11. The interface 11 passes on instructions received
from the facility 19, via a scan circuit 21, to the interface
17 and, in reply, the interface 17 reports to the interface
11 on its actions. In the embodiment described, up to
thirty-two interfaces 11 are serviced by one circuit 21.

EX1014, Page 11
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Communication between calling and called interfaces
is asynchronous  with each interface having access to
the line 16. System protocol requires, however, that
when a calling interface is transmitting a signal, all other
interfaces enter a monitor mode in which the transmis-
sion is received but not acted upon. A called interface
will therefore enter the monitor mode, which may also
be referred to as a receive mode, from an idle mode
whenever it detects a valid start of message bit on the
line 16. It is apparent, therefore, that an interface may
be in any one of three modes; idle, receive (monitor), or
transmit.

In the idle mode, the line 16 is inactive which means
that a carrier signal for the signalling band is not present
on the line. According to the protocol of the present
system, carrier on the line represents a logical one
whereas absence of a carrier signifies a logic zero level.
Thus, the line will be active for both transmit and re-
ceive modes since a calling interface will output a mod-
ulated carrier in the course of transmitting a bit field as
a corresponding stream of data message pulses.

Prior to transmission, also referred to herein as initiat-
ing a call, the calling interface firstly determines the
status of the line. Assuming that no other transmissions
are present, the line status is inactive, logical zero,
which permits the calling interface to initiate transmis-
sion.

Notwithstanding the foregoing requirement to estab-
lish call priority, occasionally two interfaces will enter
the transmit mode almost simultaneously. The resulting
simultaneous transmissions are referred to as a collision.

This results in an invalid transmission which all moni--

toring interfaces will ignore and await a retransmission
which occurs only once since transmission priority is
immediately established.

In order to minimize the likelihood of subsequent
collisions, transmit priority for the interfaces on the line
16 is established in' ascending order of interface ad-
dresses. Thus, first priority is given to the interface 11
which has no address. Priority is next assigned to the
interface 17 having zero as its address. Least priority is
thus assigned to the interface 17 having the binary ad-
dress 7. With priority thus established, the calling inter-
face will firstly monitor the line 16 to establish that it is
inactive and then follow with a first retransmission. By
this time, the interface with junior priority would check
the line status and, finding it active, would enter the
receive mode.

Once transmission begins, all other interfaces on the
line would similarly detect the state thereof and, finding
it active, would also enter the receive mode to monitor
the transmission passively. The interface identified in an
address field of the transmission will acknowledge the
transmission upon successful receipt thereof, thereby
establishing a bidirectional communication path be-
tween the calling and called interfaces.. Subsequently,
when a main computer, not shown, of the facility 19
polls the interface 11, message data stored therein is
output through the port 14’ with the computer being
unaware of the collision resolution. More importantly,
however, no real time of the facility is required to re-
solve the collision.

Errors in transmission are of two types. Firstly, there
are collisions as described hereinabove. Secondly, there
may be a parity error. According to the established
protocol of the present system, correct parity is present
when the total number of logical one bits in the mes-
sage, including the start bit, is odd. Thus, should parity
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6

be even, degradation of the message has likely occurred
thereby rendering it invalid. As in collision errors, par-
ity errors will result in only one retransmission in an
attempt to recover from the invalid message. Thereaf-
ter, additional attempts, if required, would be treated
like new transmissions requiring initiation by a tele-
phone subscriber.

A typical calling sequence may be followed with
reference to FIG. 1. When the set 18 goes OFF HOOK,
the line status is firstly checked by a control circuit,
shown as a controller 25. Assuming that the line is inac-
tive, an encoded data signal representing the OFF
HOOK condition is generated by an encoder 22 and is
applied to a transmit shift register 23. A serial bit output
from the register 23 is routed to the controller 25 which
enables a modulator 26 that generates a modulated 8
KHz carrier signal. The signal is then passed through a
high pass filter 27 to a drive input of a line coupler 28.
The output of the coupler 28 is connected across the
line 16. Subsequently, the interface 17 continues to mon-
itor line status during transmission of its data message,
hereinbelow to be described. This occurs by sampling
the line on all zero bits in a direction, address, transac-
tion code and repeat field portions of the transmitted
data message. Sampling occurs via an input gate 24,
coupled through a high pass filter 31 to a demodulator
29 to check for the presence of the carrier signal. If the
interface 17 is the only one transmitting, the line status
will be zero on each check. The complete data message
will then be sent with its error bits set to repeat low and
collision high, the latter indicating no collision. The
interface 17 then awaits confirmation that the called
interface 11 has received a valid message.

Following application of the data message to the line
16 in the form of the modulated carrier signal, the signal
is coupled through a hybrid network 30 to the interface
11. The signal is then routed via a gate 24’ and a high
pass filter 31’ to a receive demodulator 29' which de-
tects the data message bit stream and applies same to a
receive register 32'. A serial data bit output therefrom is
connected to a control circuit, shown as a controller
25’, where the validity of the data message is tested.
When found valid, a control signal is output therefrom
to a modulator 26’ from which a confirming signal ac-
knowledging receipt of the valid message is sent out on
the line 16 to the calling interface 17.

This confirming signal is referred to herein as a posi-
tive acknowledgement (PACK) which is coupled
through a signal input portion of the line coupler 28 to
the demodulator 29 via the gate 24 and the high pass
filter 31. The detected PACK signal is subsequently
input to a receive register 32 and therefrom to the con-
troller 25 which sets the interface 17 in an active mode
with all functions operational. Thus, the interface 17
becomes fully active upon reception of a collision free
message with correct parity and matching address. At
this point in the operating sequence a constant current
control circuit, shown as a current sink 35, is enabled
together with controllable transmit and receive equaliz-
ers 36 and 37, respectively, along with their correspond-
ing control gates 38 and 39.

Reference to FIG. 1 shows a telephone transmitter 40
of the set 18 connected to a controllable transmitting
voice analog signal path in the interface which com-
prises a serial combination of the equalizer 36 followed
by a low pass filter 41 and the gate 38 to the drive input
of the coupler 28.
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A corresponding receiver 42 of the set 18 is shown
connected to a receiving voice analog signal path of the
interface 17 which comprises a serial combination of the
gate 39, the equalizer 37 and a low pass filter 43 which
has an input connected to a receive output of the line
coupler 28.

Turning on the current sink 35 provides a constant
current input to the interface 17 at an operating current
source 44.

Associated with the current sink 35 is a line voltage
detector 45 which produces a dc control voltage that is
inversely proportional to the length of the line 16. This
control voltage is applied to an analog/digital (A/D)
converter 46 which functions through the controller 25
to control the respective gains of the equalizers 36 and
37. Concurrently, gates 38 and 39 are enabled by the
controller 25 to complete the analog signal paths be-
tween the set 18 and the line 16.

A bus interface 20, corresponding to a bus interface
20’ of the interface 11, is available for optional use as a
high speed data port that is stepped by a clock 50 at 512
KHz. In the calling mode described for the interface 17,
however, data signals would likely be generated by a
user controlled peripheral apparatus. A liquid crystal
display (LCD) 53 has an input connected to the output
of a data decoder 113, driven by the register 32, and
provides a visual readout of a function selected at a key
pad 52 or the functional status of the interface 17.

Turning next to the interface 11, a circuit similarity

_-with the interface 17 is apparent with minor differences

occurring only in circuit connections. Also, the bus

-.interface 20’ is similarly stepped by a clock 50', but at

2.56 MHz in order to operate its high speed port 14
Whereas in the interface 17 the bus interface 20 is avail-
able to provide an optional high speed data port, the
corresponding bus interface 20’ provides the high speed
data port 14’ for continuous communication with the

« facility 19.

Some of the circuits employed in the interface 17 are

.. redundant in the interface 11 and are so indicated. For

example, an A/D converter 46’ is shown with its input
grounded, thereby rendering it disabled together with a
corresponding portion of the controller 25'. It will be
apparent, therefore, that the interface 11 includes trans-
mitter and receiver equalizers 36’ and 37', respectively,
which have a fixed gain of 0 dB. Thus, it will be under-
stood that the output from the equalizer 36" coupled
through a low pass filter 41 to-an input of a gate 38, is
applied to an input of the network 30 with no gain
control thereof.

In a similar fashion, a voice analog signal input from
the line 16 to a low pass filter 43’ is amplified at a fixed
gain by the equalizer 37'.

Data message signals input to the bus interface 20’ are
output therefrom via the transmit shift register 23’ to the
controller 25 for testing. The signals are then coupled
to the modulator 26’ for generating the 8 KHz carrier
signal which is applied through a high pass filter 27’ to
an input of the network 30.

Unlike the interface 17 which operates from the cur-
rent sink 35 that obtains its voltage from a battery 33
applied across the tip and ring conductors via the net-
work 30, the interface 11 operates from a conventional
operating current source 55.

MESSAGE FORMAT

The transmitted message, referred to hereinabove, is
shown in FIG. 5 as comprising 16 data bits with each bit
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length being 1 ms in duration. The message comprises
the following:

BIT DESCRIPTION

S—start bit

D—message direction bit

A2, A1, A0—three-bit address field

D7, D6, D5, D4, D3, D2, D1, D0—eight-bit transac-
tion code

R—repeat error-detection bit

C—collision bit

P—parity bit
The start bit S is a logic one, the idle state of the line
being zone or the absence of the 8 KHz carrier. The
direction bit D is zero for transactions originating at the
set 18 and one for transactions originating at the inter-
face 11. The bit D ensures that collisions are always
detected where the interface 11 message address field
matches the address of a called interface 17.

Reducing the effects of line noise and collision occurs
by way of the bits R, C, and P. Thus, the bit R is
brought high on retransmissions not occurring as a
result of collisions. This normally low bit works in
conjunction with an internal flag of the controller 25 to
judge whether a receive message that is free from errors
is to be accepted. When an interface receives a message
with incorrect parity, it sets the flag. If parity is correct
the flag is reset. The timing of retransmissions is such
that a retransmission should follow immediately after a
message with a parity error. The action of the flag and
the bit R is summarized as follows:

(a) The flag and bit R are both set—message is ac-

cepted (retransmission assumed).

(b) The flag is set and the bit R is reset—message is
accepted (new message assumed).

(c) The flag is reset and the bit R is set—message is
ignored (it is assumed that the retransmitting set
failed to detect a PACK for a correct message).

(d) The flag and bit R are both reset—message is
accepted (new message assumed).

The flag and bit R are not set for the reception of col-
lided messages and collision retransmissions, respec-
tively.

In the transmission protocol of the present invention,
if two interfaces are transmitting and one transmits a
one while the other transmits a zero, an interface moni-
toring the line will detect the high level. Using this
property, it is possible for a transmitting interface to
detect other interfaces on the line 16. Each time an
interface transmits a zero, it monitors the line to ensure
that the line has the correct level. If there is a difference
between the actual and expected line levels, a collision
has occurred. The line is sampled following a zero bit
transmission after a wait period in excess of the modem
delay, but before the next bit is transmitted. Collision
checks are performed on all zero bits in the direction,
address, transaction code and repeat fields. When a
collision is detected, the normally high bit C is brought
low. A message with a low bit C is ignored and no
positive acknowledgement is sent. The flag is set if there
is also a parity error.

When a calling interface detects a collision, it under-
takes retransmitting the message with the bit R low,
after the current transmission is finished. Collision asso-
ciated retransmissions occur after a wait period that is
proportional to the calling interface address. Since each
set interface 17 has a unique address, collisions will not
occur again on retransmission. As previously men-
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tioned, the interface 11 is given first priority on collision

recovery attempts. This provision should result in only

one retransmission before the collision is resolved.
The bit C is normally high for two reasons:

10
transmit because of a non-collision error, the retransmit
sequence begins 22 ms into the transmit sequence. Re-
transmission, because of collisions, commences 23 ms
plus the set address (3 ms) into the message transmission

(a) glitches triggering start bit detection will not be 5 for interface 17 and 22 ms for the interface 11. Trans-
recognized as valid massages; and mission of new data is enabled at count 23 ms. In all
(b) if the bit C was high during collision, phasing cases, the interface 11 and 17 receive portions are en-
effects from the colliding transmissions could cause  abled at transmit count 21. If a valid start bit is detected
corruption of the bit. before an interface begins retransmission or a new trans-
A determination of bit corruption is provided by the 10 mission, the receive mode will be entered and the trans-
parity bit P which is calculated such that the total num- mit message will be stored in the register 23 for trans-
ber of ones in the message including the start bit is odd. mission at a later time.
The called interface checks the bit P and compares the The receive sequence of data bits is illustrated in FIG.
line value with its calculated parity value. If there is a 6. Reference thereto shows that in the receive mode,
match and the bit C is high, the message is considered 15 positive acknowledgement to the calling interface com-
valid and a positive acknowledgement is transmitted by mences at receive count 15. The PACK signal will be
way of the PACK signal. A calling interface not receiv- removed from the line 16 at 18 ms into the receive
ing the PACK signal and not detecting a collision as- sequence and a new receive operation is enabled at
sumes a parity error and retransmits the message with receive count 21. Transmission of new data may com-
the bit R set. The calling interface begins retransmis- 20 mence 23 ms into the receive sequence. As with .the
sions before other interfaces can initiate any new trans- transmit signals, the transmission of new data is delayed
missions and only a single retransmission attempt is to give retransmissions priority. It will also be observed
made. that the receive count is referenced to a valid start bit
detection time and is therefore delayed about 500 pus
TIMING CONSIDERATIONS 25. with respect to the transmit count in FIG. 5.
Each bit length is nominally 1 ms in duration and the
bit S must exceed 500 ps to be valid. Thus, when a valid TRANSACTION CODES
bit S is detected by a called interface, the interface will In accordance with the best mode of operation con-
enter the receive mode and the remaining bits in the templated for the present invention, there are two cate-
message will be sampled in the second half of each bit. 30 gories of transaction codes which occupy the incoming
A calling interface looks for a PACK signal on the and outgoing message spaces. Various transaction code
line 16 between 17 and 18 ms into the transmit sequence. definitions are shown in Tables A and B for these two
The PACK signal must be present for 500 us to be categories and cover transactions between the inter-
considered valid. faces 11 and 17. Two additional categories of transac-
FIG. 5 illustrates the transmit sequence and reference 35 tion codes that are used between the interface 11 and
thereto will show that when a decision is made to re- the facility 19 are shown in Table C.
TABLE A
Incoming Message Space
CODE
M7 M6 M5 M4 M3 M2 Ml MO FUNCTION
0 0 0 0 0 D D D  LCD indicator DDD off
0 0 1 0 0 D D D LCD indicator DDD state A (Output 116)
0 i 0 0 0. D D D LCD indicator DDD state B (Qutput 118)
0 1 1 0 0 D D D LCD indicator DDD on
0 0 X 0 1 0 0 0 Soft Reset (maintain equalization) (SRS)
(o} 1 1 0 1 0 0 0 Hard Reset (HRS)
0 1 0 0 1 0 0 0 - Save Indicator States (SIS)
0 X 0 1 0 1 1 0  Open Echo Mode
0o X 0 0 1 0 0 I Close Echo Mode
0 X 1 0 1 0 1 0 - Turn on TONE (Gate 107)
0 X 0 0 1 0 1 0  Turn off TONE (Gate 107)
0 X 0 0 1 0 1 1 - No Function
0 X 1 0 1 0 1 1 No Function
0 X 0 0 1 1 0 0 = Turn off Tip/Ring to speaker (Gate 109)
0 X 1 0 1 1 0 0. Turn on Tip/Ring to speaker (Gate 109)
0 X 0 0 1 1 0 1 Turn off handset (Gates 38, 39, 105)
0 X 1 0 1 1 0 1 Turn on handset (Gates 38, 39, 105)
6 X 0 0 1 1 1 0 Turn off BUZZ (Gate 106)
0 X 0 1 1 1 1 0 . Turn on BUZZ (Gate 106)
o X 0 0 1 1 1 1 Turn off RING (Gate 108)
0 X 1 0 1 1 1 1 Turn on RING (Gate 108)
TABLE B
Outgoing Message Space
CODE
M7 M6 M5 M4 M3 M2 Ml MO FUNCTION
0 0 0 0 0 F F F Function key FFF depressed
0 0 0 R R R C C Key at crosspoint column CC
and row RRR depressed
0 0 0 1 1 1 0 1 Set goes ON HOOK
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11
TABLE B-continued
Outgoing M Space
CODE
M7 M6 M5 M4 M3 M2 Mi MO FUNCTION
0 0 0 1 1 1 0 0 Set goes OFF HOOK

DETAILED DESCRIPTION—FIGS. 2-4

The embodiments of the invention hereinbelow de-
scribed rely, in most instances, on block diagrams to
describe various circuit elements and their respective
functions. These block diagrams represent individual
circuits that would be known to those skilled in the art
to whom this specification is addressed, although not in
the novel combinations disclosed. Accordingly, the
following constitutes a sufficient description to such
individuals for a comprehensive understanding of the
best mode contemplated to give effect to the embodi-
ments as disclosed and claimed herein.

The general description of the present invention dis-
closed in respect of the block diagram of FIG. 1 is
described in more detail in FIG. 2, notably in identify-
ing the various input and output terminals and the man-
ner of the various connections for the interfaces 11 and
17. Moreover, a detailed circuit description is presented
herein for the line coupler 28, the line voltage detector
45, the constant current sink 35 and the network 30.

Referring now to FIG. 2, where like numerical desig-
nations are used for the same circuit elements illustrated
in FIG. 1, it will be understood that the interfaces 11
and 17 are fabricated as CMOS integrated circuits hav-
ing the same external terminal connections. Even
though the circuits of the interfaces are the same, the
various interconnections of the terminals and the differ-
ent devices attached thereto render the interfaces 11
and 17 as distinguishable entities.

Considering firstly the interface 17, it will be ob-
served that the line coupler 28 includes a voltage/cur-
.. rent converter which is shown as a line driver 56 having

. a first input connected to a signal voltage output termi-
nal 57 and a second input connected to a ground termi-
nal 63. The output of the driver 56 is connected across
a primary winding of a voice band coupling transformer
58, the secondary winding of which is bridged by a line
terminating resistor 59 and which is coupled through a
capacitor 60 and a pair of series resistors 61 and 61’ to
the tip and ring conductors of the line 16. The function
of the driver 56 is to impose on the line 16 current sig-
nals that are proportional to the voice analog signals
originating at the transmitter 40. In the embodiment
described, this proportion is in the ratio of 1 ma. out:1
volt in.

It will be understood that only one resistor 59 is used
for all of the interfaces 17 sharing the same line 16. In
this way, the line remains correctly terminated irrespec-

- tive of the numbers of interfaces connected thereacross
and signal levels are unaffected since the ouptut impe-
‘dance of each driver 56 is sufficiently high so as to not
significantly load down the line 16.

When receiving multiplexed signals on the line 16,
such signals are applied through the resistors 61 and 61'
and capacitor 60 and are coupled through the trans-
former 58 to the terminals 62 and 63.

Operating current for the interface 17 is derived from
the battery 33 which typically would be located at the
facility 19. Accordingly, an operating voltage for the
interface 17 diminishes as a result of resistive losses over
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long lines 16. Multiplexed signalling and voice signals
suffer similar losses. In order to ensure stable operation
of the circuits in the interface 17, the current sink 35
provides a stable source of operating current. A polariz-
ing diode 64 ensures the correct polarity of voltage
applied to the current sink 35. Connected serially with
the diode 64 and the resistor 61 across the tip and ring
conductors, a Zener diode 65 establishes a maximum
limit for dc voltage appearing across a voltage divider
comprising resistors 66 and 60 connected in series.

The dc voltage developed across the voltage divider
is applied across a serial combination of a Zener diode
68 and the current sink 35. Although it is.shown sym-
bolically to represent a constant current generator, the
current sink 35 may comprise, typically, an NPN tran-
sistor 69 with its emitter 70 connected to the diode 68
and its collector 71 connected to the junction of the
diodes 64 and 65. Its base 72 is connected to several
resistors and a diode (not shown) in a known manner
and to a line current control terminal 73 which provides
the base drive for the transistor 69. A power supply
terminal 74 is connected to the emitter of the transistor
69 which functions as the drain voltage supply that is
nominally + 10 volts with respect to a ground return
terminal 75. The diode 68 maintains a substantially con-
stant drain voltage and a capacitor 76, connected be-
tween the terminals 74 and 75 functions as a filter. Con-
nected across the current sink 35, a resistor 77 ensures a
minimum current flow irrespective of current flow
through the current sink 35. And, an input terminal 78 is
connected to the junction of the resistors 66 and 67
which provides a voltage that is proportional to the
voltage across the tip and ring conductors. This voltage
is applied to the converter 46 which, in turn, is used to
control the voice signal path equalizers 36 and 37, here-
inbelow described in greater detail.

Line signals connected to the terminals 62’ and 63’ of
the interface 11 are coupled thereto, typically, through
a hybrid transformer 80 which is of known construc-
tion. Line driving signals, which appear across the ter-
minals 57’ and 63’ are amplified by a line driver 81 and
are applied across the tip and ring conductors by way of
the transformer 80 as shown.

The battery 33 is connected across the line 16
through a pair of current limiting resistors 82 and 83
connected in series with respective halves of one wind-
ing of the transformer as shown.

Core saturation in the transformer 80 is avoided by
means of a balance current circuit 84 which is shown
connected serially with a balance winding 85 in the
transformer 80 between a ground terminal 75" and a
source of operating voltage. The circuit 84 is of a
known type that conducts a balancing current through
the winding 85 to reduce dc flux in the core of the
transformer 80. A typical balance current circuit is
described in U.S. Pat. No. 4,232,293 issued Nowv. 4, 1980
to H. H. Harris.

Control functions and digital signalling paths are
illustrated diagramatically in a block diagram of FIG. 4.
Schematically shown therein is a switching matrix 86 of
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the key pad 52 by means of which the various outgoing
messages illustrated in Table B are generated by the
encoder 22.

Thirty-two key crosspoints are illustrated. Three
crosspoints are used for the set address and may be
encoded in a known manner by connecting a SPST
switch (not shown) across each crosspoint. One cross-
point is used for a hookswitch 157 (FIG. 2a) and the
remaining crosspoints comprise twelve dial pad keys
and sixteen other keys which are assigned as required.
In this regard, it will be understood that the incoming
messages of Table A are under software control in the
computer of the facility 19. As such, the interfaces 17
are conducive of specially designed business features
which are implemented by similar software control. Of
the sixteen keys, two will be used for volume control in
the interface 17, hereinbelow to be described.

Each crosspoint in the matrix 86 is scanned once
every 500 us by a scanning circuit that forms part of the
encoder 22. This means that the thirty-two crosspoints
of the matrix 86 are scanned once every 16 ms. A key
depression is debounced by the encoder 22 if two con-
secutive scans indicated depression. Key releases are
not debounced with the exception of the hook switch
contact. A message is sent only once on key depression
and an OFF HOOK 'message is sent once upon de-
bouncing the depression of the hookswitch cross-point.
The key pad encoder will also implement a two key roll
over feature. Multiple depressions and null scans are
both considered as valid scan delimiters. At least one
valid delimiter must be found between each valid key
depression. No messages are sent for address or volume

up/down crosspoints and do not appear in Table B.

When one of the sets 18 goes OFF HOOK, an en-
coded message, shown in Table B, is output in parallel
from the encoder 22 along a key data bus 87 to the
register 23. It will be-observed that an output lead .88
from the register 23 is connected to. one input of an

* AND gate 89. A second input thereto comprises an 8
KHz signal from a square wave generator 90. Thus, a

., .corresponding stream of serial key data bits developed

= in the register 23, produces the modulated carrier out-
put at a terminal 91. Concurrently, the status of the
HOOK switch is conducted along a lead 92 to inputs of
a volume control register 93 and a 16-bit serial shift
register 94.

Signal levels for voice and ringing signals, the latter
also being referred to herein as an alert signal, necessary
for the proper functioning of the set 18, are controllably
set by the register 93. Reference to FIG. 4 shows that
the register 93 comprises three separate registers 93a,
93b, and 93¢, each three bits long, in which the differ-
ence between successive binary codes represents a 4 dB

. change in level. Upon power up, voice volume registers
93a and 93b are each set to their minimum setting and an
alert volume register 93¢ is set to mid-range, i.e., 100
where 111 is maximum volume:. The contents of the
register 93b may then be modified using the up and
down volume control keys of the key pad 52. This
controls a voice volume control circuit 95 which ad-
Jjusts the sound volume at speaker 100, After receiving

. any “alerting on” message, the alert volume register 93¢

controls the speaker level via its volume control circuit

96. The “alerting on” messages are shown in Table A

and comprise, “Turn on TONE”, “Turn on BUZZ”
and “Turn on RING”. The alert volume register 93C is
modified by depressions of the up and down volume
control keys, with each depression changing the active
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location by one setting either up or down for the up and
down, respectively. Signalling bus inputs to the control
circuits 95 and 96 are an alert volume control bus 97 and
a voice volume control bus 98, each of which are paral-
lel three-bit output buses from the register 94 (FIG. 4).

It will be understood that when the speaker 100 (FIG.
2) is not used, pressing a volume control key has no
effect. It is only when the speaker 100 is in use that the
volume control circuit functions, and the circuit is de-
pendent on whether the speaker is being used for an-
nouncing an alert tone or for voice communication.
Accordingly, there are two volume settings, one for
each. The application of the speaker 100 therefore de-
termines which volume control is incremented or dec-
remented.

Two keys are pressed when it is required to store a
setting permanently into the register 932. Normally,
pressing the volume up or volume down keys controls
the register 935 while the set 18 is in use. This volume
setting is only stored temporarily, however, and is can-
celled when going ON HOOK. Conversely, a volume
control setting stored in the register 93a is retained,
although it may be user set to either a higher or lower
level as required. ’

Equalization, or gain control, of analog signal paths
shown in FIG. 3 occurs in a similar manner to that
described for alert and volume levels. Thus, the A/D
converter 46 receives as inputs, voltages that are output
at respective terminals 73 and 78. It will be remembered
that the terminal 73 outputs a control voltage for the
current sink 35 and that the terminal 78 receives a dc
voltage proportional to the voltage across the tip and
ring conductors of the line 16. It is this latter voltage
that is encoded by the converter 46, the output of which
is applied to the register 94. In response thereto, the
register 94 outputs to a three-bit automatic gain control
bus 101 which is routed to automatic gain control cir-
cuits 102 and 103 (FIG. 3) that form part of the transmit
and receive equalizers 36 and 37, respectively.

A corresponding six-bit control gate output from the
register 94 is routed via a control gate bus 104 to the
controllable gates 24, 38, 39, and 105-109, inclusive,
which are shown diagrammatically in FIG. 3. Since the
main purpose of this figure is to illustrate signal paths,
control leads to these gates from the bus 104 are not
shown. Reference to Table A shows the bit pattern
array of bits M0-M5 and the respective gates that are
operable thereby.

It has been described that when the interface 17 re-
ceives a valid message or when a key is depressed, it is
only then that the interface 17 is switched from an idle
mode to an active mode. As a consequence the interface
17 draws a constant current because it is only at that
time that an output voltage at the terminal 73 is present
to turn on the current sink 35. It will be understood,
therefore, that the gain and gate control features apply
exclusively to the interface 17 since a corresponding
current sink is not used in the interface 11 and corre-
sponding terminals 73’ and 78’ are grounded (FIG. 2q).

The interface 20 has utility at the set 18 as a high
speed data port which may be used concurrently with
the set 18 in view of the voice band and signalling band
signals being frequency division multiplexed on the line
16. Thus, as a signalling channel, the port 14 of the
interface 20 could be used for special services such as
telemetry, alarm signalling and intercom switching.

Central to the operation of the interface 11 and 17 is
the controller 25 which is a programmable logic array
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that functions to test incoming signalling data and to
generate and output the PACK signal to signify receipt
of a valid signalling message. To enable this function, a
three-bit address bus 110 connects the address portion
of a message input to the register 23 to the controller 25.
Conversely, a data bus 111 output from the controller
conducts the PACK signal to the register 23 from
which it is output to the terminal 91 as a carrier signal
modulated by a serial bit stream corresponding to the
PACK signal.

The modulated carrier signal is received by the de-
modulator 29 which detects the serial bit stream and
inputs same to the register 32 under control of clock
pulses from the controller 25. A parallel bit message
signal output from the register 32 is conducted via a
data bus 112 to a data decoder 113 that drives the dis-
play 53.

A parallel five-bit data bus 114 routes an output of the
decoder 113 to another input of the register 94, one
output of which is serialized and connected to one input
of a test register 115. An output 116 of the register 115
permits monitoring the following:

(a) The automatic gain control output as a function of

the voltage at the terminal 78;

(b) The voice and alert volume controls as a function
of “Volume Up” and “Volume Down” key depres-
sions;

(c) The present state of the analog section control
gates; and

(d) The presence of an echo mode.

Further testing of data processing circuits in an inter-
face 17 is performed by a test register 117. It will be
observed in FIG. 4 that outputs from the demodulator
29 and the register 23 comprise inputs to the register
117. Under
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Message data stored in the register 32 is clocked out
therefrom in serial form along a bus 120 connected to
the interface 20. Clock pulses from the interface 20 are
applied to the register 32 along a lead 121.

Referring next to FIGS. 1 and 4, it will be seen that
the interface 11 communicates with the scan circuit 21
via the port 14’ and that a lead 125 carries a signal to
indicate the presence of a data message for the interface.
A lead 127 carries a 50% duty cycle 2.56 MHz clock
signal from the clock 50 to the interface 11. The port
14’ lead is unique to each interface 11 and carries re-
ceive and transmit data bidirectionally between the
interface 20’ and the facility 19 via the access circuit 13.
A control signal from the facility 19 disables the codec
20 during data transactions between the facility 19 and
the interface 11.

Each data transaction consists of a 10-bit receive
portion and a 10-bit transmit portion. The bit sequence
of each portion is illustrated in FIG. 7 and valid transac-
tions are shown in Table C. It will be understood there-
from that when an interface 11 is scanned by the facility
19 via a POLL transaction, the interface 11 responds
with the SV1, and SV0 bits. Some time after SV0 goes
high, the circuit 13 will request data using transactions
OPEN-IN, IN, and CLOSE-IN, in that order. The
times between scans will be about 4 ms so that a one
deep buffer suffices for both receive and transmit por-
tions of the high speed side. Similarly, some time after
SV1 goes low, the circuit 13 will transmit data using the
OPEN-OUT, OUT, and CLOSE-OUT transactions in
order. Transactions will always be separated by at least
one channel time. If more than one OUT transaction is
received before CLOSE-OUT, a message nibble will
overwrite the four bits transferred in the last OUT

35 transaction. If one or two IN messages is received, the

TABLE C
DIRECTION ) RECEIVE
PURPOSE START MODE MSG CODE DATA
DESIGNATION S M R7 R6 RS R4 R3 R2 R1 RO
[¢] 1 0 0 0 1 X X X X
0 1 0 0 1 1 X A2 Al AQ
0 1 0 1 0 1 M7 Mé M5 M4
0 1 0 1 1 1 M3 M2 Ml MO
0 1 0 0 1 0 X X X X
0 1 0 1 0 0 X X X X
0 1 0 1 1 0 X X X X
0 1 0 0 0 0 X X X X
0 1 1 X X X X X X X
0 0 X X X X X X X X
DIRECTION TRANSMIT
PURPOSE START MODE _DATA BF! DR?
DESIGNATION S M T7T6 TS5 T4 T3 T2 TI TO SV1I SVOQ
0 1 X X X X X X X X (BF) (DR) POLL
0 1 X X X X X X X X (BF) (DR) OPEN-OUT
0 1 X X X X X X X X (BF) (DR) OUT
0 1 X X X X X X X X (BF) (DR) CLOSE-OUT
0 1 X X X X X A2 Al A0 (BF) (DR) OPEN-IN
0 1 X X X X M7 Mé6 M5 M4 (BF) (DR) IN
0 1 X X X X M3 M2 M1 MO (BF) (DR) CLOSE-IN
0 1 X X X X X X X X (BF) (DR) ENTER LOOP AROUND MODE
0 1 X X X X X X X X X X Msg Code out of Range
0 0 X X X X X X X X X X  Invalid Mode

control of a test controller 118, which receives test
request instructions along a lead 119 from the interface
20, the controller 118 may selectively enable either
register 116 or 117. In the case of the latter register, an
output 117’ thereof may be selected to monitor data as
it is transmitted from the register 23 or received demod-
ulated data that is input to the register 32.

interface 11 will respond with message nibble one.

As described hereinabove, individual interface 17
messages can be transferred using four data transac-
tions. Three transactions are used to receive/transmit
the set 18 address, message nibble one and message
nibble two, and a fourth transaction polls the SV0, SV1
bits to initiate the exchanges. It will be noted, however,
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that the interface 11 high speed side will ignore transac-
tions with either a message bit R7 set or a mode bit M
low.

In the interface 17, the port 14 may be used for data
input and output in a manner that is identical to its
operation in the interface 11 with the following excep-
tions:

(a) The address bits A2, A1, A0 are ignored during
the OPEN-OUT transaction, however the transactlon
must still take place.

(b) The address bits must be ignored during the
OPEN-IN transaction, however the transaction must
still take place.

(c) SVO goes high when a line 129 output from the
controller 25 goes low, and goes low 1 ms after the line
129 goes high.

(d) SV1 is also set high when the key pad initiates a
message.

(e) The received data is output on a bus 128 while the
line 129 is low as described hereinbelow. The port 14
read transactions (OPEN-IN, etc.) must occur within 2
ms of the line 129 going high to guarantee that a new
message does not overwrite the receive register 32.

(f) All timing specifications for the port 14 and the
lead 127 with respect to the clock 50 are the same ex-
cept that the clock frequency for the interface 17 is 512
KHz instead of 2.5 MHz in the case of the interface 11.

“(g) The “ENTER LOOP AROUND MODE” mes-
sage serves to put the interface 17 into a test mode.
There is no LOOP mode.for the interface 17. Upon
receiving this message, the interface 11 will loop the
next OPEN-OUT, OUT and CLOSE-OUT transac-
tions through the network 30 and then back into the
system using the OPEN-IN, IN, and CLOSE-IN trans-
actions. PACK transmission or detection is not required
-at the loop side for this message; otherwise the message
will be processed: normally. After the.loop-around is
complete, the interface 11 will exit loop-around mode

. ..and resume normal operation.

The foregoing reference made to the line 129 and the
bus 128 relates to an external data bus shown in FIG. 4.
Transaction code messages with correct address, parity
and collision bits, as shown in Tables A and B, are
shifted out serially on the bus 128. Shifting begins after
parity is checked, i.e., 18 ms after initiation of a start bit.
The line 129 provides a strobe for data. The line goes
low for the full duration of the bus 128 out operation.
The data is shifted out at an 8 KHz rate. To facilitate
clocking of the data by external circuitry, a strobed 8
KHz clock (not shown) is output from the register 32
via a lead 130. Data output on the bus 128 is thus avail-
able to operate with peripherals; for example, an alpha-
numeric display.

Transmit and receive analog signalling paths in the
interfaces 11 and 17 are illustrated in FIG. 3. Having
regard to this figure, together with FIGS. 1 and 2, it
will be seen that a receive audio path with equalization
and gating control extends between the input terminal
62 and output terminals 135 and 136. Voice band sig-
nals, together with the modulated carrier, are separated
at the input by means of the low pass filter 43. The voice
band signals passing therethrough then follow one of
two paths.

The first voice analog path includes the control cir-
cuit 103 and follows therefrom through a serial combi-
nation of the gate 39 and an amplifier 137 of the equal-
izer 37 to the output terminal 136.
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Depending upon which interface is used will deter-
mine the connection from the output terminal. Thus,
FIG. 24 shows that the terminal 136 is connected di-
rectly to a speaker amplifier 138 of a hands-free circuit
139. The output of the amplifier 138 drives a handsfree
speaker 140 as illustrated.

A second voice analog signal path includes an ampli-
fier 141, at the output of which the signal is summed
with a sidetone voice signal from an amplifier 159, then
through a gate 105, and an output amplifier 142 to the
output terminal 135. Connections therefrom are deter-
mined by the mode in which the interface functions.
For example, FIG. 2a shows that the terminal 135 con-
nects directly to the receiver 42 of the set 18.

Shown also in FIG. 2q are the terminal connections
from the interface 11 to the codec 20. Thus, the output
terminal 136’ is coupled via a capacitor 143 to the input
of the codec 20. The output terminal 135’ in the inter-
face 11 is not used.

Another voice analog path from the output of the
gain control circuit 103 leads through a gate 109 and the
volume control circuit 95 through a driving amplifier
145 to an input of an amplifier 146 having its output
connected to a terminal 147. FIG. 2a shows that this
output is not used in the interface 11 and that in the
interface 17 the output is used to drive the input of an
amplifier 148 which in turn drives the speaker 100. An
input terminal 149 constitutes a feedback point in the
present circuit and is connected to a feedback circuit of
the amplifier 146.

The modulated carrier signal appearing at the termi-
nal 62 is conducted through a gate 24, followed by a
high pass filter 31 and an amplifier 150 to the input of
the demodulator 29. The demodulated output signal
therefrom comprises digital message information and
has been previously described in respect of FIG. 4. It
will be understood, however, that the gate 24 is disabled
when a one is sent out on the line 16 to prevent feedback
between the output terminal 57 and the input terminal
62. When a zero is transmitted, the gate 24 is enabled to
permit monitoring the line 16 for collisions as previ-
ously described.

When the interface 17 is in the LOCAL TONE
RINGING state, the path from a local tone generator
151 to the speaker 100 via an amplifier 152 is enabled.
Thus, a gate 107 is enabled by the “turn on TONE”
message and disabled by the “turn off TONE” message.
Encoded forms of these messages may be seen in Table
A.

With the interface 17 in the BUZZ state, a path from
a local buzz generator 153 is enabled. The signal level in

this path is also controlled by the amplifier 152. The

gate 106 is enabled by the “turn on BUZZ” message and
disabled by.the “turn off BUZZ” message. An amplifier
154 driven by the amplifier 152 is controllable by means
of a hookswitch controlled circuit 155. The circuit 155
is enabled when the set 18 is OFF HOOK, and intro-
duces a 10 dB attenuation into the TONE and BUZZ
paths shown in FIG. 3.

The voice analog signal path to the volume control
circuit 95 is completed by enabling the gate 109 when a
“Turn on Tip/Ring to Speaker” message is received.
The gate 109 is disabled by either the set 18 going OFF
HOOK or on the reception of a “Turn off Tlp/Rll’lg to
Speaker” message.

In a TONE RINGING mode, a gate 108 is enabled to
route the ring tone from the gain control circuit 103
through the volume control circuit 96. TONE RING-
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ING mode is entered when a “Turn on RING” message
is received and is left when a “Turn off RING” message
is received.

The set 18 is in a HANDSET mode when the trans-
mitter 40 and receiver 42 of the set are enabled by the
gates 38, 39 and 105. These gates are enabled by a “Turn
on Handset” message provided that the set 18 is also
OFF HOOK. Should the set 18 be ON HOOK, the
message is ignored and not stored in the controller 25.

5

(FIG. 4). The gates 38, 39 and 105 are disabled when the 10

set 18 HOOK, or when a “Turn off Handset” message
is received.

In all states the speaker 100 is enabled, it will be dis-
abled when the goes OFF HOOK. The speaker will not
be re-enabled if the set 18 should subsequently go ON
HOOK, but will be re-enabled only under message
control.

The transmit path for voice analog signals is routed
from an input terminal 156 to the output terminal 57.
According to FIG. 2, in the interface 17 a break contact
of the hookswitch 157 is connected to the input terminal
156 thereby connecting the transmitter 40 to the termi-
nal 156 when the set 18 goes OFF HOOK. In the inter-
face 11, however, an output from the codec 20 is cou-
pled via a capacitor 158 to the input terminal 156’
whereby decoded voice analog signals from the facility
19 are input to the interface 11.

In either event voice analog signals are applied, on
the one hand, to an input of the sidetone amplifier 159
and therefrom through the gate 105, and the amplifier
142 to the terminal 135. In the case of the interface 11,
this terminal is not used, but in the interface 17 the
output from this terminal is connected to the receiver 42
to provide sidetone.

The analog signals are also input to the gain control
circuit 102 of the equalizer 36 and therefrom through
the low pass filter 41, the gate 38 and a buffer amplifier
160 to the output terminal 57.

Modulated carrier signals appearing at the terminal
91 are applied to the input of an amplifier 161 and are
attenuated therein. The output of the amplifier 161 is
input to the high pass filter 27 and therefrom through
the amplifier 160 to the output terminal 57.

It will be apparent to those skilled in the art to which
this specification is addressed that the embodiments
heretofore described may be varied to meet particular
specialized requirements without departing from the
true spirit and scope of the invention disclosed. The
foregoing embodiments are therefore not to be taken as
indicative of the limits of the invention but rather as
exemplary structures of the invention which is de-
scribed by the calims appended hereto.

What is claimed is:

1. A signal multiplexing circuit selectively operable
as a line card interface for a digital access circuit of a
central data and voice conmunication facility and as a
station set interface for a data and voice station, and
which is controllably oprable for bidirectional commu-
nication between the line card interface and addressable
ones of a plurality of station interface interconnected
via a two wire telephone line, comprising:

line sampling means responsive to a carrier signal for

detecting an active line state in the presence of the
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carrier signal on the telephone line and an inactive -

line state in the absence thereof;

transmit register means responsive to a data message
bit field input thereto for storing the bits until the
occurrence of a predetermined inactive line state;
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controller means operably responsive to data message
bit fields input thereto and to the detected inactive
line state for enabling a serial data bit output of the
transmit register means;

modulator means having an input coupled to the
serial data bit output for modulating a high band
carrier signal and outputting the modulated high
band signal on the telephone line; and

equalizer means having analog signal receiving and
transmitting paths including respective automatic
gain control circuits connected between the tele-
phone line and corresponding signal inputs and
outputs for controlling signal gains, and gate means
for selectively enabling and disabling the receiving
and transmitting paths in response to predeter-
mined ones of the data message bit fields input to
the controller means.

2. A circuit as claimed in claim 1 wherein the tele-

phone line sampling means includes demodulator means
having an input connectable to the telephone line for

" detecting the data message bit field carried by the mod-

ulated high band carrier signal.

3. A circuit as claimed in claim 2, wherein the tele-
phone line sampling means further includes receive
register means to which the detected bit field is coupled
for storing the bits thereof.

4. A circuit as claimed in claim 3, further comprising:

bus interface means having a data input connected to

a first output of the receive register means, a bidi-
rectional data port connectable to the digital access
circuit and a data output connected to a first data
input of the transmit register means.

5. A circuit as claimed in claim 4, further comprising:

means for disabling a codec portion of the digital

access circuit during bidirectional communication
between the interfaces.

6. A circuit as claimed in claim 5, further comprising:

encoder means having a data bus output connected to

a second data input of the transmit register means
and a plurality of inputs connectable to a switching
matrix; and

means for periodically scanning the crosspoints of the

matrix for generating predetermined data message
bit fields in response to crosspoint closures and
outputting same on the data bus.

7. A circuit as claimed in claim 6, further comprising:

decoder means having a data input connected to a

second output of the receive register means and a
corresponding output adapted to drive a visual
display.

8. A circuit as claimed in claim 7, wherein respective
ones of the analog signal receiving and transmitting
paths include a low pass filter to reduce crosstalk be-
tween voice signals of the station and the modulated
high band carrier signal.

9. A circuit as claimed in claim 8, wherein the input of
the demodulator means is connected to the telephone
line via a first high pass filter and the carrier signal
output of the modulator mean is connected to the tele-
phone line via a second high pass filter.

10. A circuit as claimed in claim 9, wherein the analog
signal receiving and transmitting paths include line
coupling means intermediate the signal multiplexing
circuit and the telephone line for isolating the circuit
from the telephone line and converting analog voltage
signals output from the multiplexing circuit to a prede-
termined line driving current.
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11. A circuit as claimed an claim 10, wherein the
coupling means comprises:

a signal coupling transformer having first and second
isolated windings, the former being connectable to
the telephone line and the latter being connected
directly to the analog signal receiving path;

a first line driver amplifier having an input connected
to the analog signal transmitting path and an output
connected to the second winding;

means for detecting a station set operating voltage on
the telephone line; and

means responsive to the detected operating voltage
for establishing a source of constant operating cur-
rent for the signal multiplexing circuit.

12. A circuit as claimed in claim 11, further compris-
ing visual display means operably comnnected to the
visual display data output for visually indicating the
status thereof.

13. A circuit as claimed in claim 10, wherein the
coupling means comprises:

a hybrid transformer having first and second isolated
windings, the former being connectable to the tele-
phone line and having a split center-tap for connec-
tion across a battery that functions as a telephone
line voltage source, and the latter having a center-
tap with a first half of the center-tapped winding
being connected directly to the analog signal re-
ceiving path, and the second half of the center-
tapped winding being connected to the output of a
second line driver amplifier having an input con-
nected to the analog signal transmitting path, and a
third isolated winding serially connected with a
balance current circuit across a source of operating
current that conducts a balancing current through
the third winding to reduce dc flux in the core of
the hybrid transformer.

14. A circuit as claimed in claim 12 further compris-
ing an electronic telephone station set that includes:

a transmitter connected to-the input of the analog

signal transmitting path;

a receiver connected to the output of the analog sig-
nal receiving path;
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a key pad having a switching matrix with three dedi-
cated crosspoints for establishing a three bit binary
address that uniquely identifies individual ones of a
plurality of station sets connected to the telephone
line, the switching matrix being connected to the
plurality of inputs of the encoder means; and
wherein,

the visual display means comprises a liquid crystal
display of the telephone station set.

15. A circuit as claimed in claim 14 wherein the trans-

mitting path of the equalizer means further comprises:

a transmit gain control circuit having an input con-
nected to the telephone station set transmitter, a
control input connected to the controller means
and responsive to a first control signal therefrom
for controlling the signal gain of the transmitting
path, and an output connected to an input of the
low pass filter;

a buffer amplifier having an output connected to the
input of the first line driver amplifier; and

a transmit control gate connected between an output
of the low pass filter and an input of the buffer
amplifier to establish a controllable signal connec-
tion therebetween in response to gate enabling and
disabling control signals from the controller means.

16. A circuit as claimed in claim 15 wherein the re-

ceiving path of the equalizer means further comprises:

a receive gain control circuit having an input con-
nected to the second isolated winding of the signal
coupling transformer via the low pass filter of the
receiving path and a control input connected to the
controller means and responsive to the first control
signal for controlling the signal gain of the receiv-
ing path;

an output amplifier having an output connected to the
receiver; and

a receive control gate connected between an output
of the receive gain control circuit and an input of
the output amplifier to establish a controllable sig-
nal connection therebetween in response to gate
enabling and disabling control signals from the

controller means.
* * * * %
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