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UNITED STATES PATENT OFFICE 
2,269,565 

COMMUNICATION SYSTEM 
Richard J. Tillman, Brooklyn, N. Y., assignor to 

Be Telephone Laboratories, Incorporated, 
New York, N. Y., a corporation of New York 

Application September 28, 1940, Serial No. 358,785 
(C. 19-1) 25 Claims. 

The invention relates to communication sys 
tems and particularly to two-way communica 
tion systems and circuits for controlling trans 
mission over Such Systems. 
The invention is particularly applicable to, al 

though not limited to, telephone systems em 
ploying distant-talking telephone transmitters 
and receivers of the loud-speaking type, as well 
as amplifiers, at the subscriber stations to enable 
individual telephone subscribers, or each person 
of different groups of persons gathered in con 
ference at remotely located stations to converse 
With each other over an intervening line without 
the necessity of holding the receiver or being in 
close proximity to the transmitter or receiver. 
Such Systems may employ at the subscriber sta 
tions switching circuits controlled by the voice 
currents of the speaker to automatically switch 
loss between the transmitting and receiving voice 
amplifying paths to control the direction of 
transmission, to provide a desired amount of an 
plification and to minimize the possibility of the 
Setting up of a singing condition due to elec 
trical and acoustic couplings between these 
paths. 
An object of the invention is to improve the 

operation of systems of the above-described gen 
eral types. 
Another object of this invention is to improve 

the operation of a telephone set of the general 
type described above and to enable it to be con 
nected to any telephone line in the same manner 
and interchangeably with an ordinary telephone 
set. 
A related object is to select, relatively arrange 

and adjust manual and automatic devices for 
exercising different types of control on transmis 
Sion at a station of a two-way telephone system 
So as to provide improved operation from the 4 
Standpoint of quality and volume of transmission 
and singing prevention with economy of appara 
tus and Space. 
Another object is to enable two-way conversa 

tion between remotely located telephone subscrib- 4. 
ers or between the individuals in different groups 
of perSons gathered in conference at two or more 
Separate stations of a two-way telephone system, 
with a freedom of movement and facility ap 
proaching that obtainable in face-to-face conver 
Sation of individuals at One location. 
Another object is to enable a subscriber at one 

station of a two-way telephone system to con 
nect his telephone set with a telephone line, and 
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the station in accordance with his hearing re 
quirements. . . . 

Another object is to automatically compensate 
for difference in the lengths or impedance char 
acteristics of lines connected to a telephone Set. 
Another object is to automatically reduce side 

tone in a telephone set. 
The main objective realized by the device of 

the invention to be described in detail below 
is the provision at a reasonable cost of a Com 
pact, voice-operated, distant talking, loud-Speak 
ing telephone set, preferably operated from a 
commercial alternating current Supply, for use 
with the ordinary line of a telephone subscriber, 
which, by not requiring the user to hold in his 
hand or otherwise approach the instrument with 
in less than 2 feet, approximates, in ease of 
usage, the facility of normal direct conversation. 
This is accomplished With no effect On the proper 
operation of the telephone circuits and little or 
no penalty in the grade of transmission ordi 
narily obtained over such circuits. The device 
realizing the above objective meets the following 
general specifications: 

1. Each component has been provided at the 
minimum cost which will give the required per 
formance. 

2. The talking and listening instruments are at 
a sufficient distance from the user so as to give 
him complete freedom of motion. Within a limited 
area. 

3. The electrical volume level delivered to the 
telephone circuit by the transmitter element is 
consistent in both average value and range with 
normal telephone practice. 

4. The received Volume is sufficient to enable 
the user to hear as Well or better than if he were 
using a regular telephone set. 

5. Transmission quality degradation ordinarily 
introduced by voice-operated switches has been 
minimized. 

6. The transmitting circuit has been connected 
to the telephone line terminals in such a manner 
as to minimize its effect on the receiving circuit. 

7. The receiving circuit has been connected to 
the Sane telephone line terminals in such man 
ner as to minimize its effect on the transmitting 
circuit. 

8. Loud-speakers have been provided which 
Will produce the desired sound level with a given 
amplifier output. 
The preferred embodiment of the invention 

may be briefly described as a compact, economi 
cal, two-way telephone set adapted for use at 

to control the volume of signal transmission at 3.J one or more subscribers stations of a two-Way 
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telephone system, comprising a transmitting alm 
plifying branch including a distant-talking tele 
phone transmitter, and a receiving amplifying 
branch including loud-speaking telephone receiv 
ers, coupled by a hybrid transformer and a SSO 
ciated balancing netWork to a tWO-Wire line Sec 
tion adapted for connection to ordinary telephone 
lines; and associated Voice-operated Switching 
circuits for Switching suitable losses between the 
transmitting and receiving branches, to provide 
directional control, the desired amplification and 
singing prevention, this set having the following 
Special features: 
1. To minimize the quality distortion inherent in 

loss Switching, the frequency-loss character 
istics of the acoustic and electrical couplings 
between the voice transmitting and receiving 
branches are made such as to provide mini 
mum positive potential feedback (singing) 
in the frequency band at which the maxi 
Inun energy of Speech is located (approxi 
mately 100 to 1000 cycles) without affecting 
the frequency characteristics of the separate 
voice branches, in order to reduce the 
amount of loss necessary to be switched in 
this particular frequency band to prevent 
singing, and the resistance component of 
each Switched loss pad is adjusted to that 
value which will provide adequate singing 
margin with a tolerable amount of quality 
distortion. To accomplish this 
(d) The coupling between the microphone 

and the loud-speakers is designed to 
provide a high loss over the frequency 3 
range of maximum speech energy. This 
may be obtained by a special mounting 
and relative arrangement of loud 
speaking receivers in the voice receiving 
branch and the transmitter in the voice 
transmitting branch, SO that they are 
acoustically balanced With respect to 
each other over that frequency range. 

(b) The electrical coupling between the 
connected telephone line and the trans 
mitting and receiving voice branches of 
the telephone set is provided by using 
in combination with a hybrid trans 
former coupling the transmitting and 
receiving voice branches to the two-wire 
terminating line section, of a special 
balancing network and a loop resistance 
equalizer comprising elements having a 
non-linear current-resistance character 
istic, connected in Series With the ter 
minating line section of the set, to pro 
vide by electrical balance relatively high 
magnitude and limited variation of re 
turn loss through the hybrid trans 
former over the frequency range Cf 
maximum speech energy for any one of 
different (length or impedance) Sub 
scribers' lines with which the set may be 
required to Work. 

(c) A special network is included in each 
voice branch, having similar shaped 
frequency-loss characteristics over the 
frequency range of maximum Speech 
energy (100 to 1000 cycles), the con 
bined insertion loss versus frequency 
characteristic of the two networks be 
ing the inverse of the frequency char 
acteristic of the singing path before in 
sertion of the networks, to provide an 
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equal margin against singing in the cir 
cular electroacoustic loop for all fle 
quencies in the transmission l'ange. 
Provision is made for complete removal 
of the insertion loss of the network in 
either voice branch by means of a voice 
operated relay under control of speech 
energy in that branch. The distortion 
of the speech waves in the voice branch 
caused by removal of the network is a 
minimum since the insertion loss of the 
network is Small over the frequency 
range of maximum speech energy. To 
enable the loss of each network to be 
adjusted to the proper value, it is made 
variable in magnitude by means of a re 
sistance change under control of the 
user of the set as a correlative function 
of volume adjustment. 

2. A circuit for desensitizing the receiving con 
trol of the voice-operated Switching circuit 
as a function of the level produced by the 
talker at the input of the transmitting 
switching control so as to prevent false op 
eration of the receiving SWitching relay When 
the transmitting voice branch is operated. 

3. A two-part, multistep volume control attenu 
ator in the receiving voice branch controlled 
by a multiple interlocking key switch to be 
operated by the telephone subscriber or user 
of the set to provide the required attenua 
tion range of received speech volume but a 
Smaller attenuation range of receiving con 
trol circuit sensitivity. Auxiliary features of 
this manual Switch control are that it op 
erates to change the insertion loss over the 
frequency range of maximum Speech energy 
of each of the two Switched loss networks in 
an equal amount inversely with change in 
loss of the receiving volume attenuato, and 
controls the connection of the telephone Set 
to the selected telephone subscriber's loop. 

Other objects and features will be brought 
out in the following detailed description of the 
invention in conjunction with the drawings in 
Which: 

FigS. 1 and 2, in combination, With Fig. 1 at 
the left show schematically a preferred modifi 
cation of the telephone set of the invention; and 

Figs. 3 to 8 are diagrams illustrating the prin 
ciples involved and the characteristics of the 
component elements in the telephone set of the 
invention shown in FigS. 1 and 2. 
The circuit of Figs. 1 and 2 includes a trans 

mitting voice branch TC and a receiving voice 
branch RC coupled by the three-winding hybrid 
transformer HC , and aiSSociated balancing net 
work NW to the two-wire terminating section 
TS which is connected to the telephone line by 
operation of the relay N. 
The transmitting voice branch TC comprises, 

reading from left to right, a telephone trans 
mitter M, an anti-cohering filter F1 which pro 
tects the transmitter carbon from Switching 
transients, the transmitter power supply filter 
F2, the transmitting voice amplifier AT preferably 
Comprising two or more vacuum tube stages, and 
the shaped frequency-loss switching network B1, 
including the variable resistance elements RT, 
the output of which is connected to a winding of 
the hybrid transformer HC. 
The receiving voice branch RC comprises, read 

ing from right to left, a transformer T1 having 
its primary winding connected across the mid 





4. 
The operation of the telephone set of FigS. 1 

and 2 Will noW be described. 
When it is desired to use this set, the telephone 

Subscriber or other user automatically releases 
key Gil of his multiple key-controlled switch G by 
manual operation of any of keys G2 to G7 to cause 
Suitable energizing power to be supplied to the 
microphone M (the filaments and other elec 
trodes of the Various vacuum tubes of the Set 
being already energized from the attenuating 
current supply), and to the switching relay N. 
The signal lanp Ll will then be lighted, and the 
switching relay N Will operate to connect the ter 
minating section TS of the telephone set to a 
telephone line over which the connection to the 
distant party or parties is established in the 
usual manner. 
With no one talking in either direction over 

the set, the shaped frequency-loss netWorks B1 
and B2 are both effective in the transmitting cir 
cuit TC and the receiving circuit RC, respec 
tively, and the resistance values of these net 
works and that of the attenuation netWorks D: 
and D2 in the receiving circuit RC depend upoin 
which of keys G2 to Gr, are operated. Whatever 
this operation, the loss in the electroacoustic loop 
provided by the set will be such as to prevent the 
establishment of positive feedback or singing. 
When conversation begins the subscribernayagain 
operate any key G2 to G7 of the manual switch G 
depending on his receiving volume requirement, 
which automatically adjusts the amount of re 
sistance provided by the resistance elements RT 
and RR to control the low-frequency loss value of 
networks B1 and B2 to provide the minimum 
amount of low-frequency SWitched loss consist 
ent with singing prevention. 
When the user of the set starts to speak, his 

speech currents will be transmitted from the mi 
crophone T over the transmitting circuit TC 
through the anti-cohering filter F1 and will be 
amplified by the transmitting amplifier AT. A 
portion of the amplified speech currents in the 
output of that amplifier will be diverted into the 
transmitting switch control ST in which it will 
be divided between the input of the amplifier 
Arc in the main branch and the input of the 
receiving control desensitizing branch RCD. 
The portion of the speech signals applied to the 

input of amplifier ATC will be amplified thereby 
and will be rectified by the half wave rectifier 
XT. The rectified voltage produces a variable di 
rect current bias on the control grid of tube CTT 
across the parallel resistance R1 and condenser 
C1 of hang-over circuit HN1. The magnitude of 
this bias is initially adjusted by means of the ad 
justable gain control of amplifier ATC to cause 
the operation of the transmitting Switching re 
lay ZT by the plate current of tube CT at a pre 
determined speech level. The polarity of this 
variable bias is in opposition to the fixed bias on 
the control grid of tube CTT which ordinarily 
permits only a slight current to flow through the 
tube and the windings of the transmitting 
switching relay ZT and the indicator control re 
lay Q in series in its output which is not suf 
ficient, to operate these relays. As the variable 
bias changes in magnitude due to increasing 
speech level at the input of the control amplifier 
Arc, the increasing flow of current through the 
relay control tube CTC and the Winding of 
switching relays ZT and Q causes relay ZT to op 
erate to close its relay contacts , 2 and 3, and 
relay Q to operate to short-circuit indicator lamp 
L1, extinguishing it and thus indicating to the 
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talker that the transmitting switching control 
ST is operating properly. 
The closing of contacts of relay ZT effec 

tively short-circuits the shaped frequency-loss 
network B1 in the transmitting voice path TC, al 
lowing the main portion of amplified speech en 
e'gy in the output of transmitting amplifier AT, 
to be transmitted over the outgoing portion of 
transmitting circuit TC through hybrid coil. HC 
and loop equalizer LE to the connected telephone 
line With little additional attenuation. The 
closing of contacts 2 of relay ZT disables the re 
ceiving annplifier AR in receiving circuit RC by 
conflecting one side of its input line to ground. 
The closing of relay contacts 3 operates to bring 
the potential of the control grid of the am 
plifier ARC to ground, thus disabling the receiver 
control circuit SR in its input. The sensitivity 
and the efore the time constants of the relay con 
tacts, 2 and 3 of the transmitting switching re 
lay ZT are nade such that the latter two func 
tions are performed before the removal of the 
loss B1 from the transmitting voice path TC. 
When the subscriber at the station ceases talk 

ilg or the level of his speech currents at the in 
put to the transmitting control circuit ST de 
Cre2 Ses beloW a given minimum value, the vari 
able bias applied to the control tube CTT in 
the circuit ST is maintained sufficiently high to 
continue the closure of the contacts of relay ZT 
for a desired hang-Over time interval determined 
y the values of the resistance and capacitance 

elements R1 and C1 in the hang-over network 
HN1, and when relay ZT releases the time con 
stants of the relay contacts are such as to cause 
the network. Bi to be reintroduced into the trans 
mitting circuit TC before the receiving circuit RC 
is again enabled. 
The use of the desensitizing circuit RCD was 

found to be necessary because of the use of the 
Small low-frequency switched loss pads which 
permit the part of the transmitted speech energy 
passing through the hybrid coil HC to the input 
of the receiving switching control Sr., due to 
residual unbalance, to be at a rather high level, 
higher for instance than the lowest line level at 
which this control is supposed to operate. Since 
the transmitting switching control ST, which dis 
ables the receiving control SR, cannot be made too 
Sensitive if it is not to be operated by room noise, 
the unbalance currents passing into the receiv 
ing circuit RC may cause the receiving control 
SR to falsely operate to disable the transmitting 
side when the set is being used for transmitting. 
The circuit RCD prevents this by causing the re 
ceiving control SR to be desensitized in propor 
tion to the talking level at the input of the trans 
nnitting control ST so as to prevent operation of 
the receiving switching control SR. When the 
transmitting circuit TC is transmitting signals. 
The time constants of the circuit elements in the 
rectifier and associated hang-over network of 
the circuit RCD are selected so that the circuit 
has a fast attack time, faster than that of the 
receiving SWitching control and less hold-over 
time than the latter control. The circuit RCD 
operates as follows: 

Like the Similar relay control tube CTT in the 
transmitting control ST, the control tube CTR in 
the receiving control SR has a fixed biasing volt 
age applied to its control grid which normally 
prevents Sufficient plate current flow through 
the Winding of the receiving switching relay Zr 
to Operate the relay contacts. This bias is nor 
mally overcome by the opposing variable bias 
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produced on the control grid of that tube by 
hang-over network HN2 in response to the out 
put of rectifier XD, varying as a function of the 
Speech level at the input of the receiving control 
SR. The fixed bias on the relay control tube CTR 
which must be overcome to produce sufficient 
current flow to the winding of relay ZR to operate 
it, represents margin against operation of the 
relay contacts. 
The portion of the talker's speech currents 

diverted to the desensitizing circuit RCD is recti 
fied by the half Wave rectifier XD and the recti 
fied voltage varying in accordance with the talk 
er's Speech currents is applied across the resist 
ance R8 and parallel condenser C8 of the hang 
over network HN3 to produce a third bias on the 
control grid of tube CTR. This third (variable) 
bias is in series With the other two biases, and is 
poled so as to aid the fixed bias and oppose the 
other variable bias supplied by hang-over net 
work HN2. By proper selection of the Values of 
the elements in the desensitizing circuit RCD, 
the magnitude of this third bias produced by the 
desensitizing circuit RCD on the control grid of 
the tube CTR is made equal to the variable bias 
applied thereto from the receiving control SR 
which would ordinarily cause false operation due 
to speech levels from the transmitter passing 
through the unbalance of the hybrid coil for the 
case where the SWitch G is operated to produce 
"high' received speech volume. As a result, the 
opposing varying biases cancel one another, 
leaving the margin against operation of Switch 
ing control SR, originally provided by the nor 
mal fixed bias so as to maintain the receiving 
switching relay ZR unoperated while the local 
subscriber is talking. The desensitizing circuit 
makes it possible to maintain suitable operation 
of the terminal as a whole with a smaller low 
frequency switched loss than would otherwise be . 
necessary. This reduction in the Switching loss 
over the frequency range of maximum speech 
energy is an important asset for When Such loSS 
is excessive, its switching in and out gives rise 
to undesirable transient voltages in the circuit 
and a consequent loss in intelligibility. A reduc 
tion in the magnitude of the Switched loss over 
this range reduces such undesirable effects. The 
use of the circuit RCD also makes it possible to 
use a higher sensitivity for the receiving switch 
ing control SR so as to enable its operation on 
lower level signals incoming from the line. 
The portion of the talker's voice energy trans 

mitted from the output of the transmitting voice 
circuit, TC to the input of the receiving Voice Cir 
cuit RC, due to any unbalance in the hybrid coil 
HC and associated balancing network NW, Will 
not reach the loud-speaking receivers LS1 and 
LS2 because of the previous blocking of the re 
ceiving voice amplifier AR by operation of the 
transmitting Switching control ST in the manaer 
which has been described. 
Now, let it be assumed that when the local 

subscriber ceases talking or pauses for a Sufi 
cient time interval to release the transmitting 
switching control ST speech currents are received 
over the connected telephone line from a distant 
telephone subscriber and pass through the hybrid 
transformer HC to the receiving voice branch R.C. 
The resistance of the non-linear ballast lamps 

L1 and L2 in the loop equalizer IE which varies 
directly with the relatively high direct current 
flowing through a telephone loop but is not af 
fected by the relatively weaker Speech currents, 
becomes stable at a value determined by the 
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electrical length of a given loop and the associ 
ated telephone line battery (not shown) the in 
stant the set is connected to a telephone loop and 
thus automatically adjusts the balance of the 
hybrid coil set so as to compensate for differences 
in the length of the connected subscriber's line 
from the average length line for which the com 
promise balancing network NW has been de 
Signed, SO as to maintain the return loss through 
the hybrid transformer HC high and substantially 
constant over the frequency range of maximum 
Speech energy. This automatic balance, then, is 
present for any condition of transmitting or re 
ceiving and is independent of speech currents. 
An alternative use for the combination of the 

hybrid transformer balancing network and equal 
izing ballast lamps is to automatically reduce the 
Volume of Side-tone in the telephone set. 
The received voice currents will be transmitted 

through and attenuated in the volume attenu 
ator D2 except in the maximum volume condi 
tion and, the receiving circuit RC being un 
blocked due to the unoperated condition of the 
transmitting Switching control St, will be ampli 
fied in the receiving speech amplifier AR. The 
amplified voice currents will then be divided be 
tween the input of the receiving volume attenu 
ator D1 in the receiving voice branch RC and the 
input of the receiving switching control Sr. 
The portion of the received voice currents 

transmitted into the receiving switching control 
SR will be impressed on the input of the variable 
gain amplifier ARC and will be amplified thereby 
in accordance with its gain setting. The ampli 
fied Waves in the output of the amplifier Arc 
Will then pass through the frequency weighting 
or shaping network UR to the rectifier XR. The 
network UR comprises a transformer T3, which 
transformer is tuned by the condensers C4 and Cs 
connected across its primary and secondary wind 
ings, respectively, to a frequency approximately in 
that portion of the speech range of highest power, 
that is, from 100 to 1000 cycles. This tuning is 
rendered rather flat by the resistance elements in 
the circuit, such as resistance R5. The circuit 
thus discriminates against the extreme low and 
high frequencies of circuit noises in the telephone 
band of transmission and produces a favorable 
Signal-to-noise ratio for the switching control Sr. 
for the higher energy telephone speech frequen 
Cies. Additional low frequency discrimination is 
attained by the use of the series condenser C. 
The Speech waves in the output of the shaping 

network UR are rectified by the rectifier circuit 
XR consisting of a half-wave rectifier tube, the 
resistance R6 and parallel condenser C6. The di 
rect current voltage thereby developed across the 
resistance R6, the desensitizer circuit RCD being 
unoperated due to the absence of applied trans 
mitted Speech and due to the large coupling loss 
between loud-Speaker and transmitter, serves to 
Overcome the fixed bias on the control grid of the 
receiving control tube CTR causing operation of 
the receiving Switching relay ZR by the tube out 
put current. 
The operation of relay ZR to close relay con 

tacts 4 effectively short-circuits the shaped fre 
quency-loSS network B2 thereby removing the 
anti-Singing loss from the voice receiving branch 
RC. The closing of switch contacts 5 effectively 
disables the voice transmitting side TC of the 
Set by connecting the control grid of the last 
Vacuum tube stage of the transmitting amplifier 
AT to ground. The closing of the switch con 
tacts 6 connects the control grid of the last tube 
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material so that the loud-Speakers radiate only 
from the Outer Surfaces of the cones. The 

... method of acoustic balance is illustrated at the 
right of this figure. It is shown that due to the 
equal distance and phase of the loud-speakers 
with respect to the transmitter, no net pressure 
is developed on the transmitter diaphragm by 
the direct action of the loud-speakers. There is a 
Variation in the met preSSUllre developed With in 
creasing frequency such that the net pressure 
on the transmitter diaphragm, while it is Zero 
or low at low frequencies, increases to Some ex 
tent with increasing frequency, giving a relative 
coupling loss of the shape shown at the left dia 
gram of Fig. 5. As regards speech directed at 
the transmitter, there is a net pressure exerted 
on the diaphragm due to the difference in pres 
sure on the front and rear. This net pressure 
decreases, of course, as the speaker moves off the 
central axis of the transmitter. There is a cor 
responding discrimination afforded against room 
noise of random incidence due to this pressure 
differential characteristic. It should be pointed 
out that the high coupling loss over the range of 
maximum speech energy frequencies as provid 
ed by this type of balance is desirable for the 
prevention of false operation of the transmitting 
Switching control circuit due to direct Sounds 
from the loud-speakers. 
The diagrams of Fig. 8 illustrate the function 

of the loop resistance equalizer (LE in Fig. 2). 
The action of the variable resistance ballast 
lamps (L2 and L3) in this equalizer is to limit 
the range of loop resistances which might or 
dinarily be expected in practice to be connected 
to the set. At the expense of a Small transmis 
sion loss added to the loss of a short loop, the 
equalizer by adding resistance to the given loop 
insures that in connection with the balancing 
network (element NW in Fig. 2), the return loSS 
through the hydrid coil (element HC in Fig. 2) 
for any of the multiplicity of impedances con 
nected to the central office end of the loop Will 
be high over the range of maximum Speech en 
ergy and of nearly the same magnitude as With 
a long loop. Of course, the transmission loss 
due to ballast lamp resistance is Smaller for a 
long loop since the lamp resistance is a function 
of the current passing through it. As shown in 
Fig. 8, there is, with a balancing netWork de 
signed specifically for the frequency range in 
question (such as NW in Fig. 2), a particular 
value of resistance between the telephone set 
and the varied impedance characteristics of the 
central office end of the telephone connection, 
which gives the optimum loSS for all frequencies 
in the given range. In the curves to the right 
in Fig. 8 the complementary relationship be 
tween the loop resistance and lamp resistance as 
a function of current is shown. It is evident 
that the loop plus the ballast lamp resistance 
for any given loop will be held to a limited range. 
The diagrams of Fig. 6 illustrate the function 

of the control switch (G. in Fig. 1) which varies 
both the receiving volume and the Switching net 
work losses. As shown in the diagram to the left 
of the figure, the potential negative singing mar 
gin (the net gain in the closed electroacoustic 
loop without switched loss) varies with the 
amount of receiving volume attenuation neceS 
sary for proper reception in a given conVerSa 
tion. The low frequency loss portion of the two 
switched loss networks, as shown by the center 
diagram of Fig. 6, varies inversely with the 
receiving volume attenuator loss. As described 
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above, this is accomplished by varying the 
amount of the resistance RT and RR in the net 
works B1 and B2, respectively, by Suitable oper 
ation of the common switch control G. The lat 
ter networks are symmetrical and their resist 
ance values are variable in an equal amount. 
The effect of this variation is to decrease the en 
ergy change due to SWitching at the frequencies 
of maximum speech energy, as the receiving 
Speech is decreased for calls having higher in 
coming level. As indicated in the diagram at the 
right of Fig. 6, the Switched losses are decreased 
in Smaller increments than the receiving attenu 
ator losses are increased. The differential pro 
vided is a compromise between the desirability 
of decreasing the SWitched loss as the receiving 
attenuator is varied for minimum attenuation, 
and the provision of Some additional singing 
margin for the stronger Volume calls Which are 
less apt to provide Smooth impedances at the 
near-end central office, because there is usually 
less trunk involved. It will be noted that the 
singing margin is greater at the higher frequen 
cies for any condition of the common control G, 
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and that the increment of additional singing 
margin added at these frequencies is equal to the 
increment of loss inserted by the receiving vol 
ume attenuators. This results because the 
shaped loss networks B1 and B2 are simpler in 
construction if only the low frequency loss is 
changed by varying the amount of resistance in 
the resistance element, because the switching of 
loss at the high frequencies is believed to pro 
duce little distortion and also since the return 
OSS is not controlled at these frequencies. 
A telephone set having circuit elements Sub 

stantially as disclosed in Figs. 1 and 2 and de 
scribed above, has been built and tested. Each 
item of apparatus on this set was selected with 
the ultinate cost in view and there is none which 
is inherently expensive. The set consists of two 
parts, one a small desk mounting containing the 
microphone, loud-speakers and volume control, 
and the other apparatus being contained in a 
cabinet approximately i cubic foot in volume, 
which may be located at some distance from 
the desk set. The tests which have been made 
on this set show that it provides transmission 
substantially equivalent to that provided by the 
ordinary telephone set and therefore is mot lim 
ited as to circuit length. The talking and lis 
tening distances are such that convenience of 
conversation and freedom of motion are pro 
vided, and satisfactory operation is maintained 
over the range of noise levels that are likely to 
be encountered in private offices. 
A later model of the telephone set which has 

been constructed and tested differs from that 
which has been illustrated and described mainly 
in the addition of a control circuit expander and 
the use of negative feedback on the control an 
plifier, in the transmitting switching control ST, 
as disclosed in the copending application of H. W. 
Augustadt, Serial No. 351,869, filed August 8, 
1940. The use of the shunt feedback on the 
control circuit amplifier decreases the attack 
time of the transmitting switching relays Sone 
what and the use of the expander provides a 
better signal-to-noise ratio in cases where room 
noise level is high and reduces the range of 
input signal levels over which the hang-over 
time varies with input level, these additions im 
proving the operation of the set to Some extent. 
Another feature which may be incorporated 

in the telephone set of the invention is the use 
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'of negative feedback in connection with the voice 
amplifier in the transmitting voice path or in 
the receiving voice path or both, to stabilize its 
Voltage output. So as to provide in addition to 
improverilent from the standpoint of reducing 
distortion in the transmitted voice signals, the 
prevention of variation in the input of the asso 
ciated Voice operated Switching circuit with vari 
ation in the impedance of the load circuit con 
nected to the voice path with removal of loss 
from that path by the switching circuit, thereby 
decreasing the charge of false operation or sing 
ing, as disclosed in the copending patent appli 
cation of H. W. Augustadt, Serial No. 285,042, 
filed July 18, 1939, which issued as Patent 
2,214,804 on Sept. 17, 1940. 
Although the telephone set of the invention 

WaS plinarily devised for use on the telephone 
Subscriber's premises as a desk set, it is appar 
ent that it is applicable as well for use in tele 
phone pay stations in which case the micro 
phone, loudspeakers and control means arranged 
as described above, would be disposed in a tele 
phone booth in a suitable manner and the am 
plifier and auxiliary equipment mounted inside 
or outside the booth and connected to a tele 
phone line. Pieferably, Suitable means Would be 
provided for controlling the acoustic conditions 
inside the booth, and the Set Would be combined 
with a coin collector or any other standard equip- 3 
ment required, to provide the telephone service, 
in any suitable manner. 
The devices described herein may also be used 

in connection with other types of instruments 
and circuits in which a means is required for 
the Suppression of Side-tone or singing. For ex 
ample, they are suitable for use in universal 
telephone line service, announcing, intercom 
munication or other direct wire service, or in 
radio telephone service. They may be used with 
any type of two-way transmission medium, Such 
as two and four-wire telephone circuits. Other 
modifications of the circuits illustrated and de 
Scribed which are within the Spirit and Scope Of 
the invention will occur to persons skilled in 25 
the art. 
What is claimed is: 
1. A station for a two-way telephone System 

including a plurality of stations connected by 
a wave transimission medium, comprising tWO 
circuit branches each including an electr 
acoustic transducer operating respectively as a, 
telephone transmitter and a telephone receiver, 
connected to Said medium, voice-operated con 
trol circuitS respectively controlled from a dif 
ferent one of said branch circuits for controlling 
the transmission efficiency of said branch circuits 
in such manner as to provide directional Control 
of voice signal transmission at the station, and 
means to minimize. voice signal quality in pair 
ment due to the changes in transmission efii 
ciency of said branch circuits in providing the 
directional control comprising means to make 
the transmission efficiency changes relatively 
Smalle over the frequency range of maximum 
speech energy than over the remainder of the 
speech frequency range. 

2. The station of claim 1, in which the last 
mentioned means provides the recited result 
without impeding transmission over the circuit 
branch transmitting signals. 

3. The station of claim 1, in which Said Voice 
operated control circuits provide ühe desired di 
rectional control by switching out a normal anti 
singing loss, in the branch circuit transmitting s 

signals and disabling the other branch circuit, 
and the last-mentioned means comprises means 
for making the loss-frequency characteristics of 
the anti-Singing loss switched such that it nor 
mally proVides an insertion loss which is rela 
tively less over the frequency range of maximum 
Speech energy than over the rest of the speech 
frequency range. 
4. A tWO-Way communication System compris 

ing a plurality of stations connected by a two 
Way trainSmission medium, at least one of Said 
Stations, comprising two circuit branches each 
terminated in an electroacoustic transducer re 
Spectively operating as a signal transmitter and 
a receiver, and connected to said medium, and 
leans to reduce the amount of disturbing energy 

transmitted between the two transducers over 
Said circuit branches comprising a common cou 
piing means between said circuit branches and 
Said medium providing a high loss betWeen the 
branches over the frequency range of maximum 
energy in the communication signals. 

5. The System of claim 4, in Which said con 
in on coupling means comprising a hybrid trans 
former, an associated line balancing network 
and automatically variable resistance elements 
providing in combination the required high loSS 
oetween Said branches over the frequency range 
of maximum signal energy. 

6. The System of claim 4, in which said con 
In on coupling means comprises a hybrid trans 
former coupling said branches to each other and 
to said transmission medium, an associated line 
halancing network and an automatic line-length 
equalizing device of such relative characteristics 
as to provide betWeen said circuit branches the 
desired high loss over said frequency range of 
maximum energy in the Communication signals, 
enabling a relatively smaller change to be made 
in the transmission efficiency of a circuit branch 
over that frequency range where an increase in 
efficiency of that branch is required in signal 
transnisSion. 

7. The station of clain i, in which said trans 
inission medium is a tWO-Way transmission line 
and said tWO circuit branches are coupled in 
common to said line. 

8. The station of claim 1, in Which Said two 
way transmission medium comprises two oppo 
sitely-directed transmission circuits, the trans 
mitting circuit branch being connected to the 
One of the latter circuits t?'arsmitting in the 
Sane direction, and the receiving circuit branch 
being connected to the one of the latter circuits 
tan Smitting in the Opposite direction. 

9. The station of Clain , in Which Said voice 
signal quality impairment is further minimized 
by auxiliary means for simultaneously reducing 
the magnitude of a change in transmission effi 
ciency of one or both circuit branches in the fre 
quency range of maximum Speech energy pro 
duced by Operation of a Voice-operated control 
circuit. 

10. A Station for a tWO-Way telephone trans 
IniSSion System including a plurality of stations 
connected by a Wave transmission medium, com 
prising a transmitting circuit branch including 
a. telephone transmitter, and a receiving circuit 
branch including a 1'eceiver, connected to said 
Inedium, Voice Operated control circuits for con 
trolling the transmission efficiencies of the two 
Circuit branches to provide directional control of 
Signal transmission therein and auxiliary means 
to provide Optimum relative efficiency of said cir 
cuit branches to improve the quality of speech 
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signal transmission over the system comprising 
a common control for effecting a desired mag 
initude of change in the transmitting efficiencies 
Of One or both circuit branches with change of 
the efficiencies of said voice-operated control 
circuits. 

11. A telephone set comprising a voice trans 
mitting amplifying branch including a distant 
talking telephone transmitter, a voice receiving 
amplifying branch including a loud-speaking 
telephone receiver, a two-way terminating cir 
cuit adapted for connection to a selected tele 
phone line, common means for electrically cou 
pling said transmitting branch and said receiv 
ing branch in transmission relation with said 
terminating circuit, means providing a normal 
loSS in each of said voice branches sufficient to 
prevent singing in said set in the absence of voice 
signal transmission over either branch, a voice 
Operated Switching device connected to each 
Voice branch, responsive to voice signal transmis 
Sion in the connected branch, when it is opera 
tive, to Switch loss out of that branch to provide 
the desired transmission gain, and to disable the 
other voice branch and the switching device con 
nected thereto in order to directionally control 
Signal transmission, suppress echoes and prevent 
Singing and false switching, and means to im 
prove the operation of said set comprising means 
to make the frequency-loss characteristics of the 
losses SWitched, and of the acoustic and elec 
trical couplings between said transmitting voice 
branch and said receiving voice branch such as 
to reduce to a low Value positive potential feed 
back at the frequencies of maximum speech 
energy in the electroacoustic singing loop formed 
by Said Voice transmitting and voice receiving 
branches and the couplings therebetween, with 
out affecting the frequency characteristics of the 
separate voice branches. 

12. A telephone set comprising a voice trans 
Initting branch including a distant-talking 
telephone transmitter and a one-way amplifier, a 
Voice receiving branch including a loud-speaking 
telephone receiver and a one-way amplifier, a 
tWO-Way terminating circuit adapted for connec 
tion to a selected telephone line, common means 
electrically coupling said voice transmitting 
branch and said voice receiving branch to said 
terminating circuit, loss networks respectively 
Connected in said voice transmitting branch and 
said Voice receiving branch, which, in the absence 
of voice transmission over either branch, provide 
equal losses therein sufficient to prevent singing 
around the electroacoustic loop formed by the 
tWO Voice branches, voice-operated switching cir 
Cuits respectively connected to said voice trans 
mitting and said voice receiving branch, respon 
sive to WOice Signal transmission in the connected 
Voice branch, when it is operative, to Switch out 
the loss network in that branch to provide the 
desired transmission gain, and to disable the 
other Voice branch and the SWitching circuit 
Connected thereto to control the direction of 
transmission and to prevent singing and false 
switching, and means to improve the operation 
of the set from the stand-point of transmission 
quality and singing prevention, comprising 
means to make the acoustic coupling and said 
electrical coupling between the voice transmit 
ting and receiving branches respectively provide 
a large transmission loss in the frequency range 
of maximum speech energy, and neans to ad 
just the loss in said frequency range of Said loSS 
netWOrks to the minimum values which Will pro 
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Wide adequate singing margin. With quality dis 
tortion within a tolerable value. 

13. The telephone set of claim 1, in Which 
the desired characteristics are attained by em 
ploying in each voice branch a network with a 
shaped frequency-loss characteristic providing 
an insertion loss over the frequency range of 
maximum speech energy low with respect to the 
rest of the voice frequency range, and variable 
in magnitude by means of a resistance change, 
the loss network in each voice branch being ef 
fectively removed by operation of the voice-op 
erated SWitching device connected to that voice 
branch, the maximum amount of loss provided 
by each loss network at low frequencies being in 
the order of ten decibels or less, and the resist 
ance of each loss netWork being adjusted to the 
value which will provide adequate singing margin 
With a tolerable amount of quality distortion, 
and by employing in said electrical coupling a 
hybrid transformer With an aiSSociated line bal 
ancing network and a loop equalizer in Said ter 
minating circuit, providing in combination a 
relatively high magnitude and limited variation 
of return loss through said hybrid transformer 
between said voice transmitting and receiving 
branches over the frequency range of maximum 
Speech energy for any telephone line on which 
the set may be required to work. 

14. The telephone set of claim 12 in which Said 
loss networks provide a Smaller loss and said 
acoustic and electrical couplings a larger loss in 
the frequency range of 100 to 1000 cycles than 
they do to frequencies outside that range. 

15. The system of claim 12 in which said con 
mon electrical coupling comprises a balanced 
bridge consisting of a hybrid coil and associated 
balancing network, said terminating circuit in 
cludes an equalizer of Series elements having a 
non-linear current-resistance characteristic, the 
frequency-loSS characteristics of said balancing 
network being selected to balance the average 
telephone line connected to said terminating cir 
cuit, and the Varying resistance of said series 
elements with direct current from the line being 
Such as to adjust the balance of said bridge, so 
as to adjust the balance of said bridge, so as 
to insure a high magnitude and limited varia 
tion of return loss through said hybrid coil be 
tween said voice transmitting and voice receiving 
branches over said frequency range of maximum 
Speech energy for any one of a range of tele 
phone lines to which the set may be connected. 

16. The telephone set of claim 12 in which the 
Voice-Operated Switching circuit connected to the 
Voice transmitting branch includes a portion re 
Sponsive to the applied voice energy to reduce 
the sensitivity of the voice-operated switching 
circuit connected to the receiving voice branch, 
in proportion to the increase in amplitude level 
of Said applied Voice energy, so as to prevent false 
operation of the latter switching circuit by signal 
echoes of a level higher than the lowest signal 
levels at which that switching circuit is designed 
to operate, while Said voice transmitting branch 
is transmitting signals. 

17. In combination with a two-way telephone 
System including oppositely-directed, one-way 
Voice transmission paths and voice-operated 
SWitching circuits each including an amplifier 
preceded by a rectifier connected to each one 
Way path, operatively responsive to applied tele 
phone signals to increase the transmission effi 
ciency of that path and to disable the other voice 
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path and the connected Switching circuit, an 
auxiliary control circuit operating to reduce the 
sensitivity of the amplifier in at least one Switch 
ing circuit as a function of the signal amplitude 
level produced by a talker at the input of the 
other switching circuit, in order to prevent false 
operation of said one switching circuit by Speech 
energy transmitted between said paths. 

18. The telephone set of claim 11 in which Said 
voice receiving branch includes volume control 
means comprising two or more variable attenu 
ato's so located and controlled as to produce a 
desired attenuation range of received Speech Sig 
nals, but a Smaller attenuation range of Sensi 
tivity of the switching device connected to said 
voice receiving branch, providing improved per 
formance of the set for higher level received 
signals. 

19. In combination in a two-Way telephone SyS 
tem, two oppositely directed one-way signal 
transmission paths, a voice-operated switching 
device connected to each path, responsive to Voice 
signal transmission therein, in the absence of 
prior voice signal transmission in the other path, 
to increase the transmitting efficiency of the first 
path and to disable said other path, so as to di 
rectionally control signal transmission in said 
System while suppressing echoes and preventing 
singing, volume control means including tWO Or 
more variable attenuators in at least one of Said 
signal transmission paths, so located and con 
trolled as to produce a desired attenuation range 
of transmitted speech signals in that path and a 
Smaller attenuation range of sensitivity of the 
connected voice-operated device. 

20. A telephone set in accordance With claim 
12, in combination with manual means operated 
by the local subscriber for varying the attenua 
tion in the voice receiving branch to control the 
acoustic volume level produced at the loud 
speaking receiver, and for producing simultane 
ously an equal change in the resistance values 
of the two loSS networks in the voice transmit 
ting and receiving branches which is the inverse 
of the change in attenuation produced in the 
Voice receiving branch. 

21. A telephone set in accordance With claim 
12 in combination with a two-part multi-step 
volume control attenuator in the receiving voice 
branch one part on each side of the receiving 
Switching circuit input, and an interlocking key 
manual Switch controlled by the local telephone 
Subscriber for simultaneously controlling the ad 
justment of said attenuator so as to produce a 
desired attenuation range of received signal vol 
ume and a smaller attenuation range of receiv 
ing SWitching circuit Sensitivity and the adjust 
ment of the resistance of said loss networks to 
produce an equal change of their insertion loss 
Which over the frequency range of maximum 
speech energy is the inverse of the change in the 
receiving loSS produced by the adjustment of said 
Volume control atten Lator. 

22. The telephone set of claim 12 in combina 
tion with an interlocking key switch controlled 
by the local operator, for controlling the energi 
zation of said set, connecting it to the selected 
telephone line, and controlling the received vol 
ume level, the sensitivity of the receiving voice 
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operated switching circuit and the loss value of 
the loss networks in the voice transmitting and 
receiving branches. 

23. The combination of claim 17, in which said 
auxiliary control circuit comprises means reSpon 
sive to said talker's signal waves at the input of 
said other switching circuit to apply a direct cur 
rent bias varying in accordance with the level of 
said waves to the amplifier in said one switching 
circuit poled to oppose the varying direct current 
bias produced thereon by transmission applied to 
the input of said one switching circuit, and of 
such magnitude as to prevent operation of Said 
one switching circuit in response to echoes of 
said talker's signal waves of higher level than the 
minimum level at which said one switching cir 
cuit is supposed to operate. 

24. The combination of claim 17, in which Said 
auxiliary control circuit compriseS means reSpon 
sive to said talker's signal waves at the input of 
said other switching circuit to apply a direct cur 
rent bias varying in accordance with the level of 
said waves to the amplifier in said one Switching 
circuit poled to oppose the varying direct current 
bias produced thereon by transmission applied to 
the input of said one switching circuit, and of 
such magnitude as to prevent operation of said 
one switching circuit in response to echoes of 
said talker's signal waves of higher level than the 
minimum level at which said one switching cir 
cuit is supposed to operate, the circuit elements 
in said auxiliary control means having Such chair 
acteristics with respect to those of the circuit elle 
ments in said one switching circuit as to give Said 

S auxiliary control means a faster attack time and 
a smaller holdover time than said one Switching 
circuit. 

25. The combination of claim 17, in which each 
of said switching circuits includes a rectifier fol 
lowed by an electron discharge amplifying device 
having a control grid circuit including a hang 
over network, and a switching relay controlled by 
the output current of said device, Said device 
having a normal fixed direct current bias suffi 
cient to prevent operation of said switching relay 
in response to normal circuit noise applied to 
said network but permitting operation of said: 
relay from the output of the preceding amplify 
ing device in response to waves of greater level 
applied to said one switching circuit, and said 
auxiliary control circuit comprises a half-wave 
rectifier supplied with waves applied to the in 
put of said other switching circuit, and a second 
hang-over network in the output thereof and 
connected in series with the first hang-over net 
work in the control grid circuit of the electron 
discharge device in said one switching circuit, 
the values of the circuit elements and the poling 
of said half-Wave rectifier in Said auxiliary con 
trol circuit being selected so that the direct cur 
rent biasing voltage varying in accordance with 
the waves in the input of said other switching 
circuit, applied by said second hang-over network 
opposes that applied by said first hang-over net 
work, and is of sufficient magnitude to prevent 
operation of said switching relay in said one 
Switching circuit in response to the talker’s sig 
nal echoes reaching the associated voice trans 
mission path. 

RICHARD J. IILMAN. 


