
3,050,584 W. M. MILLER 

CONFERENCE TELEPHONE APPARATUS 

Aug. 21, 1962 

5 Sheets-Sheet 1 

Filed Dec. 

M
V
9
 

D7e 

ego 

INVENTOR. 
WM. MILLER 

ge id Lh 

ATTORNEY 



Aug. 21, 1962 W. M. MILLER 3,050,584 
CONFERENCE TELEPHONE APPARATUS 

Filed Dec. 24, 1958 
5 Sheets-~Sheet 2 
(fa ER 

tas] | 
FS cj 

13
5 

a 
| ek 

i R Sak & a _ | Ste Ke | 
~ 
Q 

D ~N | abtnel. SSA He & 5 Eis & 
) | 

BVA 

| 

| . fit S 

, i 
~ & 

| ws 2 
| OTE | : D 
Rah 

AN Ye Va aS 
ge | yey ey | © fic) ; 

ioe vl 
to™ S | | Sis 3s §] [8 
_ INVENTOR 

WM: MILLER 
ay E ut, 

ATTORNEY 

F
I
G
.
2



3,050,584 W. M. MILLER 

CONFERENCE TELEPHONE APPARATUS 

Aug. 21, 1962 

cel 

agrar 
ATTORNEY 

INVENTOR 
WM MILLER 

5 Sheets-Sheet 3 

ft 

Y
H
1
I
1
1
9
7
e
 
N
O
I
S
S
F
A
A
A
N
S
 

- 
69) 

= 
7
H
O
M
L
I
N
 

T
O
Y
I
L
N
O
D
 

D
I
G
Y
T
T
A
S
 

F
O
V
H
A
V
I
T
 

GlaG@AH 
a 

T
O
N
Y
 

S
O
L
I
F
L
T
 IA F

S
I
O
N
 

NE 
: 

. 
Ae 

: 
N
g
Z
/
 

_ 
© 

| 

YF111TAIWY 
(Wel) ONINIVINIVA, 

FAIZIZE 

24, 1958 Filed Dec. 

£
9
/
J
 



3,050,584 W. M. MILLER 

CONFERENCE TELEPHONE APPARATUS 

Aug. 21, 1962 

Filed Dec. 

ATTORNEY 

INVENTOR 
WM.MILLER 

ay ge a Wagner 

, 
7
 

¥ 
- 

: 

| 
A
E
G
 

i! 
INOHAOY 

DI !1g 

5S Sheets-Sheet 4 
24, 1958 

F-D/4 



3,050,584 

5 Sheets-Sheet 5 

W. M. MILLER 

CONFERENCE TELEPHONE APPARATUS 

24, 1958 Filed Dec, 

Aug. 21, 1962 

€7 
ve 

Y
O
S
S
3
I
Y
d
d
N
S
 

ONIONIS 
SNI1 

A710 

Y
I
S
S
O
T
 

-
O
l
N
V
A
 

W
S
N
V
E
L
 

P
O
S
 

| 
€ 

Old 

02! 
 WSOMLSN 

“IONLNOD 
AVTIAS. 

ONY 
Z24/ 

yOLOSPaY 
ASION 

2 
old 

/
9
l
d
 

9
°
9
/
4
 

ZZ 

S
d
)
 

oos¢e 
JIcH 

L
2
7
4
 

2 
any 

88/ 
WL 

YOSSaYddnS 
Joyiva 

GIsaAH 
A 

. 

294 
any 

r
e
n
a
l
 

= 
TOULNOD 

W? 
| 

de 

P9! 
TRE 

Las 
diy 

SNOHda 
ISL 

*O/ 

‘Os 
Y
F
S
S
O
7
 

T
O
Y
L
N
O
D
 

S
A
D
 
O
O
E
 

-
O
l
P
A
 

N
I
v
9
 

J
j
d
7
 

I
A
D
 

I
A
D
 

£9 
9 

29 

ATTORNEY 

INVENTOR 
WM MILLER 

fh €:



United States Patent Office SE Patented Aus. 
1 

3,056,534 
CONFERENCE TELEPHONE APPARATUS Wade M. Miller, Pittsburgh, Pa., assignor te American Telephone and Telegrarh Company, New York, N.Y., 

a corporation of New Vork 
Filed Dee, 24, 1958, Ser. No. 782,748 

12 Claims. (Cl. 179—1) 

This invention relates to conference telephone systems 
and more particularly to such systems including automatic voice controlled switching of gain of the incoming and 
outgoing channels. 

Conference loud speaking telephone systems are in- 
tended to fill a definite need in allowing a number of 
persons located in one area such as in a conference room 
to carry on a conversation over telephone lines with a 
similar group in a remote location or, for that matter, 
with a single person employing a telephone handset. 
Systems of this type are intended to extend to conference 
or similar sized gatherings unobstructed, substantially 
normal two-way conversation between. any of the persons 
in the conference room and any other subscriber having 
access to the exchange and toll telephone networks. 

Such systems should ideally simulate, for all prac- 
tical auditory purposes, the presence of the remote party 
or parties within the room and should not restrict the 
location or movement of the conferees. In order to pro- 
vide such service, it is essential that the fields of the 
loudspeaker and microphones coincide, to wit, cover sub- 
stantially the entire room. The latter requirement poses 
the immediate problem of system stability in that the 
coinciding fields of the microphone and loudspeaker al- 
low the detection by the microphone of sounds emanating 
from the loudspeaker in the same manner as sounds origi- 
nating within the room. With these conditions and with a 
suitable electrical path through the system such sounds 
mInay be transmitted back to the loudspeaker and thence 
into the room. | If, at any frequency in the speech or 
ambient noise range the transmission losses in the acous- 
tic-electrical path are exceeded by the sum of the gains, 
a singing condition will be established which will render 
the system unusable. Prevention of the occurrence of 
such condition is a prime requisite for achieving the ob- 
jective of system stability. 

Numerous contributors to the art have sought to mini- 
mize the conditions giving rise to singing, and the most 
successful approach has been that of voice switching, 
to wit, the incorporation in the system of control means 
for varying the gain in the incoming and outgoing chan- 
nels inversely in response to signals in one or the other 
branches so that at any instant the total gain in the 
acoustic electrical feed back loop does not exceed losses 
therein. It is found, however, that the mere provision of 
voice actuated gain switching in conference telephone 
equipment is insufficient to insure system stability under 
all conditions and furthermore tends to produce an 
artificial effect unless, to the users, both the incoming and 
outgoing channels appear to be continuously and simulta- 
neously operative. 

System instability, even with gain switching becomes 
a significant problem during the transient conditions as- 
sociated with the establishment of a call, termination or 
interruption thereof. This may be clearly understood 
when it is considered that the microphones and the 
loudspeaker employed in the system are essentially non- 
reciprocal devices and hence their associated circuitry is 
operated on a four-wire basis, ie., a one-way path for 
reception terminating in the loudspeakers and a separate 
one-way path for transmission terminating in the micro- 
phone. The subscribers’ loop network within a tele- 
phone exchange area is ordinarily operated on a two- 
wire basis for transmission in both directions. Thus, it 
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is necessary if the two systems are to work together to 
use a hybrid transformer or equivalent device with an 
associated balancing network at the junction between 
the two-wire and four-wire systems. If the transmitting 
and receiving functions are to be available simultaneously 
without interfering with each other, the adjustment of 
the balancing network to simulate exactly the character- 
istics of the two-wire locp és very critical, It therefore 
follows that when different distant subscribers are called 
successively, the electrical impedance characteristics as 
seen from the hybrid line terminals may very well change, 
and if hybrid balance is to be maintained, an adjust- 
ment of the balancing network will be necessary. 

Obviously, the system is impractical if it must be read- 
justed at the time each call is established. In the event 
this adjustment is not made and a condition of imbal- ance between the line and the network does exist, sounds 
entering the microphone will pass through the feedback 
path across the hybrid into the loudspeaker and back into the room, introducing the possibility of regenera- 
tion and singing as discussed above. 

Thus, in the interest of insuring stability of the system 
when it is in use a high degree of hybrid balance is nor- 
mally desirable. This necessitates the use of an -auto- 
matically adjusted balancing network which tends to 
balance the loop impedance within limits. However, 
during the periods of establishing or terminating a con- 
nection, when the line termination may appear as an 
open circuit, the extreme unbalance in the hybrid allows 
hybrid leakage currents into the incoming channel from 
the outgoing channel at a level greater than most incom- 
ing signals. Under these conditions voice switching alone 
may be insufficient to maintain system stability. 

The second problem in employing voice control gain 
switching is that of producing the psychological effect 
for the conferees of face-to-face conversation at least in 
the auditory sense with the remote party. Of course, 
any such objective is limited by the monaural nature of 
the system as compared with face-to-face contact.’ Aside 
from that aspect, a gain switching system desirably should apparently maintain the gain of the incoming channel 
uniform so that all incoming speech currents including the first and last syllable of the transmission are at the 
transmitted level. Further, it is desirable that pauses 
between words or syllables do not ‘affect the gain char- 
acteristics to produce unwanted switching. Furthermore, 
it is desirable that local noise in the nature of the am- 
bient or of local non-speech energy fail to produce a switching of the direction of transmission. However, it 
is also essential in order to provide the desired auditory 
conditions that either party be interrupted readily by 
the other merely by the same method employed -in face- 
to-face contact. that is, of raising the level of one’s own 
voice. These factors which may be described as being of 
a psycho-acoustic nature are of extreme significance in 
the design of a useful conference system. 

With this understanding of the requisites of a useful 
conference system not provided by voice switching per 
se, it is a general object of this invention to improve 
conference type telephone systems. 

Another object of this. invention is to insure system 
stability under all conditions and at all times when the 
system is operative. 

Another object of this invention is to provide gain 
switching in the interest of system stability but in a 
manner which becomes unnoticeable either to the con- 
ferees or to the remote party. 

Still another object of this invention is to provide 
switching control which is insensitive to ambient noise 
regardless of level or uniformity within practical limts. 

Still ancther object of this invention is to enhance
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the insensitivity of the control system to non-speech 

sounds above the level of the ambient. 

One further object of this invention is to allow the 

rapid switching of gain in the transmission channels un- 

der conditions of rapid interchange of speech while still 

providing sufficient holdover of control during pauses 

of an uninterrupted speaker. 

These objects are achieved in accordance with this 

invention, one embodiment of which comprises a con- 

ference telephone set including an incoming and an out- 

going channel connected via a hybrid coil and balancing 

network to a conventional telephone line. The incom- 

ing channel includes an amplifier and a variable loss 

network and a loudspeaker. The outgoing ehannel in- 

cludes a microphone, an amplifier and a variable loss 

network. A common control device which is a form 

of monostable multivibrator and here a gain inverter is 

connected to vary the gains of the incoming and out- 

going channels inversely simultaneously. The incom- 

ing channel includes a low-pass filter for eliminating all 

frequencies above a practical telephone frequency, ¢.g., 

3100 cycles per second while the outgoing channel em- 

ploys a microphone having a broader response charac- 

teristics. A high-pass filter is included in a branch cir- 

cuit from the outgoing channel to derive a control cur- 

rent from high frequencies in the outgoing channel for 

operating the gain inverter and increasing the gain in 

the outgoing channel while decreasing the incoming gain. 

A second branch from the outgoing channel includes 

a phase shift controlled network which is normally re- 

sponsive only to energy in the outgoing channel hav- 

ing a syllabic frequency content, ie., in the order of 6 

or 7 cycles per second. This latter branch circuit also 

includes an amplifier and rectifier for deriving a con- 

trol current from all signals in the outgoing channel 

which are permitted to pass through the phase shift 

controlled network after being triggered by syllabic fre- 

quencies. A similar amplifier and rectifier derives a 

control voltage from incoming energy. The two-con- 

trol voltages are applied to a common point. The volt- 

age of the common point is therefore normally a func- 

tion of the presence or absence of incoming signals and 

the presence or absence of local syllabic frequency con- 

taining energy. 
One feature of this invention resides in the frequency 

selective characteristic relationship of the receiving and 

transmitting channels whereby control voltages for vary- 

ing the gain of the respective channels is derived from 

frequency components present in only one of the chan- 

nels. 
Another feature of this invention relates to the addi- 

tional frequency selective nature of the control circuit 

for the switching of the transmission channels in that in 

the presence of normal ambient noise the control circuit 

is fully operative only in the presence of local acoustic 

energy having a particular characteristic common to 

human speech, to wit, the presence of syllabic fre- 

quencies. 
Another feature involves the presence of an auto- 

matic gain control circuit for the switching control 

which is operative to adjust the threshold of switching 

with varying levels. of local ambient noise. 

Still another feature of this invention resides in the 

presence of a frequency selective threshold determining 

circuit which lowers the level of the switching threshold 

in the presence of syllabic frequency containing energy 

in the transmitting channel. 

One further feature of this invention involves the 

presence of means for generating control voltages from 

both the transmitting and receiving channels either of 

which is operative to suspend change of the automatic 

gain controlling circuit during periods of signal trans- 

missions in either direction. 

Another feature of this invention is based upon the 

presence of means responsive to locally generated sound 

for disabling the receiving channel control signal device 
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4, 
whereby any transmitted speech which reaches the re- 

ceiving channel through hybrid coils leakage is inopera- 

tive to switch the apparatus from transmitting to re- 

ceiving condition. 

Still another feature of this invention is based upon 

the provision of a slow discharge holdover contro] de- 

vice to maintain the apparatus in the transmitting con- 

dition during pauses of local speech but providing a 

rapid discharge path for the device when speech energy 

appears in the other channel to allow rapid conversa- 

tional interchange. 
These and other features of this invention may be 

more clearly understood from the following detailed 

description by reference to the drawings wherein: 

FIGS. 1, 2, 3 and 4 constitute an electrical schematic 

representation of an embodiment of this invention; 

FIG. 5 is a simplified block diagram of the embodi- 

ment of FIGS. 1-4, and 

FIG. 6 is illustrative of the arrangement of FIGS, 1-4. 

General Description 

Referring now to FIGS. 1-4, wherein a conference 

telephone installation may be seen, the installation and 

a conventional telephone set 10 are arranged to be selec- 

tively connected to a telephone line 11 by operation of 

a relay 12 under the control of a manual switch 13. 

Normaily, the telephone set 10 is connected through back 

contacts 14 and 15 of the relay to the line IM for ordi- 

nary use including the establishment of calls with a 

rotary dial. The conference telephone installation com- 

prises a conventional hybrid coil 16 with an associated 

line impedance balancing network 20, a transmitting 

channel 24 appearing in FIGS. 3 and 4 including a micro- 

phone 22 and suitable amplifiers 23 and 24, a receiving 

channel 25 appearing in FIGS. 1 and 2 including an 

amplifier 30 which drives a loudspeaker 31, and control 

circuitry comprising the remainder of FIGS. 1-4 vary- 

ing inversely the gain of the transmitting and receiving 

channels 21 and 25 dependent upon the direction of 

speech at any instant. 

Transmitting Channel 

Referring first to the transmitting channel 21, it may 

be seen as including the microphone 22 having a com- 

paratively broad frequency range, ¢.g., 60-10,000 cycles 

per second, arranged to pick up all sounds in the room. 

The terminals of microphone 22 are connected to a pre- 

amplifier 23 which delivers the amplified sound at a 

level of about —20dbm. This program material has low 

frequencies rolled off by a series capacitor 32 at the out- 

put of the preamplifier 23 and attenuated by a resistance 

pad made up of resistors 33 before being introduced into 

a variable resistance network, the transmitting variclosser 

34, The transmitting variolosser 34 comprises series 

branches in each side of the line including a parallel 

resistor 35, varistor 36 combination and shunt resistor 

branches 40. A direct current control path for the 

variolosser 34 is between the center tap of transformer 

41 at the input and a transformer 42 at the output. The 

overall direct current attenuation characteristic of the 

transmitting variolosser 34 has a negative slope whereby 

the attenuation decreases with increases in direct current 

through the control path. If this variolosser 34 is not 

conditioned for transmitting, program material passing 

therethrough incurs approximately 30 decibels more at- 

tenuation and then may be considered lost. When the 

transmitting variolosser 34 is conditioned for transmis- 

sion, it introduces only an insignificant amount of attenua- 

tion and the program material is introduced into .addi- 

tional stages of amplification of amplifier 24 including a 

pentode stage and a pair of push-pull connected triodes 

44 which raise the level of the program material for in- 

troduction via a varistor network 45 and conductors 46 

into the hybrid coil and thence to the telephone line 11. 

The output of the push-pull connected triodes 44 in- 

cludes a pair of shunt thermistors 50 for high level signal
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attenuation. The varistor network 45 is responsive to the 
presence of central office supervisory direct current in 
the line conductors 11 to lower the impedance of the 
transmitting channel. {n the absence of supervisory cur- 
rent, e.g., when the conference installation is conditioned 
but not connected to the line 14, the varistor network 45 
effectively opens the transmitting circuit to minimize the 
likelihood of singing during the idle line condition. 
Associated with the transmitting channel 21 also is a 
polarized relay 541 which is operated in the presence of 
local program material at the output of the preamplifier 
to light an indicator bulb 52 as a signal that the trans- 
mitting channel is conditioned as hereinafter described. 

Receiving Channel 

Referring now to the receiving channel 25, the third 
winding 69 of the hybrid coil forms the input to the 
receiving channel. This winding 60 isolates the receiv- 
ing channel 25 from the supervisory direct current. 
This is necessary since the receiving channel includes a 
variclosser 61 which is direct current responsive for 
varying the gain of the receiving channel 28. The trans- 
mitting and receiving variolossers 34 and 61 which are 
substantially identical have complementary smooth direct 
current attenuation characteristics so that an inverse 
variation in channel gain is obtained. A receiving gain 
theostat 62 which is normally physically associated with 
the on-off switch 13 for the installation is bridged across 
the input to the receiving variolosser 61. ‘The variolosser 
61 feeds a 3100 cycle per second low-pass filter 63 
through which incoming program material passes while 
higher frequency noise distortion or speech components 
are attenuated. Connected through the filter 63, a cou- 
pling transformer 64, a secondary gain control 65 and 
conductor 66 are three stages 70, 71 and 72 of amplifi- 
cation followed by a push-pull output stage 73 constitut- 
ing the receiving amplifier 36 which drives the loud- 
speaker 31. The receiver amplifier 30 employs negative 
feedback via the conductor 74 to reduce noise and dis- 
tortion and also to reduce the output impedance so that 
the loudspeaker is heavily damped. 

Loss Switching Circuits 

The elements of the installation described above form 
the requisites for a conventional voice switched telephone 
system when some means for controlling the variolossers 
34 and 61 is supplied. In this particular case, that means 
is furnished by a branch circuit from the preamplifier 
23 of the transmitting channel 21 via a shielded con- 
ductor 75 to the control amplifier 76 having as its input 
a 3800 cycle high-pass filter 77. High frequency com- 
ponents of speech background noise, etc., passing through 
this filter 77 and its output termination are connected 
through a potentiometer 80 and a capacitor 81 to the con- 
trol grid of a variable Mu pentode 82 (V1). The out- 
put of the pentode 82 (V1) is coupled to the control 
grid of a second variable Mu pentode 83 (V2). Out- 
put from pentode 83 (V2) is introduced through con- 
ductor 84 and a simple bandpass filter 85 to additional 
stages of amplification 90 and 91 (V3A and B). The 
bandpass filter 85 attenuates high frequencies above 
8000 cycles per second which are considered to con- 
tribute little as derivatives of speech but may be prominent 
in mechanical operations such as rustling of papers, ete. 
More important, it suppresses hum and most tube micro- 
phonics which fall outside the lower edge of the pass- 
band at about 3800 cycles per second. The first stage 
$0 (V3A) contributes some gain and provides a fairly 
low impedance source to supply an output level control 
$2. This control is shunted by two opposing series 
connected varistors 93 which limit the maximum signal 
into the output stage of control amplifier 76 to about 6 
volts peak-to-peak to prevent blocking of the output stage 
91 (V3B) on loud sounds. 

The output stage drives two voltage doubler rectifier 
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6 
systems, the first doubler 94 provides a positive voltage for 
the loss switching control of the transmitting and. receiv- 
ing channels 21 and 25 while the second voltage doubler 
95 provides a negative voltage for an automatic gain 
control circuit 180 described hereinafter. 

The positive control voltage is fed through a varistor 
161 and a pair of series resistors 102 and 103 to the grid 
of the first triode 104 of a gain inverter circuit, 

Loss switching is accomplished under the direction ‘of 
the control amplifiers by bias changes of the positive con- 
irol voltage from the contro! amplifier 76 on the grid of 
triode 194 (V4A) which produce conduction of triode 
104 (V4A) while cutting off conduction of a similar tri- 
ode 114 (V4B). Triodes 104 (V4A) and 114 (V4B) are 
supplied with plate voltage from a common supply 115 
through resistors 116, 12@ and 121. The cathode circuit 
of the triode 104 (V4A) includes through the conductor 
122 in addition to the resistor 123 and its associated ca- 
pacitor 124 appearing in FIG. 4, the direct current con- 
trol path of the transmitting variolosser 34, through con- 
ductor 125, the center taps of transformers 41 and 42 
and then to ground through a parallel resistance-capaci- 
tance network 126. Similarly, the cathode circuit of the 
triode 114 (V4B) connected through conductor 130 in- 
cludes a resistor 134 and its associated capacitor 132 and 
the direct current path through the receiving variolosser 
61 in parallal with the resistor 131 and thence through the 
parallel capacitor-resistor network 133 to ground. 

A. low resistance connection between the cathode cir- 
cuits of the triodes 104 (V4A) and 114 (V4B) is present 
in the form of conductor 134, the winding of the polarized 
relay 51 in the indicator circuit and the conductor 135, all 
appearing in FIG. 4. The triodes 104 (W4A) and 114 
(V4B) are therefore cathode loaded by their individual 
variolossers 34 and 61 respectively. Conduction of one 
or the other of the triodes 104 or 114 is achieved by the 
biasing of the grid of triode 114 (V4B) through a voltage 
divider made up of resistors 140 and 141 connected be- 
tween ground and the plate circuit of triode 104 (V4A). 
With approximately 250 volts plate supply and appropri- 
ate valued resistors 116, 120 and 121 approximately one 
milliampere of plate current is available which can pass 
through either the transmitting or receiving variolosser 
34 or 61 or be divided between the two, depending upon 
the conduction state of the triodes 104 (V4A) and 114 
(V4B). In the absence of any signal on the grid of tri- 
ode 104 (V4A) from the control amplifier 76, the grid and 
cathode of the triode 114 (V4B) will be at approximately 
+9 or 10 volts allowing triode 114 (V4B) to conduct with 
the current flowing through the receiving variolosser 61, 
switching it to its low impedance condition and allowing 
the incoming signal to reach the amplifier stages: of the 
receiver amplifier 30 and loudspeaker 31. If a positive 
signal voltage from the control amplifier 76 is applied to 
the grid of the triode 104 (V4A), current flows through 
the resistor 121 to the plate of that tube lowering its po- 
tential. This reduces the positive bias applied to the grid 
of triode 114 (V4B) and consequently its cathode current. 
Since the high resistance in both plate and cathode circuits 
are common to both triodes 104 (V4A) and 114 (V4B), 
the transfer of conduction from tube 114 (V4B) to tube 
104 (V4A) and the switching of loss from the transmit- 
ting variolosser 34 to the receiving variolosser 61 is 
smooth. If the control voltage on the grid of tube 104 
(V4A) is adequate, tube 114 (V4B) is cut off for a com- 
plete switch of gain, Small damping capacitors 142 and 
143 are connected between plates. and grids of each triode 
to suppress fluttering. 

The control voltage from control amplifier 76 in addi- 
tion to being applied to the grid of triode 104 is also avail- 
able through a resistor 106 to charge a capacitor 107 with- 
out appreciably delaying the voltage rise at the-triode 104 
(V4A) grid. This capacitor 107 so connected can sustain 
the potential at the grid of triode 104 (V4A) via its asso- 
ciated varistor 108 as the control voltage falls with speech
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fluctuations, thereby to maintain continuity of control. 

Grid current in the triode 194 (V4A) and the high series 

resistance prevent the accumulation of an excessive volt- 

age in the capacitor 107 which would slow down switch- 

ing to the receiving condition during rapid dialogue. A 

diode 110 and resistance voltage divider 111 in series 

with a direct current supply 112 prevents the sustaining 

capacitor voltage from falling below about 7 volts. This 

is one or two volts below that necessary to take control 

at the triode 104 (V4A) and prevents accumulation of a 

large negative voltage from the guard circuit described 

later which would retard seizure of control by the trans- 

mitting channel. 
Guard Circuits 

Without some means of desensitizing the control ampli- 

fier 76 during incoming speech, local noise or private re- 

marks of those present in the conference would interrupt 

incoming speech for the duration of the interference. 
Therefore, apparatus in accordance with this invention in- 

cludes a receiving condition maintaining (RM) circuit 

159, a means for deriving a negative bias for the control 

tube 82 (V1) from incoming speech, to minimize such 

interruptions. The apparatus also includes a positive bias 

for the same tube from the transmitting channel 21 to 
boost the control gain and to retard discharge of the ca- 

pacitor 107 in amplifier 76. These negative and positive 
voltages may be termed the Receive Maintaining (RM) 

and Transmit Maintaining (TM) and will be so referred 

to hereinafter. The apparatus includes a hybrid leakage 

suppressor 188 for deriving additional control voltage ob- 

tained from the transmitting channel 21 which blocks the 

RM circuit 150 to prevent false operation on transmitted 
speech which leaks around the hybrid coil 46 into the re- 

ceiving channel 25. Such leakage could otherwise cause 

self-blocking to transmitted speech. 
The Receive Maintaining or RM circuit, which main- 

tains the installation in receiving condition to speech in 

the presence of local noise, is coupled to the incoming 

channel 25 ‘by conductors 144, a transformer 145, a po- 

tentiometer 146 and a capacitor 150 in the grid circuit 

of a triode 151 (V5A) constituting the input stage of 

the RM amplifier. The output of the triode 151 (V5A) 

is coupled through a simple low-pass filter 152 to its 

second stage 153 (V5B). This filter 152 passes nearly 

the full message bandwidth received with incoming speech 

but eliminates most of the high frequency content of 

hybrid leakage originating in the transmitting channel 

21. This is desirable to compensate for the frequency 

characteristics of the hybrid leakage suppression circuit 

described hereinafter. 
The output of the triode 153 (V5B) is .a speech signal 

of substantial amplitude with a rather high background of 

hum, tube. and line noise, room noise from the distant 

transmitter, etc. To remove the effect of this back- 

ground, the signal is passed through two series opposing 

varistors 154 which effectively open the transmission path 

for signals smaller than a predetermined level, e.g., 6 

volts peak-to-peak. Speech signals sufficient to pass this 

minimum signal suppressor are then clipped to a maxi- 

mum of 6 volts peak-to-peak by a similar pair of varis- 

tors 155 in shunt to ground. The signal is next intro- 

duced through an additional varistor 156 which is nor- 

mally biased to conduct to the grid of a tube 160 (V6A). 

Conduction bias for the varistor 156 comes from a direct 

current supply 161. While the transmitting channel is 

active, a negative voltage over lead 162 overcomes the 

conduction bias and when greater than —6 volts, effec- 

tively opens the transmission path through the RM circuit 

150 as is hereinafter described. The output of the tube 

160 (V6A) is rectified in a voltage doubler 163 and in- 

troduced into conductor 164 as a negative voltage referred 

to a —6 volt reference point. This is the RM voltage. 

The transmitting channel amplifier 24 is tapped by con- 

ductor 170 at the cathodes of the push-pull output stage 

44 (V9) and fed through a capacitor 171 to the grid 
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of a tube 172 (V17A) which amplifies the outgoing sig- 

nal. The amplified output of the tube 172 (V17A) is 

rectified in a voltage coupler 173 with a principal load of 

a parallel resistor-capacitor combination 174. The RC 

constants of the combination have been chosen so that 

A-C. voltage across the load becomes smail as the fre- 

quency approaches 3000 cycles and at higher frequencies 

only the direct current component is significant. The 

A.-C. voltage can follow the lower frequencies, however, 

and the voltage envelope developed across the load fol- 

lows the peak instantaneous sums of all such voltages 

present in the transmitted signal. A principal function 

of this element of the combination is to recover the syl- 

labic characteristic if present in the transmitted sound. 

The parallel resistance-capacitance combination 174 is 

connected to a second load consisting of a potentiometer 

175 connected to ground through capacitor 176 whereby 

the average direct current and syllabic components ap- 

pear across the capacitor 176 and the A.-C. voltage across 

the potentiometer 175. With proper values of the com- 

ponents, the reactance of the capacitor equals approxi- 

mately 0.25 megohm at about 6% cycles per second. A 

second capacitor 180 through a resistor 183 shunts the 

capacitor 176 and assumes the same average direct cur- 

rent potential. It also follows the same syllabic voltages 

if present but later in phase. This phase shift is at least 

45° if the syllabic rate is 5 cycles or higher. Potentials 

of these two capacitors 176 and 180 are used to disable 

a small signal suppressor 181 in the presence of syllabic 

pulsations, 
A portion of the A.-C. voltage developed across the po- 

tentiometer 175 is introduced to a parallel reversed poled 
diode combination 181 which suppresses signals below 

their 1% volt threshold of conduction. High residual 

transmission through the small signal suppressor 181 is 

by-passed to ground by a capacitor 182. Signal levels 

are so chosen that the A.-C. voltage across the diode 184 

due to background noise is below the conduction thresh- 

old. Thus, the transmission path is effectively open until 

some loud sound or speech occurs with sufficient ampli- 

tude to exceed the threshold. This is the operation in 

the absence of syllabic disturbance when the potentials 
of the two capacitors 176 and 180 are equal and apply 

cqual bias voltages regardless of their magnitude to each 

side of the small signal suppressor 181. However, when 

syllabic or equivalent fluctuations are present in the trans- 

mitted sound, the phase difference between the two capaci- 

tors 176 and 186 causes bias voltage differences to appear 

across the diodes 184 to reduce or eliminate the thresb- 

old voltage and enable small voice signals to pass the 

suppressor 184 and be introduced into the conductor 184 

which forms the input of the TM amplifier 185. This 

amplifier 185 itself includes a pentode voltage amplifier 

186 (V7) and a triode output stage 19@ (V6B) which 

drive a voltage doubler 19%. Coupling between these 

stages is shunted by a series opposing pair of varistors 
192 to limit the maximum signal applied to the triode 
196 (V6B) to about 6 volts peak-to-peak to prevent 

any blocking on very strong local signals. The output 

of the TM amplifier is a positive voltage referred to a 
—6 volt reference point. 

The negative voltage from the RM circuit on lead 164 
and the positive voltage from the TM circuit on lead 
492 are introduced via resistors 165 and 193, respec- 
tively, to a common point 200 in the combining network 

201 from which the resultant voltage is introduced via 

Jead 202 as a control bias for the pentode 62 (V1) in 

the control amplifier 76. This input serves to increase the 
control channel gain to protect continuity of control if 
the transmitting channel 21 is operative and decreases 
the gain to minimize interruptions by local noise if the 
receiving channel 25 is operative. A clamping diode 203 
between the lead 202 and a minus voltage source 204 
stops positive voltage excursions to prevent grid current. 

The voltage of the common point 2€@ also controls the 
drainage of the capacitor 107 via the conductor 204 and 

a
d
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thereby affects the control of the gain inverter tubes 104 
and 114, In the gain inverter circuit 195 switching takes 
place with a positive voltage, e.g., 9 volts at the grid of 
triode 104 (V4A). A discharge circuit for the grid volt- 
age includes a pair of oppositely-poled varistors 205 and 
a resistor 206 connected via the conductor 284 to the 
common point 290. At very small reverse currents, the 
varistors 205 provide a Zener voltage drop of about 
13% volts. With both the RM and the TM circuits 15¢ 
and 185 idle, this leaves only about one voit across the 
resistor 266 to drain the grid voltage very slowly and 
if one or two volts from the positive voltage source of 
the TM amplifier 185 is present, drainage of the grid cir- 
cuit of tricde 164 is suspended completely. However, if 
an incoming signal is received as when the remote party 
seeks to break into the conversation and thereby gen- 
erates an RM voltage on Jead 164, that negative voltage 
applied to the conductor 264 forces drainage of the 
capacitor 197 very quickly. The varistors 265 prevent 
a reverse application of a large positive voltage to the 
capacitor 107 when the TM circuit is active and would 
otherwise retard prompt return of control to the distant 
party. 

Automatic Gain Control 

The installation includes an automatic gain control 
circuit 160 which operates on background noise in the 
spectrum passed by the high-pass filier 77 of the con- 
trol amplifier 76 and is operative to adjust the grid bias 
on the pentode 83 (V2) to adjust the gain in the control 
amplifier 76 for the level of the ambient noise in the 
conference room. For purposes of explanation, we will 
assume that the control amplifier 76 gain is excessive fora 
given environment and no speech is present at either 
end of the telephone connection, the transmitting chan- 
nel 21 will thereupon be energized. This is accomplished 
by the output of the triode 91 (V3B) which switches 
the gain inverter 105 so that the tube 104 (V4A) is 
conducting and tube 114 (V4B) is cut off. The output 
of the pentode $1 (V3B) also is connected through the 
voltage doubling diodes 95 to supply a negative voltage 
over the conductor 212 through resistor 241 to the point 
GD, through the varistor 212 of the automatic gain 
control circuit 106 to build up a negative voltage in an 
integrating capacitor 213. The capacitor 213 with one 
terminal grounded is connected via conductor 214 to the 
grid of the pentode 83 (V2). 

Since this automatic gain control circuit 188 is opera- 
tive for all signals at the output of the tricde 91 (V3B), 
the increasing negative voltage on conductor 214 would 
tend to slowly disable outgoing speech. Therefore, a 
branch of the ITM circuit 185 output is connected via 
conductor 215 through a pair of voltage dropping varis- 
tors 216, a resistor 228 and point GD to place a posi- 
tive charge in capacitor 233 on peaks of outgoing speech. 
This charge slowly disappears through the resistor 214 
to the negative voltage doubler 25 in the output of the 
triode 9£ (V3B) and effectively diasables the gain 
decreasing circuit through the period of such peaks. 
When the gain is decreased or room conditions have 
changed so that the gain inverter 185 no longer rests 
in the transmitting direction and no speech is in progress, 
the automatic gain control circuit 186 is operative to 
increase the gain in the control amplifier tube 83 (V2). 

The plate of the tube 104 (V4A) in the example shown 
has a positive potential of approximately 100 volts when 
the conference installation is in the receiving condition 
and approximately 40 volts when in the transmitting con- 
dition. The plate of tube 184 (V4A) is connected via 
the conductor 221 to a pair of varistors 222 having a 
Zener voltage drop of 95 to 100 volts and a resistor 223 
to the gain increasing point GI, thence through a varis- 
tor 224 to the integrating capacitor 213. This input 
allows the lowering of the negative charge in the capaci- 
tor 213 until the noise at the output of the triode 91 
(V3B) is sufficient either to drain the charge through 
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10 
the varistor 242 and conductor 210, or to switch the 
condition of the gain inverter 105. As the gain inverter 
185 goes towards the transmitting side, the potential of 
the plate of tube 184:-(V4A) falls and disables the gain 
increasing circuit as soon as the plate potential of tube 
164 (V4A) minus the Zener voltage of the varistors 222 
equals the bias voltage in the integrating capacitor 213. 

To prevent gain increasing during the periods of incom- 
ing speech when the gain inverter 195 is locked in the 
receiving condition and the control channel is blocked 
at the pentode 82 (V1) a negative voltage from RM am- 
plifier 150 via leads 164, 225, varistors 226 and resistor 
236 is introduced into a capacitor 234 associated with 
the GI circuit to divert the gain increasing current tem- 
porarily. A varistor 232 clamps the bias of the pentode 
83 (V2) to a negative voltage such as —114 volts in the 
case of overtravel of the point GI through adjustment 
trouble or an unusually quiet environment, 

Peak storage of the two capacitors 233 and 231 is 
adequate to disable both the gain increasing GI and gain 
decreasing GD circuits as dialogue takes place and the 
control input at the potentiometer 88 (P1) in the control 
amplifier 76 can be varied over considerable range with 
no change in performance when the circuit has a few 
quiescent moments between speech to readjust the gain 
of the control amplifier 76. The varistors 226 and 216 
in the automatic gain control circuit 189 through their 
connections to the RM circuit 158 and the TM circuit 
i835 prevent disabling of that circuit by a residual and 
background noise below normal speech peaks, 

The conference telephone installation in accordance 
with this invention employing voice control switching of 
gain in the transmission channel 21 includes means for 
differentiating between sounds originating in the con- 
ference room and those emanating in the loudspeaker 31 
by employing a filtering system. The filtering system 
includes one filter in the input to the control circuit 76 
for the loss transfer and another in the loudspeaker re- 
ceiving path. With this arrangement, the frequencies 
allowed to enter and activate the control circuit 76 are 
deleted from the loudspeaker 31 output preventing in- 
coming speech from switching loss into the receiving 
branch 25. Speech originating within the room will con- 
tain the necessary frequencies to actuate the control cir- 
cuit and adjust the system for transmitting. The estab- 
lishment of preferred frequencies which do not appreci- 
ably degrade transmission in either direction is essential 
and this may be accomplished by the use af frequencies 
above 4000 cycles per second for control purposes, where- 
upon a 3800 cycle per second highpass filter 77 is in- 
cluded in the input to the control circuit 76 and a 3100 
cycle per second low-pass filter 63 is included in the 
loudspeaker 31 path. The frequencies between 4000 
and 8000 cycles per second contain sufficient compo- 
nents to allow reliable switching of the apparatus while 
the 3100 cycle per second upper limit for incoming speech 
is not unduly restrictive for use in conventional tele- 
phone systems. Furthermore, the effect of high fre- 
quency hybrid unbalance is.minimized. 

The contre! circuit 76 in addition to maintaining loss in 
the transmitting channel 21 until energized to transfer it 
to the receiving channel 25 allows either the transmitting 
or receiving stations to vocally seize control and at the 
same time allows either the transmitting or receiving 
party momentary pauses in transmission without being 
subjected to a reversion of control by background noises. 

Furthermore, in the absence of speech from either. di- 
rection, the automatic gain control circuit 199 samples 
high frequency ambient noise in the conference room and 
adjusts the control amplifier 76 until the gain inverter 105 
is at the threshold of switching loss from the transmitting 
path. This gain setting is retained as the charge in the 
capacitor 213 and speech in either direction prevents any 
change in that charge until a lull in the conversation per- 
mits readjustment. Optimum control sensitivity is thus 
maintained over widely varying room noise conditions.
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Gain in the control circuit 76 is further regulated by the 

negative RM voltage derived from incoming speech and 

a positive TM voltage derived from the transmitted speech. 

These positive and negative voltages are combined at point 

200 to eradicate residuals and the resultant positive or 

negative output acts on the control circuit 76 gain to guard 

against interruptions while speech is in progress from 

either end. A very slow discharge of the gain inverter 

105 control voltage on capacitor 167 to the combining 

point 280 of the RM and TM voltages is permitted under 

idle conditions. This discharge is blocked by a moderate 

TM voltage at point 200 generated from room noise fre- 

quencies present in transmitter amplifier 24 to enhance 

continuity of control between transmitting pauses but dis- 

charge becomes very rapid in the presence of a high nega- 

tive voltage from the RM amplifier 158 if the distant end 

breaks in during a transmitting pause and generates an RM 

voltage. Presence of the positive TM voltage in the con- 

trol amplifier 76 also enhances its ability to detect the 

continuing presence of low level high frequency compo- 

nents of speech originating in the conference room. 

Noise rejector and syllabic control network 2177 em- 

ploys a phase shifting network made up of capacitors 176 

and 180 and resistor 183 to discriminate against steady 

sounds such as fans, air-conditioners or background bab- 

ble from many voices but to respond to sounds simul- 

taneously presented which contain syllabic pulsations. 

This circuit 177 discriminates against frequencies above 

3000 cycles per second and is designed to avoid locking 

of the control amplifier 176 in the transmitting direction 

in a noisy environment. 
The RM circuit 150 is fed from the incoming signal 

path ahead of the receiving variolosser 61 where the level 

is held relatively constant by manual operation of the 

receiving gain contro! 62. Following amplification in that 

circuit 159, the voltage clipper 454 suppresses line and 

background noise below a definite threshold to prevent 

false output when the distant party is not speaking. The 

RM circuit includes a disabling input from the hybrid 

leakage suppression rectifier to guard against false opera- 

tion by hybrid leakage which under certain conditions can 

be at a higher level than incoming speech. 

Operation 

An understanding of the operation of this invention may 

be had by reference to FIG. 5 which is a simplified block 

diagram of the apparatus. The establishment of a call is 

made by lifting the handset of the telephone set 16 op- 

erating the rotary dial and closing the switch 13, where- 

upon the conference installation is connected to the tele- 

phone line 11 and the telephone set 1@ disconnected. The 

installation will assume the receiving condition with the 

gain inverter 165 in its unoperated state. Incoming speech 

at the receiving gain control 62 enters the RM circuit 250 

via the conductors 144 and if not blocked by local speech 

which would serve to disable the RM amplifier 150 via 

the lead 162, is amplified and rectified and emerges over 

the lead 164 as a negative voltage. This voltage is intro- 

duced via the lead 284 to the gain inverter 165 and forces 

rapid drainage of the capacitor 187 (unshown in FIG. 5), 

if the gain inverter 105 control is only partly operated, 

blocks the control amplifier 76 by a tube bias over the 

lead 202 and blocks the automatic gain contro] circuit 190 

over lead 225 to prevent change in the threshold of switch- 

ing. The receiving variolosser 61 is now in its minimum 

loss condition by conduction of tube 114 (unshown in 

FIG. 5) of the gain inverter 105 so incoming speech is 

amplified in the receiving amplifier 30 and delivered to the 

loudspeaker 34 at a satisfactory level which is under the 

control of the conferees by the receiver gain control 62. 

When incoming speech ceases, the negative Receive 

Maintaining voltage from the RM amplifier 15@ subsides 

restoring normal gain to the control amplifier 76 and re- 

moves the disabling voltage from the automatic gain con- 

trol circuit 160, permitting it to readjust if the ambient 

noise level has changed. 
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When the jastallation is in its normal receiving condi- 

tion with no speech incoming, locally generated sounds 

are amplified in the preamplifier 23 and high frequency 

energy from the microphone 22 passes through the high- 

pass filter 77 into the control amplifier 76. Since the con- 

trol amplifier 76 is not blocked by a negative RM voltage 

from the incoming channel over leads 164 and 202, ampli- 

fication and rectification takes place and a high positive 

voltage from the contro! amplifier 76 will then switch the 

gain inverter 105 from the receiving to the transmitting 

direction. Speech from the preamplifier 23 now passes 

through the transmitting variolosser 34 which is in its 

minimum loss condition and is amplified in the transmit- 

ting amplifier 24, and introduced through the idle line 

singing suppressor 45, the hybrid coil 16 to the telephone 

line 11 and network 28. 

A branch circuit from the transmitting amplifier 24 in- 

troduces energy from the transmitting channel 24 into the 

noise rejector and syllabic control network 177 which in 

turn activates the TM circuit 185 over leads 204 and 202 

to supply gain boost in control amplifier 76 if syllabic 

frequencies are present in the transmitted program mate- 

rial. Activation of the TM circuit 185 suspends drainage 

of the gain inverter control capacitor 167 insuring that 

the transmitting channel retains control. The branch cir- 

cuit 215 from TM amplifier 185 blocks the operation of 

the automatic gain control 160 while speech is in progress. 

Simultaneously the hybrid leakage suppressor circuit 188 

disables the RM circuit 158 to prevent the hybrid leakage 

energy reaching the receiving channel from switching the 

gain inverter 105 to the receiving condition. 

Cessation of local speech allows the TM voltage to sub- 

side which, in turn, reenables the RM circuit 150 to per- 

mit the distant end to break in, connects a slow discharge 

path to the gain inverter control capacitor 107 and re- 

stores ability of the automatic gain control £00 to read- 

just itself if the ambient noise level is changed. 

In accordance with this invention it is also possible for 
any of the participants of the local conference group or 

the remote party to interrupt or break into incoming 

transmissions. This break-in is accomplished easily in 

either direction during conversational pauses but is more 
difficult while speech is in progress. 

In the case where the remote party is speaking, his in- 
coming speech in addition to passing through the nor- 

mally low impedance receiving variolosser 61 being am- 

plified by the amplifier 3@ and reproduced by the loud- 

speaker 31, also generates a negative voltage in the RM 

amplifier and rectifier 15@. That negative voltage has 

disabled the automatic gain control circuit 100 and low- 

ers the voltage of the common point 200 which disables 

the control amplifier and rectifier 76 insuring that the 

gain inverter 105 is inoperative. Any locally generated 
noise containing high frequencies picked up by the micro- 

phone 22 introduces an activating input to the control 
amplifier 76 but in the absence of a positive output from 

the syllabic control network 177 indicating a predomi- 

nance of syllabic frequency content, the voltage of the 
common point remains negative and the control ampli- 
fier 76 remains disabled. However, if the locally gener- 

ated sounds include syllabic frequencies as well as the 

higher frequencies the former must be at a sufficient level 

to neutralize the negative input from the RM network 

150, before the control amplifier 76 will be reenabled to 

operate the gain inverter 105 and thereby switch the ap- 

paratus from receiving to transmitting. 

Conversely, the remote party may interrupt the local 

speaker during conversational pauses or fluctuations when 

a voltage on lead 162 from the hybrid leakage suppressor 

188 is insufficient to block the RM amplifier 150. In this 

case, by raising his voice the RM amplifier may generate 

a voltage sufficient to drive the common point 200 nega- 

tive and thereby disable control amplifier 76. 

The automatic control of loss switching is derived from 

high frequencies, always present in live speech, above
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message circuit cut-off frequency. Positive control is 
thus obtained with no sacrifice of useful bandwidth. 

The singing path loss of the installation is substantially 
constant regardless of the distribution of the loss-switch- 
ing control current, whether the installation is transmit- 
ting or receiving, or intermediate with both circuits at re- 
duced net gains. 

The automatic gain control circuit is disabled by speech 
in Either direction, and transmission peaks occurring once 
in several seconds are sufficient to prevent change. When 
free to change it adjusts the gain of control amplifier 76 
until background noise just starts to switch the gain in- 
verter. 

Operation of the gain inverter control requires the ac- 
tual presence of high frequency sounds in the room; to 
hold it operated requires low frequencies also. Release 
of the gain inverter control can be slow or fast as re- 
quired: 

(a) Slowly if by cessation of speech within the room (low 
discharge voltage applied to capacitor 107 at the gain 
inverter 105 input); 

(5) rapidly if wiped out by an RM voltage, as in dialogue 
(high discharge voltage applied to the same capacitor). 

The TM voltage is derived from a circuit capable of 
considerable discrimination in recognizing speech in the 
presence of high background noise. The syllabic control, 
effective when one voice is prominent over a bedlam of 
lower-level voices, enhances control by that one voice. 
Non-syllabic noise does not interfere significantly with 
switching. 

Hybrid leakage suppression prevents false operation of 
the RM amplifier even when, on high loss connections, 
transmitted speech enters the RM amplifier at a level 
higher than incoming speech. The slow discharge circuit 
condition for capacitor 107 also prolongs blocking for 
line echo protection. 

The TM and RM voltages ensure the complete switch- 
ing of the main control, and prevent reductions in out- 
going or received speech levels due to partial control by 
noise or other interference. 

In all cases it is understood that the above-described 
arrangements are merely illustrative of the principles of 
the invention. Numerous and varied other embodiments 
may be devised in accordance with these principles by 
those skilled in the art without departing from the spirit 
and scope of the invention. 

What is claimed is: 
i. Confernece telephone apparatus comprising an in- 

coming channel including a first gain varying network and 
a loudspeaker, an outgoing channel including a micro- 
phone and a second gain varying network, the gain intro- 
duced into each of said channels by said networks being 
of such value that the direction of preferred transmission 
of signals is normally through said incoming channel to 
said loudspeaker, means for deriving a control voltage 
from signals in said outgoing channel in a first selected 
frequency range, gain inverting means connected to said 
networks, means responsive to said control voltage for 
actuating said gain inverting means to vary inversely the 
gain introduced into said channels by said networks and 
thereby transfer the direction of preferred transmission in 
said apparatus from said incoming channel to said out- 
going channel, frequency selective means in said incom- 
ing channel for eliminating said first selected frequency 
range from the signals transmitted to said loudspeaker, 
means responsive to energy in said outgoing channel in a 
second selected frequency range for maintaining said gain 
inverting means in said actuated condition. 

2. Conference telephone apparatus in accordance with 
claim 1 wherein said second selected frequency range is 
a syllabic frequency range. 

3. Conference telephone apparatus in accordance with 
claim 1 wherein said signals transmitted through said in- 
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coming and outgoing channels are voice frequency 
signals, 

4. Conference telephone apparatus comprising an in- 
coming channel including a first gain varying network 
and a loudspeaker, an outgoing channel including a 
microphone and a second gain varying network, the gain 
introduced into each of said channels by said networks 
being of such value that the direction of preferred trans- 
mission is normally through one of said channels, means 
for deriving first and second control voltages from signals 
in the other channel, gain inverting means connected to 
said networks, control means responsive to said first con- 
trol voltage for actuating said gain inverting means to 
vary inversely the gain introduced into said channels by 
said networks and thereby transfer the direction of pre- 
ferred transmission in said apparatus from said one 
channel to said other channel, means for deriving a third 
control voltage from signals in said one channel, means 
responsive to said third control voltage for disabling said 
control means in the absence of voice frequency signals 
in said other channel, means responsive to said second 
control voitage for disabling said third control voltage 
deriving means when voice frequency signals are present 
in said other channel. 

5. Conference telephone apparatus comprising an in- 
coming channel including a first gain varying network 
and a loudspeaker, an outgoing channel including a 
microphone and a second gain varying network, the gain 
introduced into each of said channels by said networks 
being of such value that the direction of preferred trans- 
mission is normally through one of said channels, means 
for deriving a first control voltage from signals in the 
other channel, gain inverting means connected to said 
networks, control means responsive to said first control 
voltage for actuating said gain inverting means to vary 
inversely the gain introduced into said channels by said 
networks and thereby transfer the direction of preferred 
transmission in said apparatus from said one channel to 
said other channel, means for deriving a second control 
voliage from signals in said other channel, means for 
deriving a third control voltage from signals in said one 
channel, means responsive to said third control voltage 
for disabling said control means in the absence of voice 
frequency signals in said other channel, means responsive 
to said second control voltage for maintaining said gain 
inverting means in said actuated condition when voice 
frequency signals are present in said other channel, said 
second control voltage deriving means comprising a 
threshold device for rendering said actuated condition 
maintaining means nonresponsive to signals below a pre- 
determined threshold level, and means responsive to the 
presence of syllabic frequencies in said other channel for 
reducing the level of said threshold and disabling said 
third control voltage deriving means. 

6. Conference telephone apparatus in accordance with 
claim 5 wherein said threshold device comprises two op- 
positely poled, equally biased asymmetrically conducting 
devices, and said means responsive to the presence of 
syllabic frequencies comprises a frequency selective net- 
work and a phase shifting network responsive to the out- 
put of said frequency selective network, said phase shift- 
ing network being connected across said asymmetrically 
conducting devices to produce a bias differential across 
said asymmetrically conducting devices in the presence 
of syllabic frequencies, 

7. Conference telephone apparatus comprising an in- 
coming channel including a first gain varying network 
and a loudspeaker, an outgoing channel including a micro- 
phone and a second gain varying network, the gain intro- 
duced into each of said channels by said networks being 
of such value that the direction of preferred transmission 
is normally through one of said channels, means for 
deriving a first control voltage from signals in the other 
channel, gain inverting means connected to said net- 
works, means responsive to said first control voltage for
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actuating said gain inverting means to vary inversely the 

gain introduced into said channels by said networks aad 

thereby transfer the direction of preferred transmission 

in said apparatus from said one channel to said other 

channel, means comprising a capacitor and a slow dis- 

charge path connected to said gain inverting means, 

means for applying said first control voltage to said ca- 

pacitor, means for deriving a second control voltage 

from said signals in said other channel, means for apply- 

ing said second control voltage to said capacitor to main- 

tain said gain inverting means in said actuated condition. 

8. Conference telephone apparatus in accordance with 

claim 7 wherein said slow discharge path is operative in 

the absence of said second control voltage to allow the 

discharge of said capacitor whereby said gain inverting 

means reverts to its unactuated condition. 

9, Conference telephone apparatus in accordance with 

claim 8 wherein said apparatus comprises means for 

deriving a third control voltage from signals in said one 

channel, said third contrel voltage having a polarity 

opposite to that of said second control voltage, and means 

for applying said third control voltage to said capacitor 

to allow the rapid discharge thereof and rapid reversion 

of said gain inverting means to its unactuated condition 

in the presence of signals in said one channel. 

10. Conference telephone apparatus comprising an in- 

coming channel including a first gain varying network 

and a loudspeaker, an outgoing channel including a micro- 

phone and a second gain varying network, the gain intro- 

duced into each of said channels by said networks being 

of such value that the direction of preferred transmission 

is normally through one of said channels, means for 

deriving a first control voltage from signals in the other 

channel, gain inverting means connected to said networks, 

means responsive to said first control voltage for actuat- 

ing said gain inverting means to vary inversely the gain 

introduced into said channels by said networks and there- 

by transfer the direction of preferred transmission in said 

apparatus from said one channel to said other channel, 

means for deriving a second control voltage from signals 

in said other channel, means responsive to said second 

control voltage for maintaining said gain inverting means 

in said actuated condition, means for deriving a third con- 

trol voltage from signals in said one channel, means re- 

sponsive to said third control voltage for neutralizing 

said second control voltage in the presence of signals in 

said one channel, automatic gain control means for es- 

tablishing the threshold of operation of said gain in- 

verting means, and means responsive to the presence of 

either said second or third control voltage for disabling 

said automatic gain control means. 

11. Conference telephone apparatus comprising an in- 
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coming channel including a first gain varying network and 

a loudspeaker, an outgoing channel including a micro- 

phone and a second gain varying network, the gain intro- 

duced into each of said channels by said networks being 

of such value that the direction of preferred transmission 

of voice frequency signals is normally through said incom- 

ing channel to said loudspeaker, means for deriving a first 

control voltage from voice frequency signals in said out- 

going channel in a selected frequency range, gain invert- 

ing means connected to said networks, means responsive 

to said first control voltage for actuating said gain in- 

verting means to vary inversely the gain introduced into 

said channels by said networks and thereby transfer the 

direction of preferred transmission in said apparatus from 

said incoming channel to said outgoing channel, frequency 

selective means in said incoming channel for eliminating 

said selected frequency range from the voice frequency 

signals transmitted to said loudspeaker, means for deriving 

a second control voltage from voice frequency signals in 

said outgoing channel, means responsive to said second 

control voltage for maintaining said gain inverting means 

in said actuated condition, said second control voltage 

deriving means comprising a threshold device for render- 

ing said actuated condition maintaining means nonrespon- 

sive to signals below a predetermined threshold level, and 

tneans responsive to the presence of syllabic frequencies 

in said outgoing channel for reducing the level of said 

threshold, means for deriving a third control voltage from 

voice frequency signals in said incoming channel, means 

responsive to said third control voltage for neutralizing 

said second control voltage in the presence of signals in 

said incoming channel. 

12. Conference telephone apparatus in accordance with 

claim 11 comprising automatic gain control means for 

establishing the threshold of operation of said gain in- 

verting means, and means responsive to the presence of 

either said second or third control voltage for disabling 

said automatic gain control means. 
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