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[57] ABSTRACT

A digital conference circuit provides greater stability in
voice transmission by selectively inverting the signal in
alternate conference channels, thereby providing can-
cellation of parasitic echo signals which tend to create
oscillations or ringing. Selective gain control is also
provided for conferences of different sizes and efficient
use of conference lines is ensured by providing for se-
lective combination of conference groups.

35 Claims, 19 Drawing Figures

MB/S

REGISTER




U.S. Patent May 8, 1979

Sheet 1 of 14

FIG. [

TELEPHONE

P i ”35 42
|
25' ” 36
!

| | 43
e2 ’ pIGITAL | CONFERENCE

AN lsym;ﬂml. PROCESSOR |
P4 c ) v, MATRIX | |
NZIT 18y | (psm) h 7 |
< Joee <
17~ L 44

— = = 9
oy CPU_]

4,153,817

St

TRANSMIT PATH

BALANCE
NETWORK

(Zo)

RECEIVE PATH
SR

FIG 4

S50  ssane/s

PORT
PF o — —LiNe CIRCUITS PaIA_STREANS
P2 O—— — MUX .
_—
ONVERTERS | o
Pego | SAME

P26 o—z— ABOVE HIGHW:Y#?.-
P47 0— —-::l 59 E

DIGITAL

e 9

! awE SWITCHING

P216 o— AS HIGHWAY® 10 | MaTRIX
(DSM)

P238 o—
P2390c— —— -

60— _ 24 PORT
CONFERENCE
PROCESSOR

CONFERENCE
HIGHWAY* | |

20

CPU

2l




| ¥3ALSI1938 | o g
1ndino ey

— - ANV
] HOSSINAWOD

G # 9NOD . Vivd
1 AlMVd 8

4,153,817

|
|
_ 99
=z |
G .
° _ P& dNOO
< | ALHVD b
Q | _
£ _ 431 1VWYOS
v viva
| _ -
| € # 3INOD o SHOML3IN
ALNYd b ONIHOLIMS
o _ HOONVAX3 TYLI9I
7 .
= ONV S/
;e | ¥31S193Y e
o0 | — VLVQ
=) | 2 # 3NOD LNdNI
> | ALNVd b |
| _ | |
= 1 _ ||
5 _ _ o
= | | 3 4NOD |
ol _ AL¥VL b
) _ _ ON
m mw\__l HOSS3008d 3ONIYISINOD WLIOIa I“

S 9




~ (02) . | wwy | 8 SS34aqv ey (4dX)
v 1Nd1NO 4NOD IX9G2 dv3d Wwvd INVES 344
87 | vivd LINX
0 022 e
— SSyAY
< 934 W R
LdIHS ) (H10H)
avon ) ADOTD
I 1371V MYd
<« _ o | 0g2
o N D b o N39 o
o 002— ST %10 - ONIWIL _ (dd¥)
e - (N9SJHd) - §S3HAQY 8 NH1D JNVYHY 34d
D _ _ 31I184M WYY H3I1SYI 3AI303
QL
7 2 _ ONIWIL W3LSAS
06
o | ¥31S1934 | HOSS300Yd _
| INOD ‘N9 | | I041NOD -
| g9 NOILS | NIVS S S NdO WO
N _ S3INIT LNOD
W JONIHIINOD
O\ _
. osl
% HOSSID0Nd
g S 18 N9S SNOILONGLSNT N1 L9 L1g
> Gl NOIS NOIS
_ (8S9) OOl
..m 09l | OGI Oov L (8SI) Ol
O (NVHI) . . u [ 93
SR T et i (4 | womaca | D ] R
_ 119 9l _ ¢ | 7] | 1NdNL
) i 9 2! ] vieT | aHOM 8 — _ " TLee
79 — |
o (d1D)
U _l l!lnj.m_ Otl Oci v_u_oll+ 1NdN 9NOS

9 ,QQ S/7AN oGl




, 153,817

LIMANI] OMaN] | 91m din0 [ 9ImaNKceSmanN] | G1m dino [Simani | 2zmdnt || »im "N1no — 118 N9IS 40 SIN3LNO) ~— — — — — — — — — — — =
| _. “ —1r _. - — (98 ¥ (Z)OM)z¥ILNBSKN— — — — — — — — — —
| _ ! _ J _ |
| _ _ _ | ] e e e e e e e e —————— e —— ——
R A
T _ ‘ _ 10 08 V2 IMY[—— — = omm o o e e e e
o L om AT
° [BElEee EEE@EEEEE@EEE@@@ — 118 FHLLNI ONINNG OITVA VAVO-ZUN — — — — — — — —
..[ It I I T O L Y | D L O | N O D L O | O D | 1 L L E D 1 1 M 1 . S R O
L | _ | _ _ | |
 Q _ _ _ _
P | | | —118 2/t ABOIAVIA0 dd — — — — — e - — — —
N |
_ _ " ~ —4d¥30803Ud — —— — —— = = - — — — — - — —
L A L T I e - T T T T T
— _ ——t—t —— _ II_||._|_||..“|“| | — NMVOHS TVAN3LNI 3HL 1NOHONOWHL MOY,— — — — ~— — — —
| _ _ _ _ |
o " “ | _ _ - — NMOHS TIVAN3LNI ONINNG TVOILN3OI ¥V 'HY3 — — — — —
~ | | . e —— . —— . —— —
N _
i )
o0
)
M § I { ' ' ! } ' i J
! : i | h. | I } | _ ' | | e
.m )1(0) q-ZiM
— —118 40 4VH 1SHI3 ONIYNG CGITVA VIVO-ZI4 — — — — — —
> EEEEEEEEEEIEEEEEEE!EEE@ .
s "6 '8 ! L! ¥ €' 2! |10 | 1611061681881 1811981 S8I[¥BII €811 €81130T1! 1811 08I | ~t————— WALNNOD Y31SVN NI 1NNOD
< 4 0 379AD _ €Z 390D S310N ANVININIdINS
al H0SSI00Nd VIVA H0SS300ud &.<|,v._a
s,
@

g, 9ld
— @SXW

¥ LTGSXN

— €3OM
-~  JMYI

- Y09O3ul

=~ N093Y1

N9/ %D ¥
—MI19/M10 ¥

— dI2

NOILLONNS
MO TTVYNOIS




Sheet 5 of 14

U.S. Patent May 8, 1979

4,153,817

(0)19=44d
_ (€2)|(€2) ,NV@EE.Q (€2){22) .ﬁ.l@@@mﬂ@n@

- %19 uof« LNOAVIY ViIVG 34 Ol WVHd—

d0d

T [0 [(0) [0 ! [eeficeIfiee)](cepeeN e calice)tza) (2aizeneelzeNizehzaN@)(i2)] + — %19 40Y.V LNOQVIY ViVQ 44 OL WV¥d— — — —— — —[— — d09
¢8 vaica 28,18 68 L0190 S0,p0 cO0/c8 10,00 .8,90 SO |v¥8 £€8,28 19, 88 |
28| 18|0816L 81 22|wa[9L |GL VL |€L]2L[1L|0L]69]|69]|Li9{99]|S9[¥9 [€9](239| 19 l._.zaoo SNOINVHLXI =+ 2L IV STIVIS — — — — — == — — 1 #4410 000
_ I I J . § _ i -
_ — 44 OL "H1D 'HINOD VIVA SQVOT1 — — — —— ~ [—— Q3dX
AUVHLIGHY SI 3dY¥ OL JAILVIIY ONINIL — — — — —— — — — — — 4dX
— FTGYNI FLIYM WVHA=LHOMSLN) — — — — — — — — — A
—3NIL 118 3NO HOJ (+)€8! 1V §TVLS ¥10— — — — — — — 1 H1D 3LIHM
t [ ¢ o | X ' ' _ I | | | |
— A I A Y O 118 2/1 A8 03AV13Q 0093d — — —— — — — — — - — 0044
ot id 86 18 98 u | : — — — — e
._.Ie_m _ ._.n__xm _ ......_n_.._ C1HOIM an_._..w " _ _l o n.__ ._.Im_m .r..._a__.—____.m_._..ﬂ ._ mﬂ._a.._ll. (08Y) :TOULNOD 14IHS/AVOT 93¥d _ HMOMN__&
i ’ { ] o
1NAINO STTINNVHD 30 zm_mh INd1N0 Gi .._mzzqzo 30 NTS, ] 5&._._0 Bl TINNVHO 30 NOIS [ | oMﬂMMaoﬂﬂcﬁwwaco.. 39 01 Vivd 40 L8 NOIS — — — — — — — N9S93¥d
_ _ ' [ | _I_.l.__“a — — "NOILONA3Y NIVHO HO4 SISINd LIIHS ©3NDSISINd GVOT 93O — WHHIMO
| —INOISNVAX3 3NOD ONINNG $3STNd LIIHS 93O Nl — — — — —|— — o1g
_ ! L 08y ¥102¥d110 — — — — — — — — — — 4+ —¥4110
__ _
LT - — ¥ WD HALW — — — — — — — — - - — Y31
._, | -} HO4 3098Y W1D:=¥I0W — — — — _———— N9V
_ S — .
| 351Nd SNONAHIANS = +!08 ¥ N1D=IMYY — — — — — — — |— — JMHY
»L._n _row...: ro_a_rm_a_rwwr A g t—sia, | = - . _
_q_m_ofu_o_¢_¢_¢_¢_m_m_m_m_ '¢ ¢_¢_ __.m_n_m_rm_ [ [—9VHV B BVHV'VVHY A8 03WHOd — — — — — — — — —i—HAav WvYV

V. 9I4

— ovyv

V. Ol

g4 9l

|




-
& I
= SR 2cmov o ‘

INPUT DATA STORAGE & EXPANDOR

FIG 8

U.S. Patent May8, 1979  Sheet 6 of 14 4,153,817

7 FI1G. 12

L
Q
o

A A YA A AV ATAYAYATATATA RN L“

IDI
ID2
103
ID5
ID6
ID7
108
ID9
IDIg
IDI

w
'il -- ! ;
Nm
| nnndeIc;ﬁggqmun

{ III -_llllll--llllll---Ill
"n

~ L4
- 3

EXPANDOR

INPUT DATA
LATCH (74LS175)

\

A)

HO

(IREG Q

INPUT
DATA
REGISTER
_ILFTR)

CIP

' CLOCK { IRWE
CLOCK {IREGCK




4,153,817

Sheet 7 of 14

U.S. Patent May 8, 1979

NV

| TZIsm
2 o1 MY

€SNV
NON“ Y

Gl 8 O_h_A.I gSXN

8 SNNIWN Y
[ 1 SNd ¥

R
j9 SNNIN VY

ONT O ONT ©

BLE o !
NOMMTV NNV €¢

. SV 2ISMV|[8SXW 18 10 [ 3104
——smao | sinan]

J18V1L HLNYL 21907 TOYLNOD NV

O

NOLON

O/ 9/

6 I/

€HOM

AD0D
o) W3LSAS

o
-

8 9l

gS1

sy )2l Old
gso) )8 9id




U.S. Patent May 8, 1979 Sheet 8 of 14 4,153,817

FIG. 1

' T IRAM '
WORD NUMBER | MEMORY LOCATION

S S S
o

H2

I

2

3

| 4
5

6

7
O

I

2

3

12 4
a{IS 5
14 6
IS 7
0

}

2

>

4
S

6

7

16

7

_ 8

4ad'®

c0

' 21
22

23

=5




4,153,817

Sheet 9 of 14

U.S. Patent May 8, 1979

I | 42010
7 { N3LSAS

4
o |-
ol
x
- |
)

ol o
o
39,
dJ|+a
B l
i

o

MY
Y MY
VALK .
wnavy »6 9l

€Y sSMv

2SIV

n

Il

tINY
TTeInv
T eIinv
1Ny
g1 nyv
6NvY
pi O14) 8NV
Ol LY
9NV

NIV

T e0Y

T env

2NV

I NV

g nv

-I

I

:

. | ) [Tk |

\ SNV | _ piaT

\ vinv | . - 1

.. gAY - 2i0T

_ FIRY | |
. 8 1v
Nv 8 "ol
| 0L, .
. 2N 1Y ,
| Ny | |

gnv

- hf

&
|
-

ovi zuBQ 6 'Ol

ol Il




U.S. Patent May 8, 1979 Sheet 10 of 14 4,153,817

START
| ' , CYCLE ©
f READ |wi6| & TSB-16
FROM IR LOC. §;

CLOCK CYCLE ¢ READ T4 FROM AR-LOC3
& TRANSFER TO AL

o I O SE— skl

TEST CSBIE
IS Wi6 POS OR

NEG ?

CLOCK CYCLE | APLUSB | A MINUS B |

STORE RESULT
INTO AR LOC. 4

A T T T T TSR AT ey kil el oS

RD. AR-LOC 4, TRANSFER TO AL;

CLOCK CYCLE 2 .
STORE AL SIGN BIT IN SBP

TEST ALIS
IS CH. 16 DATA
' POS.O?RNEG -

NEG. POS.

CLOCK CYCLE 3 EXECUTE A

(TAKE I's COMPL.) EXECUTE A

STORE RESULT IN STORE RESULT IN
AR-LOC 4 AR-LOC 4

READ AR-LOC 4, READ AR-LOC 4
CLOCK CYCLE 4 | p1pep 10 AL T'FER TO AL

ql._

il

EXECUTE

A PLUS I EXECUTE A

CLOCK CYCLE T’FER ALU OUTPUT

TO GREG
CH. 16 MAGNITUDE DATA)

‘-’,B'.
s %
m
QF
v o
O
N
-
S

STORE |W@| & MXSB OF

CH.O INTO IR-LOC. 4,

READ PZ0 FROM AR-LOCD
& T'FER TO AL;

CLEAR AL

READ| W@| FROM IR-@

CLOCK CYCLE 6

. TESTISB POS.
s ISH POS. OR .
CLOCK CYCLE 7 EXECUTE | NEG. 7 EXECUTE
1 A MINUS B - A PLUS B
STORE RESULT
, IN AR-LOC @




Vddy

ISO34d
NOSOud

_ | _ | | et A293NHY
(ISO3YO)D

PNy
eINy
2lniv

4,153,817

84

Ny
INW_
6MV_
8NV

Sheet 11 of 14

NOSSINIWNO0D

LIV
oNny

SNy
vV

¢6l

enN v

My
Ny

DNy

U.S. Patent May 8, 1979

Ll 9o 934d '8 HOSSIHAWOD ‘939

Gl "9l

MO01D
W3ILSAS

¢l Old

AJ010
WILSAS




4,153,817

Sheet 12 of 14

U.S. Patent May 8, 1979

IS 93ud

vl Ol N9S Sud

o5 %% =
AD 93O

Sl 9l

122

"gSXN w 6 "old

H

MOO1D

9 ( Walsis
4
X3€d
X3S
X310
X3y
X300

575 v %2079




U.S. Patent May s, 1979 Sheet 13 of 14 4,153,817

FIG. 16
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1
DIGITAL CONFERENCE CIRCUIT

The present invention relates in general to telephone

systems, and more particularly, to a digital conference
circuit for use in a time division multiplex digital

switching PABX system.

With the rapid progress in digital mtegrated circuit

development and the continued pattern of declining
costs of integrated circuits, more and more switching
systems are being designed utilizing time division multi-
plexing techniques, particularly in PABX systems. One
of the most difficult problems involved in the design of
digital PABX system relates to the provision of reliable,
cost-effective conference circuits of moderate size,
ranging from approximately three to ten parties, which

1s typically encountered in the standard system. Of the

5

10

15

considerations encountered in such design, the most

difficult relates to the problem of stability, especially in
the most common situation where the lines and trunks
which connect to the PABX are standard two-wire

analog telephhone lines.
In order to perform time-division multiplex digital

switching, it is necessary to first split the incoming
23

bi-directional (two-wire) analog signals into separate
transmit and receive paths (two wires each). This is
accomplished by means of a telephone hybrid network

which consists of a set of transformers and a balance

network for providing a matching impedance to the
impedance seen looking into the two-wire analog line.
While ideal design requires that the matching impe-

dance be perfectly matched to the line impedance, in

20

30

practice, such a condition cannot be realistically

achieved. Thus, a certain mis-match occurs which ad-
versely affects the stability of the system by permitting
a coupling of the signals across the hydrid, which sig-
nals are then permitted to loop around and thereby
inject an echo or reflection signal into the line. As in any
feedback control system, if the gain around the loop is
high enough, and certain phase conditions are present,
this echo or reflection signal can sustain itself, and a
“singing” or oscillation results.

Even when the gain around the loop is low enough to

35

prevent singing or oscillation, there are cases where the

system can approach instability and the voice signals
under such conditions will sound very hollow. This
problem 1s a difficult one even in connection with a
standard two-party connection; however, when the
problem is applied to conference networks, it becomes
multiply serious. The major difference, from the stand-
point of stability, in a conference network is that every
transmitted voice signal in the conference has as many
potential “reflectors” (hybrids) which can cause a re-
ceive signal to be reinjected back into the network as
there are parties to the conference. Thus, if the trans-
mission loss between parties is to be held constant, in-

creasing the conference size results in more “reflec-

tions” and hence poorer stability.

A further problem in the deisgn of conference circuits
is to provide for different conference combinations
ranging in size from three to ten parties while making
the most efficient use of the various lines available to the
conference circuit. For example, while a ten-party con-
ference may not be a common requirement of the tele-
phone system, it may be desirable to include the facili-
ties for a conference of this size in the system. If a con-
ference circuit were provided which dedicated ten lines

45

50

35

65

to the establishment of such a ten-party conference,

2

such an arrangement would be most inefficient since
such lines would be used very little. In addition, such
allocation of ten of the available conference lines to a
rarely-used conference circuit leaves very few addi-
tional lines to perform the main bulk of the conference
operation.

A further problem which arises in conference facili-
ties relates to the need to power the gain of the larger
conference circuits so as to ensure stability and hence
good transmission quality to all parties in the confer-
ence connection. In a conference system where confer-
ence circuits are designed to accommodate different
numbers of parties, the required gain (to ensure stabil-
ity) for the respective conference circuits will vary
depending upon the size of the conference. In a time-
division multiplex digital conference circuit, some pro-
vision must therefore be made to monitor the size of the
conference being established and adjust the gain com-
mensurate therewith. |

The aforementioned problems are solved in accor-
dance with the present invention in a system in which
the stability of the system is greatly improved without
resorting to unacceptable low transmission levels by
inverting the signal in one half of the conference chan-
nels, thereby causing some reflected signals to cancel
each other rather than reinforce them. This is particu-
larly effective in the case where the lines are all short
and all reflected signals would otherwise tend to be in
phase. This can be accomplished by introducing an
inverting amplifier in every other one of the conference
channels of the system. The same type of phase cancel-
lation to eliminate reflected signals is achieved in the
subject invention by merely inverting the sign bit asso-
ciated with the data in every other received conference
channel. |

In providing a conference system which most effi-
ciently utilizes the available conference lines in provid-
ing a range of conference of sizes between three and ten
parties, the present invention combines the available
lines into groups of reasonable size which may be ex-
panded by combining groups to form conferences of
larger or intermediate size. For example, by providing
conference circuits having four and eight-party capabil-
ities, various combinations of these circuits can be ef-
fected to produce six and ten-party conferences by
merely joining groups of conference circuits in the same
conference connection. In this way, smaller size confer-
ence circuits which may be more practical from the
demands of the system are provided while also making
possible less frequent conferences of larger size.

In providing proper gain control for the respective
conference circuits of different size, the system provides
a timing and control arrangement which automatically
provides for gain reduction at times when conferences -
of larger size are being processed including the larger
conference groups and the standard size groups which
are being used to form an expanded conference facility.
In addition, for those channels of each conference cir-
cuit which are required in the linking of conference:
circuits during expanded conference operations, which
channels are merely cross-linked within the system
during such expanded operation, the gain control cir-
cuitry automatically adjusts during processing of such
channels to inhibit gain control.

It 1s therefore a general object of the present inven-
tion to provide an improved conference facility for use
in connection with a time-division multiplex digital
switching system.




4,153,817

3

It is a further object of the present invention to pro-

vide a conference system of the type described in which
the stability of the system is improved without resorting
to unacceptable low transmission levels.

It is a further object of the present invention to pro-
vide a conference facility of the type described in which

most efficient use is made of the respective conference
lines provided within the system from the point of view
of achieving a fuller range of conference sizes without
unnecessarily dedicating large numbers of conference
lines to little-used facilities. |

It is still another object of the present invention to
provide a conference facility of the type described in
which the gain within the system for conferences of
different size is automatically adjusted.

These and other objects, features, and advantages of
the present invention will become more apparent from
the following detailed description of the present inven-
tion, when taken in conjunction with the accompanying
drawings wherein:

FIG. 1 is a schematic diagram of a typical telephone
circuit of hybrid connection;

FIG. 2 is a schematic block diagram of a two-party
connection through a digital switching network;

FIG. 3 is a schematic block diagram of a four-party
conference system;

FIG. 4 is a simplified block diagram of a PABX in-
cluding a conference processor;

FIG. 5 is a simplified conference diagram of the digi-
tal conference in accordance with this invention;

FIG. 6 is a schematic block diagram of a preferred
embodiment of the digital conference circuit of this
invention; |

FIG. 7A and 7B provide a waveform diagram 1llus-
trating the various waveforms of the signals in the digi-
tal conference circuit;

FIG. 8 is a schematic circuit diagram of the input data
register, input data latch, expander, and mput RAM;

FIG. 9 is a schematic circuit diagram of the sign bit
processor;

'FIG. 10 is a logic truth table relating to the operation
of the sign bit processor;

FIG. 11 is a table indicating the memory locations for
storage of the conference channels in the input RAM;

S
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15
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simplified understanding of the principles of the confer-
ence circuit in accordance with the present invention, a
specific digital switching system of the type described
in U.S. application Ser. No. 885,181, filed Nov. 25, 1977,

by Klaus Gueldenpfennig et al, and assigned to the same
assignee as the present invention, will be described

herein only to an extent necessary to provide an under-
standing of one possible operating environment of the
present invention. In this regard, however, it should be
noted that the present invention is not limited to use
with such a system, but has general application to time-
division multiplex digital switching systems in general,
as will become more apparent as this description pro-
ceeds. - |

The problem of stability in a conference system will
be described in more detail in connection with FIGS.
i-3. FIG. 1 shows a typical two-wire telephone 10
which is connected via a two-wire télephone line 11
through a line circuit or a trunk circuit containing a
hybrid network 12, which conventionally consists of a
set of transformers and a balance network in which the
impedance Zj looking into the telephone line 11 from
the hybrid 12 is balanced by a terminating impedance
Zo. Such an arrangement is designed to split the bi-
directional analog signals on the telephone line 11 into a
separate transmit path Sz and receive path Sg.

FIG. 2 illustrates the equivalent circuit connection of
two parties using a hybrid circuit arrangement of the
type shown in FIG. 1. In the two-party arrangement, a
party P1 is connected through a hybrid 12a associated
with a matching impedance Zg; through a digital
switching matrix 20, controlled by a central processing

unit 21 to a party P2 connected to hybrid 124, associ-

ated with matching impedance Zg. The transmit line
St1 from the hybrid 12a is applied through transmit
amplifier 14, coder 15, the digital switching matrix 20,
decoder 16, and receive amplifier 17, to the receive line

- Sga of the hybrid 125. On the other hand, the transmit

FIG. 12 is a schematic circuit diagram of the arithme- 45

tic logic unit, ALU RAM, and ALU latch;

FIG. 13 is a flow diagram describing the operation of
arithmetic processing portion of the digital conference
circuit;

FIG. 14 is a schematic circuit diagram of the gain
control register, compandor, and parallel shift register;

FIG. 15 is a schematic circuit diagram of the gain
control processor;

FIG. 16 is a truth table explaining the operation of the
gain control processor;

FIG. 17 is a schematic circuit diagram of the data
control counter, multiplexer and output RAM; and

FIG. 18 is a schematic diagram illustrating the man-
ner in which conference groups are combined.

The design of any conference facility naturally de-
pends to an extent on the type of time-division multiplex
switching system with which it must operate. In design-
ing a digital switching system, there are a number of
system parameters which must be considered before
choosing an overall configuration; however, from the
point of view of basic conference concepts, these design
considerations of the digital switching system are rela-
tively unimportant. Thus, in order to provide a more

50

33

65

line S77 of the hybrid 125 is connected through transmit
amplifier 22, coder 23, digital switching matrix 20, de-
coder 25 and receive amplifier 26 connected to the
receive line Sr; of the hybrid 124. The transmit and
receive paths associated with a particular subscriber,
comprise a subscriber couplet of a transmit path and a
receive path. For example, with regard to subscriber
P1, the transmit path consists of transmit line Sri, trans-
mit amplifier 14, and coder 13. The receive path consists
of decoder 25, receive amplifier 17, and receive line
Sri1. Together, the transmit path and the receive path
comprise a couplet of a transmit path and a receive path
for subscriber P1. | |

A basic stability problem exists even with the simple
two-party configuration illustrated in FIG. 2, because
the balancing impedances Zo1 and Zg; of each hybrid
12a¢ and 126 cannot be perfectly matched to the line
impedance Z 1 looking back into the two-wire line from
the respective hybrid. The effects of this mis-match on
stability can be seen from the following example. As-
sume during a given interval that party P1 is the speaker
and party P2 is the listener. Under the ideal conditions
where Zo2 1s equal to Zy 7, one half of the signal on line
Sr2 would be dissipated in the impedance Zo; and the
other half would be passed into the two-wire analog line
and be received by the party P2. Under these condi-
tions, none of the signal would couple across the hybrid
to the transmit line Sy». However, neither Zg; nor Zp
can be perfectly matched to the respective impedance
Zr1and Zj)because of the variations in the line imped-
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ances and types of terminations that can-be encoun-

tered. | |
For the condition where the matching impedance is

not equal to the line impedance, a certain portion of the

signal on the receive line Sgz will couple across the

hybrid 125 to the transmit line S77 and thus inject an

echo or reflection into the transmit path of the listener’s

hybrid. If the gain around the loop is sufficient and of

proper phase, an echo will be creased which can sustain

itself and produce a singing or oscillation in the loop.
In a hybrid network of the type described, the rela-

tionship which defines the amplitude and phase of the

10

component on the line Sg which is coupled across to the

line Stis given by:

S7/SR=(ZL—Z0)/ZL+Zo) (1
For a given set of matching and characteristic line im-
pedances, the stability of the overall loop in a two-party
connection would be a function of the gains and phases
of the elements in the transmit and receive paths. Since
phase control is generally not practical, an obvious

trade-off exists between transmission gain and stability.

For any given system, the values of matching impe-

dance are fixed by components included in the various
line and trunk circuits, but the values of the characteris-
tic impedance of the line that can be encountered can

vary over broad limits. Hence, the problem of how
much gain can be pmwded without risking singing is a

statistical one. Oftentimes it is assumed that the short-

ened line condition and open line condition represent

the “worst case” line impedances that are encountered,
and the gain functions are selected based on these val-
ues. Unfortunately, it has been found both theoretically
and experimentally that some types of inductive termi-
nations are even worse than the open and short circuit
conditions.

The stability problem associated with a two-party

connection is multiplied in a conference connection.
FIG. 3 provides an example of a four-party conference
in which a simple linear summation of the conferees
voice signals is provided. Similar reference numerals
are utilized in FIG. 3 to designate corresponding ele-
ments in FIG. 2 wherever possible; however, rather
than interconnect two parties, the digital switching
matrix 20 under control of the central processing unit 21

responds to the conference request by connecting the

four designated parties through the digital switching
matrix 20 to a conference processor 28. Thus, the trans-
mit line St of each of the hybrids 12a-124 is connected
through a respective decoder 30-33 in the conference
processor 28 to a summing circuit 40 where the contri-
butions of each of the conferees is summed. The output
of the summing circuit 40 is applied to one input of a
respective differential amplifier 41-44, the other inputs
of these amplifiers receiving the individual contribu-
tions of the respective conferees. The outputs of the

amplifiers 41-44 are applied through respective coding

circuits 34-37 to the receive lines Sg of each of the
respective hybrids 12a-124. | -

In the system of FIG. 3, since the tmpedance mis-mat-
ches in the hybrids are the primary contributors to
instability, the effect of the respective coders and de-
coders in the system can be ignored for the purpose of
considering the basic stability concept. It is also noted
that after summing of the four voice signals from the
respective conferees in the summmg circuit 40, each
party’s individual voice contribution is subtracted out in-
the differential amplifiers 41-44 before the summed
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voice signal is returned to the individual party’s re-
ceiver. This minimizes echo effects and improves the
overall system stability.

Asis apparent, FIG. 3 actually deplcts simply a more
complex version of the two-party circuit shown in FIG.
2; however, the major difference between the two sys-
tems, from the standpoint of stability, is that every
transmitted voice signal in the four-party conference
has four potential “reflectors” in the form of hybrids
which can cause a received signal to be reinjected back
into the network. Thus, if the transmission loss between
parties is to be held constant, increasing the conference
size results in more ‘“reflections”, and hence poorer
stability.

The instability considerations attendant to a confer-
ence facility can be quantitatively summarized for an N
party conference with participants P1, P2, . . . PN inter-
connected by an enlarged version of the circuit of FIG.
3. Using equation (1), and applying superposition, the
summation S of the reflected signals caused by a voice
signal V transmitted from any party P, is given by:

N

ZL: ZU:
i =1 VAL, ZU:

(2)

where K =system gain constant; Z;;=line impedance
of hybrid i; Zg;/=terminating impedance of hybrid i.

If we assume that the Zg values are fixed by design
and the values by Z; are random, then the phase angles
and amplitudes of the reflected signals from each hybrid
form a set of random vectors and. thetr summation
which is represented by equation (2) will have some
type of probability distribution which would be very
difficult to define for any given PABX installation. The
larger the value of S, the poorer the stability of the
conference network. The worst possible case would
result if the phases of reflected signals at each hybrid
tended to be approximately equal and the signal thus
tended to linearly add.

Unfortunately, this “worst case” 1s often encountered
in practice, particularly in small PABX installations. If
we assume that the reactive components of Zr and Zg
are relatively small, it then follows from equation (1)
that the reflected signal at each hybrid is either in phase
or 180° out of phase with the received input. Further-
more, if all lines in the PABX are relatively short, the
impedance Zy, tends to be less than the impendance Zo
and all reflected signals are 180° out of phase with their
received inputs and tend to reinforce each other.

In accordance with the present invention, the stabil-
ity of the conference circuit can be improved without
sacrificing transmission quality simply by introducing
an inverting amplifier in one-half of the channels of the
conference processor 28, thereby causing some re-
flected s1gnals to cancel others, rather than reinforce
them. This is particularly effective in the case where all
lines are short and all reflected signals would otherwise
tend to be in phase. In FIG. 3, the inverters are pro-

vided in the form of inverting differential amplifiers 42

and 44.

The same effect as provided by inverting amplifiers in
alternate channels of the conference processor can be
accomplished by merely inverting the sign bits in the
signals of every other channel received in the confer-
ence circuit. Such control over the processing of the
conference channels is provided in accordance with the
present invention, and will be described more particu-




4,153,817

7

larly hereinafter in connection with the preferred em-
bodiment.
FIG. 4 1s a simplified block diagram of a typical 240

port TDM digital PABX switching system of the type
described in the aforementioned copending application

Ser. No. 884,181 of Klaus Gueldenpfennig et al. The
system includes a plurality of pulse code modulation
port groups 50-59, each port group being associated
with a plurality of ports, which may consist of line
circuit, trunk circuits, operator line keys, etc. With each
of the port groups 50-59, there is provided a pulse code
modulation circuit serving to convert voice signals to
an 8-bit PCM signal and also to multiplex signals re-
ceived from the ports associated therewith for transmis-
sion on a respective multiplex highway H1-H10 as
serial data to the digital switching matrix 20 under con-
trol of the central processing unit 21. Multiplex data in
serial form received in the multiplex highway from the
digital switching matrix 20 is also converted from 8-bit
PCM to voice frequency, demultiplexed, and applied to
the appropriate port by the pulse code modulation cir-
cuit within each port group. The multiplex highway
going from a port group to a switch matrix sequentially
communicates a plurality of serial time division multi-
plexed PCM words. Likewise, the multiplex highway
from the switch matrix to the port group provides cor-
responding communication of PCM words 1n the other
direction. Each PCM word multiplexed from the port
group to the switch matrix comprises a transmit path
sequential channel, and each PCM word multiplexed
from the switch matrix to the port group comprises a
receive path sequential channel. The transmit sequential
channel and the receive sequential channel associated
with a particular subscriber constitute a subscriber cou-
plet of transmit and receive sequential channels.

As seen 1n FIG. 4, the system also includes an addi-
tional highway H11 which is dedicated to the confer-
ence function. Thus, the conference port processor 60
appears to the system similarly to any one of the port
groups 50-59. In the system, a conventional 64 KB/S
data rate is provided for each port so that when twenty-
four channels 1n each port group are multiplexed and
framing bits are added, a highway data rate of 1.544
MBY/S results. Each frame consists of 193 bits, the first
of which 1s a framing pulse, followed by twenty-four
channels of 8 bit, u=2355 companded PCM data.

Whenever any subject of ports in the overall network
are to be in conference, the CPU 21 controls the routing
of their signals through the digital switching network 20
to the dedicated 1.544 MHz line going to the digital
conference 60, which operates on the incoming data
words such that the first four words W0-W3 are com-
bined into a first conference CO0, the second group of
four words W4-W7 make up the second conference C1,
words W8-W11 define the third conference C2, words
W12-W15 define the fourth conference C3, and the last
eight words W16-W23 are assigned to the fifth confer-
ence C4. For simplicity, each eight-bit word position
will be hereafter referred to simply as a channel.

FIG. 5 is a simplified concept diagram of the confer-
ence system of the present invention showing that the
digital conference processor 28 is functionally capable
of providing four 4-party conferences plus one 8-party
conference comprising twenty-four total ports. The
data on the 1.544 MB/S bus from the digital switching
network 20 is applied to an input data register and ex-
pandor 65 where the data i1s expanded prior to process-
ing. The five conference groups depicted in the digital
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conference processor 28, as illustrated in FIG. §, are
merely concept designations including how the twenty-
four channels allocated to the conference circuit may be

divided from an operating point of view to provide
conferences of different sizes. In actual fact, the digital

conference processor 28 does not include hardware
subdivided into five conference circuits but merely
operates on the twenty-four channels in groups as de-
picted in FIG. 8. This processing is performed by the
data formatter 64 which provides the conference signals
in serial form to a data compressor and output register
66 where the data is compressed once again and applied
on the 1.544 MB/S bus to the digital switching network
20 to be returned to the individual conferees. Thus, if a
four-party conference is required, the CPU 21 assigns
one of the available conferences (one of the four avail-
able conference facilities C0-C3) and routes the trans-
mit words from the conferees port through the digital
switching network 20 to the corresponding time slot in
the multiplex data stream going to the digital confer-
ence circuit. At the same time other conferences could
be simultaneously taking place using the other available
channels of the conference circuit. ~ |
FIG. 6 1s a basic block diagram of the digital confer-
ence circuit in accordance with the present invention.
The basic function of this circuit is to provide for the
simultaneous operation of four 4-party and one 8-party
conferences by operating on eight bit compressed PCM
words received from the matrix switch in such a man-
ner that signals are expanded, combined linearly by
arithmetic operations, recompressed, and redistributed

. back to the conferees via the matrix switch. The arith-
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‘metic combining operation provides for the deleting of

the component of each speaker’s voice signal from the
data being sent back to that speaker’s receiver. In addi-
tion, the digital conference is capable of providing for
expansion of the basic conference sizes by combining
any of the conference groups C0-C4 in pairs. In such
expansion of the conference size, one port of each basic
conference group is required for linking it to another
conference group. Hence, the linking of two 4-party
conference groups results in a 6-party conference
group, and the linking of a 4-party group and an 8-party
group results in a ten party conference. The manner in
which this 1s accomplished will be described in greater
detatl hereinafter.

Referring to FIG. 6, each of the twenty-four 8-bit
words allocated to the digital conference is received
sequentially on the serial 1.544 MB/S data line CIP
from the digital switching network at an 8-bit input data
register 100. The eight bits of each word are received in
serial form and shifted into the register 100 in time
synchronization with clock signals generated from the
master counter 90, which is synchronized to the system
timing by the receive preframe signal RPF. As each
word is received in the register 100, it is transferred in
parallel into an 8-bit latch 110 to permit processing
while the next word is received serially and stored in
the register 100. Thus, each processor cycle of the digi-
tal conference comprises a clock cycle of bits 0-7 which
are synchronized with the system clock and occur in
time with each successive bit being received in serial
form into the data register 100. Thus, once a2 word has
been received and stored in the latch 110, the digital
conference system has eight cycles of processing time
until the next word will have been completely received
in the data register 100 and be ready for shifting into the
latch 110. The twenty-four words or channels allocated
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to the digital conference therefore come in in sequence
and each word is processed as the next word is being
received in the data register 100.

4,153,817

The master counter 90 is driven from the system

clock so as to be synchronous therewith, and is reset by
the received preframe signal RPF so that it is in syn-
chronism with the data received from the system insofar

as the sequential order and timing of the channels is
concerned. Thus, the received preframe signal RPF

which comes in from the common control tells the

digital conference that the input switch 100 is about to
receive the first bit of the first word of the twenty-four

10

word sequence. The received preframe signal RPF

comes into the digital conference one and one-half bit
times before the frame pulse and serves as a preliminary
indicaiion that a new frame 1s about to occur.

Before each word can be arithmetically processed, it
must first be expanded into a thirteen bit linear form. In

this regard, each 8-bit word is made up of seven bits

representing magnitude and eighth bit representing the °

sign of the word. Since the sign bit will not be affected
in the expanding operation, the first seven bits of the

word are applied from the latch 110 through an expan-

dor logic circuit 120 where it is expanded to twelve bits.
The sign bit is forwarded from the latch 110 through a
sign bit processor 180, which formulates the arithmetic
functions to be performed in connection with the word
on the basis of the value of this bit. The sign bit is also
forwarded from the sign bit processor 180 with the
twelve bit expanded word to an input RAM 130 for
storage. The arithmetic functions to be performed on
the word are effected by an arithmetic and logic unit
140, having a pair of inputs A and B, the B input being
connected to the fifteen output of the RAM 130. The
purpose of the RAM 130, which has a capacity of eight
words, is to store the eight bits of each channel as it is
received and retain these bits during processing by the
ALU 140 so that when a total 1s provided by the ALU
140, the individual words of each conferee may be sub-
tracted from the total prior to outputting. Thus, as each
word comes into the RAM 130 it 1s processed by the
ALU in accordance with the sign bit designated by the
processor 180 to produce a partial total until all the
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words of a particular conference group have been re- 45

cetved.
The processor 180 also provides the manipulation of

the sign bit which effectively results in inversion of

every other (alternate) channels coming into the digital
contference. In this regard, the input data latch 110,
which stores the incoming sign bit of each channel
provides to the processor 180 not only the stored sign

bit, but also an inverted sign bit. Thus, the processor 180

merely selects the stored sign bit for one channel, and
then selects the inverted sign bit rather than the stored
sign bit for the next channel. This effective inversion of
alternate sign bits provides the same result insofar as the
digital conference is concerned as if an inverting ampli-
fier had been placed in the analog section of the port
associated with that channel.

The partial and total sums of the signals which consti-
tute the different conference groups are stored in the
ALU RAM 150, which also provides a work area for
storing data which is in the process of being converted

from two’s complement to sign-magnitude. The partial
and the total sums stored in the RAM 150 are supplied
through a sixteen bit latch 160 back to the A mput of the

ALU 149 for processing.

50
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When the total sum of signals which constitute a
given conference group has been provided by the ALU,
the channels associated with that conference group
which are stored in the RAM 130 are then successively
subtracted from the total, with the result being provided
to a gain control register 190. In the register 190, gain -
control over the signals is provided by a gain control
processor 220, the gain being controlled in 6 db incre-
ments by selectively shifting the word one bit to the
right to reduce the gain for those conference groups of
larger size, such as the eight-party conference and the
expanded conference groups. Each word is then once
again compressed in the compressor 200 and shifted into
a parallei-in serial-out shift register 210 under control of
the clock derived from the master counter 90. The
register 210 receives the compressed seven bits from the
compressor 200 and the sign bit from the sign bit proces-
sor 180 and shifts the word into an cutput RAM 220.

A RAM write address is provided from the master
counter and timing generator 90 through a multiplexing
circuit 230 which also receives the RAM read address
from a data control counter 240. The multiplexing cir-
cuit 230 provides the RAM write address to the RAM
220 during the first half of a clock cycle and provides
the RAM read address from the data control counter
240, which 1s synchronized to a transmit preframe signal
XPF from the system. Thus, the data from the shift
register 210 is shifted into the RAM 220 in synchronism
with the timing of the digital conference and is then
shifted out into the system in serial form onto the 1.544
MB/S serial output line COP in synchronism with the
data processed by the digital switching network.

Although the synchronizing receive preframe signal

RPF and transmit preframe signal XPF have a known
fixed time relationship to one another in the preferred
embodiment and are synchronous with the clock signal,
it is also possible in accordance with the present inven-
tion that the two synchronizing signals not have a fixed
time relationship to one another. By providing the sepa-
rate data control 240 and multiplexing circuit 230, such
flexibility is permitted, so long as both synchronizing
signals are synchronous with the incoming clock signal.

The timing of the various operations within the digi-
tal conference circuit in addition to the relative timing
of the various-system timing pulses produced by the
master counter 90 are illustrated in FIG. 7. All timing
signals are derived by selectively gating signals from an
eight bit synchronous binary counter which is driven by
the basic system clock RCLK and the receive preframe
pulse RPF. From the basic system clock signals RCLK
are derived the digital conference timing clock signals
CLK and CLK for distribution and control over the
various circuits within the digital conference.

The details of the digital conference will now be
explained in connection with FIGS. 6 through 18. Re-
ferring first to FIG. 8, serial input data on the 1.544
MB/S CIP line is received at the input data register 100
and 1s clocked into- the register in time with the input
register clock signal IREGCK. When the register 100,
which is a serial-in/parallel-out register, has received all
eight bits of the incoming word, the contents are shifted
into the input data latch 110 which comprises a plurality
of flip-flops 111 through 118. The shifting of data from
the register 100 to the latch 110 occurs upon receipt of
the timing signal C.

The first seven bits of the word representing the
magnttude of the data are applied to the expander 120:
while, the eighth bit, which forms the sign bit designat-
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ing whether the data is positive or negative and which
is stored in the flip-flop 118, provides both the sign bit
and inverted sign bit on lines ISB and ISB to the sign bit
processor illustrated in FIG. 9. The sign bit processor
stores in a multiplexer 181 three basic pieces of sign
information for generation of appropriate ALU instruc-
tions. First of all, it stores the sign of each input data
word provided by the signal ISB and the inverted sign
provided by signal ISB. Secondly, it stores the condi-
tioned sign bit of each input data word in the form of a
signal CSB. In this regard, since the sign bit of every
other conference channel has been inverted, the CSB
signal includes both sign bits and inverted sign bits, to
enhance the conference stability, as already described.
The third bit of stored information is the sign of the
conference data to be transmitted back to each speaker
in the form of a signal AL15. The ISB, ISB, CSB, and
AL 15 bits are multiplexed onto a multiplexed sign bit
line MXSB via a latch 182 to determine the appropriate
instruction to be given to the ALU 140 and to provide
the required sign bit during the various clock cycles of
each processor cycle.

The multiplexer 181 is driven by the clock signals B,
C and D to apply it contents sequentially to the MXSB
latch 182. As already indicated, each processor cycle
comprises eight clock cycles; however, the multiplexer
181 is stepped once for each two clock cycles, so that
for one channel being processed the inputs D0-D3
thereof may be scanned, while for the next channel, the
inputs D4-D7 will be scanned. From this, the manner in
which the sign bit for every other channel is inverted
can be readily seen, the normal sign bit being selected
from input D3 of multiplexer 181 during one processor
cycle and the inverted sign bit being selected from input
D7 during the next processor cycle.

There are only five ALU operations requ:red by the
digital conference:

1. A+B

2. A (transfer contents of A to the output)

3.A-—B

4. A

5. A+41
For this purpose four control signals are required to
control the operation of the ALU 148, which signals are
ALUS12, ALUS03, ALUM and ALUCN. FIG. 101s a
logic truth table which indicates how the various con-
trol signals for the ALU are formed from the various
timing control input signals C1, B1, and the signal on
MXSB for the various cross cycles of operation. The
logic indicated in the truth table of FIG. 10 1s per-
formed by the gates 183-187 in FIG. 9 and the tumng
involved with such operations are clearly indicated in

the timing diagram of FIG. 7.
Returning to FIG. 8, the twelve bit expanded word

derived from the expander 120 is applied to the input
R AM 130 consisting of respective chips 131-134, which
store the twelve bits along with the sign bit provided on
the multiplex line MXSB from FIG. 9. Each word i1s
written into memory 130 by the input RAM write en-
able pulse IRWE, and the write and read address lines
are controlled by the timing signals D, E, and F which
provides a 0-7 address sequence which repeats three
times per frame. Thus, the input RAM 130 is capable of
storing eight words of data at a time and these words
are allocated in the memory on the basis of the applied
timing signals in the manner indicated in the table illus-
trated in FIG. 11. Thus, it will be seen from the descrip-
tion of the operation of this system to be provided here-
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inafter that when the total signal value for the eight
conference group including words 16-23 has been de-
termined, for example word 15 from the input RAM
130 will be read out to the ALU 140 to be subtracted
from this total at the beginning of the same cycle that
word 0 is shifted into the latch 110. Thus, as the storage
area in the RAM 130 for word 16 is no longer needed,
the first word of the next conference group is ready to
be shifted into the vacated storage location. During the
next operating cycle, channel seventeen is transferred
out of RAM 130 and channel two is transferred into that
vacated memory location. Processing continues sequen-

tially in that manner.
As seen in FIG. 12, the ALU 140 has A mputs Al -

0-AL15 derived from the sixteen flip-flops 161-176 of
the latch 160. The B inputs ID0-ID15 are derived from
the input RAM 130 (FIG. 8). The instructions which
the ALU must perform at each step in the machine
cycle is determined by the sign bit processor 180, which
provides the control signals ALUCN, ALUS12,
ALUSO03, and ALUM. All input data to the ALU 140 1s
in sign-magnitude form as received from the expandor
logic circuit 120. Since the ALU 140 operates in a two’s
complement and arithmetic mode, the signs of the input
sign magnitude data determines whether the ALU must
perform an ADD or SUBTRACT function. After the
ALU performs the various operations for determining
the basic information to be sent back to each conference
participant, this information is available in two’s com-
plement form and must be converted back into sign
magnitude form before being applied to the compressor
circuit 200. Hence, the sign bit of each result provided
by the signal AL1S is tested to determine one of two
courses of action. If the sign bit is positive, the data is
outputted to the gain control register 190 without modi-
fication. On the other hand, if the sign bit is negative, a
one’s complement plus 1 operation is performed to con-
vert to a positive number.

With the limited set of instructions to be performed
by the ALU 140, the S0 and S3 control inputs are al-
ways identical as are the S1 and S2 inputs to the ALU
140. Hence, the control signal ALUS03 is common to
both S0 and S3 and the signal ALUS12 1s common to S1
and S2. Various arithmetic, data transfer and clear oper-
ations take place within the ALU on each clock cycle,
a group of eight clock cycles constituting a complete
processor cycle. As already indicated, one processor
cycle consists of processing the last input word and also
outputting a data word to the gain control register 190.

The ALU output RAM 150 is capable of storing five
words of fifteen bits and is addressed by the timing
signals on control leads ARAA, ARAB, AND ARAC
which are applied to the A, B, and C address inputs of
the RAM. The storage assignments are formulated so
that memory location 4 i1s used as a work area during
clock cycles 1, 2, 3, and 4 for storing data which is in the
process of being converted from two’s complement to
sign magnitude form, prior to being loaded into the gain
control register 190. Memory locations 0, 1, 2, and 3 are
time-shared over the course of the twenty-four channel
frame to store partial running sums of a given confer-
ence group and to also hold the total sum of the previ-
ously processed conference groups.

The ALU latch 160 simply provides a temporary
storage register to hold the information accessed from
the RAM 150 so that it can be inputted to the A input of
the ALU 140 for subsequent processing. Data is trans-
ferred to the latch 160 by the transfer pulse ALTFR
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which operates in synchronism with the address pres-
ented to the RAM 150, as shown in the timing diagram
of FIG. 7. In order to minimize the amount of hardware
required in the system, the control signal on line
ALCLR which is to perform a CLEAR function, actu-
ally drives all of the Q outputs to the ALU to their high
states and thus present a data value of minus 1 instead of
0 to the ALU input whenever the latch 160 is cleared.
Thus, the data being summed up for each conference

group is always low by one count. The only effect of 10

this 1s to cause the conference data being returned to
each channel to have a DC offset of one unit. The effect
will, of course, have no affect on overall system perfor-

mance. |

The structure and operations which take place at
each of the clock cycles contained in a basic data pro-
cessing cycle are illustrated in the flow chart shown in
FIG. 13. This chart gives the sequence of steps for the
particular processor cycle where channel 0 data is being
shifted to the latch 110 from register 100, and processed
data is being outputted to channel 16.

During clock cycle 0, the seven magnitude bits of
word 16 and the conditioned sign bit are read from the
input RAM 130 and applied on leads ID0-ID15 from
location 0 in the input RAM 130 to input B of the ALU
140. As seen from FIG. 11, the input RAM 130 at this
time stores words 16-23 in memory locations 0-7
thereof. Next, the total sum of the eight words of con-
ference group member 4 are read from location 3 in the
ALU RAM 150 into the latch 160 in response to the
transfer signal AL TFR and this total sum value is trans-
ferred to the A mput of the ALU 140 on leads AL-
0-AL1S.

In clock cycle 1, the inverted conditioned sign bit
CSB is tested to determine whether it is positive or
negative. The inverted sign bit CSB is applied to the
multiplexer 181 (FIG. 9) which scans its inputs in time
with the signals B, C, and D connected to the logic
circuitry which determines on the basis of the logic
truth depicted in FIG. 10 which instructions are to be
performed by the ALU 140. If the sign bit CSB for
word 16 is positive, the ALU 140 will execute an A-B
operation. If the sign bit CSB-16 is found to be negative,
the ALU 140 will execute an A+ B operation. The
result, which is a two’s complement of the conference
data for channel 16, is then stored in location 4 of the
ALU RAM 150. |

During clock cycle 2, location 4 of the ALU RAM
150 is read and the contents transferred through the
latch 160 to input A of the ALU 140. The sign bit AL1S
derived from flip-flop 176 from the latch 160 is also
stored in the sign bit processor 180 (FIG. 9) at this time.

During clock cycle 3, the sign bit AL1S is tested In
the sign bit processor 180 to determine whether it 1s
positive or negative. If the sign bit AL13 is positive, the
data at input A of the ALU word 40 is transterred to the
output thereof without modification and is stored in
location 4 of the ALU RAM 150. If the sign bit AL1S
is negative, a one’s complement of the word at input A
of the ALU 140 is performed and the result is then
stored in location 4 of the ALU RAM 150.

During clock cycle 4, location 4 of the ALU RAM
150 is read and transferred to the A input of the ALU
140 through the latch 160. During clock cycle 5, the
data at input A of the ALU is transferred directly out to
the gain control register 190 without modification if the
sign bit AL.16 was positive; however, if the sign bit was
negative, the ALU 140 performs an A +1 operation of

14

the data prior to transfer to the gain control register

- 190,

15

20

At this pmnt word 16 has been transferred out of
location zero in the RAM 130 to make room for the

incoming data from the next conference group. Thus,

during clock cycle 6, the input sign bit ISB of incoming
word zero is forwarded to the sign bit processor 180 and
the seven magnitude bits of word zero are stored in
location 4 of the input RAM 130 along with the sign bit
on lead MXSB. During the same cycle, the partial sum
of word 0 from location 4 of the ALU RAM 150 is
transferred through the latch 160 to the A input of the
ALU 140. In this case, since we are working with the
first word of the conference group, there is no partial

‘sum in the RAM 150, but for subsequent words, a par-

tial sum will be forwarded to the A input of the ALU
140 and then arithmetically processed with the next
word. |

During clock cycle 7, word 0 is read from the input
RAM 130 to become input B to the ALU 140. Also, the
sign bit ISB 1s tested to determine whether it is positive
or negative. If the sign bit 1s positive, the sign bit proces-
sor 180 will control the ALU to execute an A 4 B opera-

- tion. On the other hand, if the sign bit ISB is negative,
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the ALU 140 will be controlled to execute an A-B
operation. The result of this arithmetic operation is then
stored in location 0 of the ALU RAM 150 and becomes
the partial sum of the conference group 0.

The same functions are repeated for the following
processor cycle in which channel 17 is outputted and
channel 1 is inputted. The cycle continues in this man-
ner outputting one channel and inputting the next chan-
nel.

Each channel outputted from the ALU 140 is applied
to the gain control register 190 where it may be oper-
ated on under control of the gain control processor 220.
Since the digital conference is capable of combining
conference groups to form an expanded conference
facility, the gain of each channel must be controlled in
accordance with the size of the conference facility. If a
simple four-party conference utilizing one of the avail-
able conference groups is selected, the channels of data
supplied to the register 190 may be merely stored with-
out modifying the gain thereof; however, for expanded

conference facilities including the 8-party conference

group, the gain must be appropriately adjusted in the
register 190 under control of the gain control processor

220.

Referring to FIG. 14, after the computations have .
been completed in the arithmetic logic unit 140, the
fifteen magnitude bits are parallel loaded from the ALU
into the gain control register 190, which comprises
individual registers 191-194. The loading of data into
the gain control register 199 is effected in response to

the gain control register clock signal GREGCK and the

function performed by the gain control register is deter-
mined by the control signal GREGSI, which is applied
to the SI inputs of -each of the registers 191-194. The
GREGSI control signals determine whether the
GREGCK clock signals load data or shift data in the
registers 191-194. This is clearly indicated in the timing
diagram in FIG. 7.

Assuming that there are no conferences which are
expanded (linked to other conferences to increase their
size) none of the data being transmitted to the conferees
in the four 4-party conferences will be attenuated.
Therefore, the binary data corresponding to words 0
through 15 will not be shifted after they are individually
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loaded into the gain control register 190. Hence, for
those words under the conditions of no conference
expansion, the gain control register 190 acts simply as a
temporary storage register. For words 16 through 23,

which are associated with the eight-party conference,
the gain control register 190 will first be loaded upon
receipt of a gain control clock signal GREGCK at the

time the signal GREGSI is high. Then, the data in the
registers 191-194 will be shifted one bit to the right by
having a GREGCK clock signal present when the
GREGSI control is low. The shifting of the words in
the gain control register 190 one bit to the right pro-
vides for adjustment of the gain of the signal.

The resultant data words represent the linear fifteen
bit binary weighted words to be transmitted back to the
individual conferees, after they are compressed. Com-
pression is performed in the compressor 200 connected
to the output of the register 191-194.

As already indicated, the loading of the registers
191-194 and any shifting of data in the registers is con-
trolled on the basis of the values of the gain control
clock signals GREGCK and the shift signals GREGSI.
The shift signal GREGSI is derived from the timing
signal C generated by the system clock, and merely
provides for loading of data into the gain control regis-
ter 190 during the first four bit times and the possible
shifting of data in the register during the last four bit
times of a processor cycle. The gain clock signals
GREGCK are generated in dependence upon various
conditions, as determined by the gain control processor
220, illustrated in detail in FIG. 15.

As seen in FIG. 7, when GREGSI is high, the pres-
ence of GREGCK simply loads new data into the gain
control register 190. During the second half of each
word cycle, the GREGSI control lead 1s low, and a
GREGCK clock signal appears only if the contents of
the gain control register belong to the eight-party con-
ference, or to a four-party conference which is intercon-
nected to some other conference. Conference expansion
is controlled by the central processing unit which indi-
cates to the gain control processor 220 on leads COEX-
-C4EX, which are connected to the input of a multi-
plexer 221. A control circuit 224 is responsive to the
clock timing signals F, G, and H for scanning the inputs
COEX-C4EX of the multiplexer 221 providing an out-
put through gate 222 to a multiplexer 223 indicating
whether the conference groups associated with the
respective inputs are to be interconnected to some other
conference group 1n an expanded conference facility.
The control circuit 224 also provides an output via gate
225 to the multiplexer 223 indicating whether the con-
ference group being scanned forms part of a four-party
group or relates to the eight-party conference group. A
third input to the multiplexer 223 is provided from gain
control line GCTRL, which 1f left open will control the
gain of the gain control register 190 to provide a high
gain, or may be wired to ground in order to provide a
low gain for the gain control register 190. In the high
gain mode, all four-party conference circuits contain
zero db loss; whereas, the eight-party conference con-
tains six db of loss. These values become 6 db and 12 db,
respectively, for the selection of the low gain mode.

The scanning of the three inputs A, B, and C of the
multiplexer 223 are controlled by the timing signals
from the system clock applied via gates 226 and 227.
Thus, at each step of the word bit times a gain control
pulse may be provided on the lead GCPUL to the gate
229 depending upon the values provided at the inputs
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A, B, and C of the multiplexer 223. The shift signal
PREGSI 1s generated at the output of gate 228 from the
timing signals A, B,and C.
~ One additional factor must be considered in evaluat-

ing the presence or absence of a condition requiring a
shift pulse on the GREGCK lead is that whenever two

conferences are interconnected, the channel or word
slot which serves as the connecting link is always the
highest channel number of a particular conference
group. This means that only channels numbers 3, 7, 11,
15, and 23 are valid interconnecting links. Whenever
two conferences are connected via these links, the logic
ensure that no shift pulses (gain reduction) takes place in
these time slots. Hence, for example, if conference
groups 0 and 1 are linked together (using word time
slots 3 and 7 as interconnecting links), words 0, 1, 2, 4,
5, and 6 which are being sent back to their correspond-
ing conferees would undergo a ‘6 db atfenuation caused
by the gain control shift pulses on lead GREGCK, but
words 3 and 7 would merely serve to send composite
data from one conference group to the other would not
get attenuated. This is effected by application of an
inhibit signal on lead BLG to the input of gate 222,
which inhibits the gate and prevents the generation of
an output from the multiplexer 223 through gate 229 on
the lead GREGCK. |
FIG. 16 provides a table indicating the various signals
provided on the lead GCTRL, the expansion control
leads COEX-C4EX and lead BLG, and the resultant
number of gain control pulses provided from the output
of multiplexer 223 for four-party and -eight-party

groups, respectively. The operation of the gain control
processor 220 can be easily determined from the values

provided in FIG. 16 and the waveforms indicated in
FIG. 7. It will be noted that a load pulse is generated on
lead DLTFR 1n FIG. 15 to the input of gate 229 from
the master clock 90 to provide for loading of each word
from the ALU 140 into the gain control register 190.
Whether or not an additional clock pulse will be gener-
ated on GREGCK then 1s determined on the basis of
the -output from the multiplexer 223 on lead GCPUL to
the gate 229. Thus, if a channel forms part of an ex-
panded group, the multiplexer 223 will provide an out-
put to produce a gain shift. The output of gate 225 for
the eight-party group also automatically produces a
gain shift from the output of the multiplexer 223, and
depending upon the state of the gain control line
GCTRL, the multiplexer 223 may also provide an out-
put pulse to determine the gain control mode.
Referring once again to FIG. 14, after the loading
and possible shifting operations in the gain control reg-
ister 190 are completed for each word, the twelve most
significant bits stored in the registers 191-194 are ap-
plied to the compressor 200 which operates on twelve
parallel lines to produce a compressed seven-bit word.
The compressed word, along with the proper sign bit
are parallel loaded into the parallel load shift register
210 by the clock pulse CLK which occurs when the
PREGSI control line is high. This occurs once every
eight positive transitions of the clock pulse CLK. The
other seven positive transitions of the clock signals
which occur when the PREGSI control line is low
cause the resulting data in the register 210 to be shifted
out to the RAM 220. Once each frame, at the time of the
RPF preframe signal, the register 210 is inhibited from
shifting by applying this preframe signal to the SO con-
trol line of the registers 211 and 212, which make up the

- shift register 210. This is necessary to properly synchro-
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nize the register 210 to the master counter which is
stalled once per frame time at the time of arrival of the
received preframe signal. The register 210 is a parallel-
in/serial-out register which shifts the data on output
lead PREGDO to the RAM 220.

The serial data on the PREGDO output of the shift
register 210 contains twenty-four channels of eight-bit
compressed words, clocked out at a 1.544 MB/S rate,

which must eventually be routed back to the receivers

of each conferee via the digital switching network. The
purpose of the RAM 220, data control counter 240, and
multiplexer 230 as seen in FIG. 6 is to synchronize this
data with the transmit preframe pulse XPF which de-
fines the frame time of all data which is to be injected
into the digital switching network. The actual transmit
preframe time XPF is fixed relative to the received
preframe time RPF; however, as already indicated, this
1s not a requirement of the present invention and the
two preframe time signals could be received at various
different times to properly control operation of the
digital conference.

Referring to FIG. 17, the outputting of data from the
digital conference is accomplished by writing the data

on lead PREGDO into the RAM 220 via the PREG
output flip-flop 244 1in time with the system clock signal
CLK. Each serial bit is for convenience written into the
RAM location determined by the state of the master
counter 90, which applies timing signals on leads A-H
through multiplexer 230 comprising stages 231-238, to
the RAM 220 during the first half of each bit time by
means of the narrow 80 ns write pulse CK3 which is

supplied by the master clock. During the second half of
the bit time, the RAM 220 is addressed by the data
control counter 240, comprising counter stages 241 and
242. This allows data in the RAM 220 to be read out to
the output flip-flop 221 to generate the serial data
stream on lead COP to the digital switching network.

The addresses provided by the data control counter

240 for this read operation are synchronized to the
transmit preframe pulse XPF. Whenever the transmit
preframe pulse XPF is inputted to the digital confer-
ence, it causes the data control counter 240 to be loaded
to the count designating the first address in the RAM
220. This thus ensures that the first bit of data which is
accessed is bit 1 of channel 0, providing the desired
synchronization of the data sent to the digital switching

network.
As already indicated, in producing an expanded con-

ference facility by combining conference groups, one
channel of each conference group is used as a link be-
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tween the conference groups, and therefore is lost as a

possible conferee channel. Thus, if two 4-party confer-
ence groups are combined to form an expanded confer-

ence facility, six conferees may be accommodated with

one channel in each four-party conference being allo-
cated to the link between the groups. The reason why
this 1s necessary in the manner in which such expansion
operates may be seen more partlcularly in connection
with FIG. 18.

Assume that the two 4-party groups comprising
channels 0-3 and 4-7 are to be combined in an expanded
conference facility to provide a conference between
parties A through F. The central processing unit in

35

setting up such a conference will assign the parties A, B,

and C to channels 0, 1, and 2, respectively, while, leav-
ing channel 3 blank. Channels 4, §, and 6 will then be
assigned to parties D, E, and F, respectively, and chan-
nel 7 will be left blank.

63
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Under these circumstances, the digital conference
will produce as an output from the channel 3 the sum of
the contributions of channels 0-3 less the contribution
of channel 3 itself. Thus, the output from channel 3 will
represent a sample of the data from parties A+B+C.
The central processing unit will then supply the output
from channel 3 directly to channel 7 through the digital
switching network. Thus, channel 4 will provide an
output corresponding to the sum of channels 4-6 less
the contribution of channel 4; namely, E4+F from chan-
nels 5 and 6 and A +- B+ C from channel 7. Party D thus
receives the contribution from the other five conferees.
On the other- hand, the output from channel 7 will

correspond to the sum of channels 4-7 less the contribu-

tion of channel 7; namely, D+ E+F. The central pro-
cessing unit directly connects the output from channel 7
through the digital switching network to the input of
channel 3. Thus, channel 0 will provide an output corre-
sponding to the sum of channels 0-3 less its own contri-
bution; namely, B4+C from channels 1 and 2 and
D+E+F from channel 3. In this way, with the inter-
linking of the two 4-party conference groups usmg
channels 3 and 7, each of the six parties in the confer-
ence will receive the contribution from the other five
parties, and in effect, the two 4-party conference groups
have been cross-connected to form a six-party confer-
ence.

As seen from the foregoing disclosure, the present
invention provides an improved digital conference cir-
cuit having greater stability in the establishment of con-
ference connections of different sizes with appropriate
gain control in dependence upon conference size.

While I have shown and described one embodiment
in accordance with the present invention, it is under-
stood that the same is not limited thereto but is suscepti-
ble of numerous changes and modifications as are
known to a person skilled in the art, and I therefore do
not wish to be limited to the details shown and de-
scribed herein but intend to cover all such changes and
modifications as are obvious to one of ordinary skill in
the art. |

What is clalmed is:
1. A method of combining telephone channels into a

conference connection comprising sampling the data in
each telephone channel to produce a subscriber SIgnal
for each channel, inverting the subscriber signal in at
least one but not all of said telephone channels, sum-
ming the subscriber signals from each telephone chan-
nel including the inverted subscriber signals, succes-
sively subtracting from the sum of the subscriber signals
the signal derived from each telephone channel to pro-
vide individual conference signals, and supplying said
individual conference signals to each telephone chan-
nel, said step of sampling the data in each telephone
channel including converting the sample into a digital
word comprising a plurality of bits designating the mag-
nitude of the sample and at least one bit designating the
sign thereof.

2. The method as defined in claim 1 wherein said step
of inverting comprises manipulating said sign bit to
indicate the opposite polarity.:

3. A conference circuit for use in a PABX telephone
system comprising a series of N input lines, each receiv-
Ing a subscriber signal from a respective subscriber

circuit, summing means connected to each input line of

said series for summing said subscriber signals, a corre-
sponding series of subtracting means each having one
input connected to the output of said summing means
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and a second input connected to the corresponding
input line for producing respective conference signals, a
corresponding series of N output lines each connected
to the output of the corresponding subtracting means,
and a set of inverting means equal in number to approxi-
mately one-half of N and operative to invert the confer-
ence signal supplied to alternate output lines of the
series of N output lines.

4. A conference circuit as defined in claim 3 wherein
said subtracting means comprise differential amplifiers.

5. In a PABX telephone system including a plurality
of subscriber circuits, a switching system including a
plurality of individual hybrid networks for connecting
said subscriber circuits to said switching system along
divided transmit-receive paths, said switching system
being of the type in which signals are switched in the
form of a plurality of subscriber transmit sequential
channels which respectively communicate an individual
subscriber transmit path voice data signal and a plural-
ity of corresponding subscriber receive sequential chan-
nels which respectively communicate an individual
subscriber receive path voice data signal, and a common
control for controlling said switching system to inter-
connect selected subscriber circuits, a conference cir-
cuit operatively connected to said switching system for
establishing a conference connection among three or
more subscriber circuits, said conference circuit com-
prising means for producing subscriber conference data
signals for the respective selected subscriber circuits
including a means for summing all the subscriber trans-
mit path voice data signals of the subscriber circuits in
the conference connection to produce a total confer-
ence voice data signal and for successively subtracting
from the total conference voice data signal all the indi-
vidual subscriber transmit path voice data signals of the
various subscriber circuits in the conference connection
to produce said subscriber conference data signals as a
succession of different signals, and inverting means for
inverting the polarity of the data signal in at least one
but less than all of the subscriber couplets of transmit
and receive sequential channels.

6. A conference circuit as defined in claim 5 wherein
said inverting means is operative to perform an inver-
sion of at least one but not all of the subscriber confer-
ence data signals.

7. A conference circuit as defined in claim 5§ wherein
said inverting means is operative to perform an inver-
sion of at least one but not all of the subscriber transmit
path voice data signals.

8. A conference circuit as defined in claim § wherein
the successive subtraction of individual subscriber
transmit path voice data signals from the total confer-
ence voice data signal is performed by a plurality of
individual subtracting circuits each having one input for
receiving the total conference voice data signal and a
second input for receiving the individual subscriber
transmit path voice data signal.

9. A conference circuit as defined in claim 8 wherein
said inverting means is operative to invert the output of
at least one but less than all of said subtracting circuits.

10. A conference circuit as defined in claim 8 wherein
an inverting circuit is connected to the output of the
subtracting circuits which perform subtraction of alter-
nate ones of the successively subtracted subscriber
transmit path voice data signals.

11. A conference circuit as defined in claim 5 wherein
each individual subscriber transmit path voice data
signal and each individual subscriber receive path voice
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data signal comprises a digital word including a plural-
ity of bits designating magnitude and at least one sign
bit, said inverting means comprising sign bit processor
means for inverting the sign bit of digital words in at
least one but not less than all of said subscriber couplets
of transmit and receive and sequential channels.

i2. A conference circuit as defined in claim 11
wherein said subscriber couplets of transmit and receive
sequential channels comprise a series of N subscriber
couplets, said sign bit processor means including multi-
plexing means for inverting the sign bit of alternate
subscriber couplets of said series.

13. A conference circuit as defined in claim 11
wherein said means for producing subscriber confer-
ence data signals includes input data register means for
receiving the successive subscriber transmit path voice
data signals from said switching system and a first ran-
dom access memory connected to said input data regis-
ter means for storing the respective subscriber transmit
voice path data signals as at least one group of such data
signals.

14. A conference circuit as defined in claim 13
wherein said means for producing subscriber confer-
ence data signals includes an arithmetic logic unit hav-
ing one input connected to the output of said first ran-
dom access memory, a second random access memory
connected to the output of said arithmetic logic unit for
storing partial sums, and means for connecting said
second random access memory to a second input of said
arithmetic logic unit.

15. A conference circuit as defined in claim 14
wherein said sign bit processor means includes means

responsive to a sign bit of each subscriber couplet of

transmit and receive sequential channels and a plurality
of timing signals for controlling the operation of said
arithmetic logic unit. |

16. In a PABX telephone system including a plurality
of subscriber circuits, a switching system, and common
control means for controlling said switching system to
interconnect selected subscriber circuits, said subscriber
circuits each being of the type having associated there-
with a hybrid network for connecting the subscriber
circuit to said switching system along divided transmit-
receive paths, said switching system being of the type in
which signals are switched in the form of a plurality of
subscriber transmit sequential channels which respec-
tively communicate individual subscriber receive path
voice data signals, a conference circuit connected to
said switching system by way of a plurality of confer-
ence connection group input-output data highways for
establishing one or more conference connections each
including three or more subscriber circuits, said confer-
ence circuit comprising a first random access memory
having a capacity for storing a predetermined number
of said subscriber transmit path voice data signals, mas-
ter counter means responsive to a clock signal from said
common confrol means for producing a plurality of
clock signals, arithmetic means responsive to said clock
signals for summing subscriber transmit path voice data
signals in each conference connection group corre-
sponding to the subscriber circuits served by a respec-
tive conference connection group input-output data
highway to produce group total conference voice data
signals for the respective conference connection groups
and for successively subtracting from the respective
group total conference voice data signals the individual
subscriber transmit path voice data signals of the associ-
ated conference connection group to produce the indi-
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VIdual subscriber receive path voice data signals of the

respective conference connection groups, and means

for transmitting the individual subscriber receive path
voice data signals sequentially to said switching system

on the respective data hlghway corresponding to the -

conference group. .
17. A conference circuit as defined in claim 16

wherein said subscriber transmit sequential channels

and said subscriber receive sequential channels com-
prise subscriber couplets of transmit and receive se-
quential channels, and at least one of said conference
connection groups comprises an associated number of
said subscriber couplets different from the number of
said subscriber couplets which the other conference
connection groups are comprised of.

18. A conference circuit as defined in claim 16
wherein said subscriber transmit sequential channels
and said subscriber receive sequential channels com-
prise couplets of transmit and receive sequential chan-

nels and one of said conference connection groups com- -

prises a number of said subscriber couplets for commu-
nicating voice data signals which corresponds to the
capacity of said first random access memory.

19. A conference circuit as defined in claim 18

wherein a plurality of said conference connection

groups comprises a number of said subscriber couplets
for communicating voice signals which corresponds to
an integral factor of the capacity of said random access
memory.

20. A conference circuit as defined in claim 16
wherein said arithmetic means comprises an arithmetic
logic unit having one input connected to the output of
said first random access memory, a second random
access memory connected to the output of said arithme-
tic logic unit for storing partial sums, and means for
connecting said second random access memory to a
second input of said arithmetic logic unit.

21. A conference circuit as defined in claim 20
wherein each individual subscriber transmit path voice
data signal and each individual subscriber receive path
voice data signal comprises a digital word including a
plurality of bits designating magnitude and at least one

sign bit, and wherein said conference circuit includes

input data register means for recewmg the subscriber
transmit path voice data signals and sign bit processor
means responsive to said sign bit of each subscriber
transmit path voice data signal and said clock signals for
controlling the operation of said anthmetlc-loglc unit.

22. A conference circuit as defined in claam 21
wherein said sign bit processor means includes inverting
means for inverting the sign bit in selected subscriber
transmit path voice data signals.

23. A conference circuit as defined in claim 21
wherein said subscriber transmit sequential channels
and said subscriber receive sequential channels com-
prise 2 series of N subscriber couplets of transmit and
receive sequential channels, said sign bit processor
means includes inverting means for inverting the sign
bit in alternate subscriber couplets of said series of N

subscriber couplets.

24 A conference circuit as defined in claim 17

wherein said means for transmitting includes gain con-
trol means responswe to said clock signals for control-
ling the gain of each couplet of transmit and receive
sequential channels of a conference connection group in
accordance with the number of subscriber couplets in
the group with which it is associated.
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- 25. A conference circuit as defined in claim 24
wherein said gain control means includes gain control
register means for storing the individual subscriber
transmit -path voice data signals of each conference
connection group received from said arithmetic means
and gain control processor means responsive to said
timing signals for shifting the subscriber receive path
voice data signals of selected conference connection
groups in said gain control register means to adjust the
gain thereof.

26. A conference circuit as defined in claim 25
wherein said conference circuit includes inverting
means for inverting the data signals of selected sub-
scriber couplets of transmit and receive sequential chan-

nels.

27. A conference circuit as defined in claim 26
wherein each individual subscriber transmit path voice
data signal and each individual subscriber receive path
voice data signal comprises a digital word including a
plurality of bits designating magnitude and at least one
sign bit, said inverting means comprising sign bit pro-
cessor means for inverting the sign bit of at least one but
not all of said subscriber couplets of sequential transmit
and receive channels.

28. A conference circuit as defined in claim 27
wherein said transmit and receive sequential channels
comprise a series of N subscriber couplets of transmit
and receive sequential channels, said sign bit processor
means including multiplexing means for inverting the

‘sign bit of alternate subscriber couplets of said series of

N subscriber couplets.

29. A conference circuit as defined in claim 25
wherein said gain control processor means includes
inhibiting means responsive to said clock signals and
said common control means for inhibiting gain control
for the subscriber receive path voice data signals of one
conference connection group in each of two adjacent
conference connection groups.

30. A conference circuit as. defined in clam 16
wherein said means for transmitting includes a third
random access memory, means for applying said group
conference channels successively to said third random
access memory, data control counter means driven by a
clock signal from said common control means for pro-
ducing sequential read address signals for controlling
the reading of data from said third random access mem-
ory. . |

31. A conference circuit as defined in claim 30
wherein said master counter means produces sequential
write address signals for controlling the writing of data
into said third random access memory.

32. A conference circuit as defined in claim 31
wherein said means for transmitting further includes
multiplexing means responsive to said clock signals
from said master counter means for alternately applying
said write address signals and said read address signals
to said third random access memory during successive
clock periods.

33. A conference circuit as defined in claim 32
wherein said master counter means 1S synchronized
periodically by a receive preframe signal from said
common control means and said data control counter
means is synchronized periodically by a transmit pre-
frame signal from said common control means.

34. In a method of establishing a conference connec-
tion between a plurality of telephone subscribers includ-
ing the steps of summing the signals received from each
telephone subscriber to produce a total conference sig-
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nal, subtracting from said total conference signal the
individual subscriber signals to produce a plurality of
subscriber conference signals, and returning to each
telephone subscriber the subscriber conference signal
not including the subscriber’s contribution to the total
signal, the improvement comprising inverting the signal
from at least one of said subscribers prior to summing
said subscriber signals, said signals received from each
telephone subscriber being digital signals including a
plurality of bits designating magnitude and at least one
sign bit, said step of inverting a subscriber signal com-
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prising changing the sign bit thereof to designate the
opposite polarity.

3S. A method of combining a series of N telephone
channels into a conference connection comprising sam-
pling the data in each telephone channel, storing the
sampled data, summing the stored data, successively
subtracting from the sum of the stored data the stored
sample from each channel to provide a corresponding
series of N conference signals, and inverting alternate of

said series of N conference signals.
* % ¥ % %
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