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

Application March 18, 1943, Serial No. 479,571 
11. Claims. (C. 179-1.5) 

1. 
The present invention relates to speech trans 

mission, especially where privacy is desired. 
An object of the invention is to analyze and 

reconstruct Speech Waves in a form Suitable for 
transmission to secure privacy or other special 
effects. 
A feature of the invention comprises a novel 

treatment of the vowel or voiced sounds for pur 
poses of transmission. 
In accordance With the invention the Voiced 

Sounds are analyzed into their fundamental and 
harmonic frequency components and the relative 
amplitudes of these components are changed in 
a manner that can be reversed at a receiving 
point, the change made in the waves prior to 
transmission being of such character as to render 
the transmitted waves unintelligible. 
Analysis of the vowel or voiced sounds shows 

that they consist of a fundamental which is 
varying in amplitude and frequency from mo 
ment to moment and a large number of over 
tones in harmonic relationship to the funda 
mental. The different voiced sounds are char 
acterized by different relationships between the 
amplitudes of the various harmonics. This rela 
tionship is not constant, however, with time for 
a particular voiced Sound, but is continuously 
changing during the existence of the sound, par 
ticularly during the building up and dying down 
portions of the Sound. 
The basis of the privacy method of the inven 

tion is a radical and variable alteration of the 
relative amplitudes of the various components 
throughout the speech frequency range. In some 
respects, the method can be regarded as equiva 
lent to the insertion of a frequency distortion 
network, the response characteristics of which 
are, however, not constant with time but are 
made to vary radically from moment to moment 
during the progress of each speech sound. 
The nature and objects of the invention will be 

more fully understood from the following de 
tailed description read, in connection with the 
accompanying drawings in Which: 

Figs. 1 and 2 are graphs to be referred to in 
the description; 

Fig. 3 is a block schematic diagram of a com 
plete one-way telephone system showing how the 
invention may be applied in practice; and 

Figs. 4 and 5 are schematic circuit diagrams of 
transforming or distorting circuits which may be 
used at points shown in block diagram in Fig. 3. 
The general method employed in accordance 

with the invention will be outlined with special 
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that during the production of a voiced sound 
attention is focussed on a short interval of the 
Sound comprising one complete period of the 
fundamental frequency. Analysis of the sound 
during this short period would show that in addi 
tion to the fundamental there are harmonic 
components Scattered over the frequency range. 
In Fig. 1 the curve I may be taken as repre 
senting the envelope of the frequency distribu 
tion of the amplitudes of the fundamental and 
its harmonics during the particular one cycle 
period of the fundamental. During this period 
the sound is analyzed in accordance with the in 
vention and reformed with altered relations, such 
as shown by the envelope curve II, between the 
Various harmonicS and fundamental. If the 
Sound during the succeeding intervals is also 
analyzed it will be found that the fundamental 
may have changed. Somewhat in frequency and 
that the envelope of the amplitudes of funda 
mental and harmonics are changed from that of 
the preceeding period represented by curve I. 
The Sound in these intervals is also analyzed and 
reformed, in accordance With the invention. This 
process of analyzing and reforming the sound 
with altered relations between the components is 
not confined to any one or a few of the short 
time intervals but is carried out as a continuous 
process from the beginning of each speech sound 
to its end. As a consequence the radical and con 
Stantly varying distortion resulting from chang 
ing envelopes typified by curve I to envelopes 
typified by curve II prevents the speech sound 
from being recognized until it has been properly 
operated upon to restore it to the Original Con 
dition. 
The operation illustrated by these two curves 

may be stated as follows: If at any particular 
instant a particular component of the signal ex 
ceeds the fundamental in amplitude by a db the 
amplitude of this component in the coded speech 
is to be a db lower than that of the funda 
mental. 

Practically, it probably Would not be advisable 
to carry out the operation in exactly this manner 
since the average Speech. Spectrum has a pro 
nounced frequency characteristic of the type 
shown by curve III of Fig. 2. While the relation 
between any component and the fundamental 
may at any particular instant depart consider 
ably from the relation shown in this figure, yet 
at the higher frequencies the amplitudes Will for 
the most part be considerably lower than that of 
the fundamental. Following the above rule, these 

reference to Figs. 1 and 2. Let it be supposed 55 high frequencies would, therefore, nearly always 
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have to be transmitted at levels very much higher 
than that of the other components. For this 
reason, it will be desirable to carry out the opera 
tion according to the following rule: If at any 
particular instant the amplitude of a particular 
component of the signal exceeds the funda 
mental by ac db more than the average difference 
in levels between the speech in these two fre 
quency regions, the component in the coded 
speech is to be lowered by 2a: db. 

Referring to Fig. 3, means are shown for car 
rying out the operation in accordance with the 
last Stated rule. Speech Spoken into the micro 
phone is applied in part to the low-pass filter 2 
which has a sufficiently low-cut-off to isolate the 
fundamental component. This is applied to the 
harmonic generator 3, followed by amplifier 4, 
for causing the generation of a series of har 
nonics covering the speech range. These are 
passed through equalizer 5 and applied to an 
analyzer consisting of filters 6, 7, 8, etc., filter 6 
being for the fundamental and filters 7, 8, etc., 
for selecting one or more of the individual har 
monic components. There are as many filters 
7, 8, , etc., as are required to select all of the 
harmonic components that it is desired to trans 
mit. The fundamental component passed 
through the filter S is amplified at 9 and sent 
to line is for transmission. The other compo 
nents passed by the analyzer filters 7, 8, etc., are 
individually amplified at f i, f2, etc., by variable 
gain amplifiers, the gains of Which are individ 
ually controlled in a manner to be described. 
The speech Waves from microphone are also 

'pplied to an amplifier 4, equalizer 5 and an 
analyzer consisting of filters 6, 7, 8, etc. Filter 
6 Selects the fundamental component which is 

amplified at 2 and impressed upon each of the 
subtractors 2, 22, etc. The various harmonic 
components are individually selected by the filters 
f7, i8, etc., and also impressed upon the sub 
tractors 2, 22, etc. 
The subtractors, to be described in detail pres 

ently, serve to compare the instantaneous ampli 
tude of individual harmonic components against 
the instantaneous amplitude of the speech fun 
damental and to produce a difference Voltage in 
the leads 23, 24, etc., for purposes of controlling 
the gains of the amplifiers f 1, 2, etc. For exam 
ple, if the harmonic component selected by filter 

7 is at one instant of higher amplitude than the 
fundamental the subtractor 2 will produce a 
voltage in lead 23 such as to reduce the gain of 
amplifier (Or insert a loSS) to Cause the corre 
sponding harmonic component paSSed by filter 
to be sent to line 0 with a reduced amplitude in 
accordance With the foregoing stated rules. Con 
versely, if the harmonic component passed 
through filter 8 is of lower amplitude than the 
fundamental at the same instant, the subtractor 
22 produces a voltage in lead 24 of the right Value 
to adjust the gain of amplifier 2 to increase the 
amplitude of the harmonic component sent from 
filter 8 to line 0. - 

If the operation is to be in accordance With 
the second rule above stated, the equalizer 5 has 
a characteristic of such shape as to make the 
frequency amplitude distribution in its output 
correspond with curve ITI of Fig. 2. The equalizer 
characteristic is determined by the difference be 
tween the spectrum of the output of harmonic 
generator 3 and curve III of Fig. 2. The equalizer 
5 has a loss characteristic like that of curve 

III so that currents of both low and high fre 
quencies are transmitted With less loss than Waves 
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4. 
in the middle part of the speech range. In other 
words, if waves having a frequency amplitude 
distribution in accordance With curve III Were 
applied to the equalizer f S the spectrum of the 
output Waves Would be flat. 

In the operation of the transmitting circuits of 
Fig. 3, then, there are produced in the apparatus 
2, 3, 4, 5 fundamental and harmonic frequency 
components having a distribution over the speech 
range in accordance With curve III. This would 
be the shape of the spectrum transmitted into 
the line fe if there were no control voltages im 
pressed on leads 23, 24, etc. The Speech Wave 
after distortion, in the manner described, by 
equalizer 5 is analyzed by the filters 6, 7, 8, 
etc., and if any given component has an ampli 
tude a db greater or Smaller than the funda 
mental component the corresponding subtractor 
2A, 22, etc., applies such a voltage to the corre 
sponding amplifier if, f2, etc., as to decrease or 
increase, respectively, the component selected by 
the corresponding analyzer filter 7, 8, etc., by an 
annount 2acdb. 
The receiving end of the system shown at the 

right of Fig. 3 may be identical With the trans 
mitting end except for the Omission of certain 
elements including the elements 2, 3, 4, 5, and 
5. The corresponding elements in the receiving 

side are designated by the same reference char 
acters as those in the transmitting side but 
prinned. It is thought that the construction of 
the receiving circuits will be sufficiently under 
stood by describing their operation. - 
- he received distorted waves are passed in par 
allel through the amplifiers 25 and 4. The 
Waves in the output of amplifier 25 are applied 
to the analyzer circuit to select and amplify the 
fundamental component at 6' and 9 and to select 
the various harmonic components at 7", 8", etc., 
and apply them to individual amplifiers 2', 2', 
etc. The outputs of amplifiers , 8, 9', etc., are 
applied to the receiving circuit shown as termi 
nating in a telephone receiver or loud-speaker 30. 
Amplifier 9’ is a constant gain amplifier, while 
the amplifiers ', 2', etc., are variable gain am 
plifiers (or may be variable OSS circuits). 
The Waves in the Oltput of anplifier 4' are 

applied to the analyzer Consisting of a filter 6' 
for the fundamental component and filters f', 
8', etc., for Selecting the various harmonic con 

ponents. As in the case of Fig. 1, these com 
ponents are compared in the Subtractors 2, 22, 
etc., against the fundamental and difference volt 
ages are set up in the leads 23, 2', etc., for ad 
justing the gains of the amplifiers '', 2', etc. 
ihe polarities of these Voltages or the Sense of 
the change made in the gains of the amplifiers 
A ', 2', etc., are the reverse of those employed 
at the transmitter so as to restore the Waves to 
recognizable form in the receiver 38. For exam 
ple, if a harmonic component in subtractor 2 is 
a db greater in amplitude than the fundamental 
at a particular instant, the gain of amplifier 
is so changed as to reduce by 2acdb the amplitude 
of the corresponding harmonic component ap 
plied to the receiver 30 and Vice versa. In this 
way each individual distorted sound component 
such as might be represented at a given instant by 
the ordinates designed by curve II, Fig. 1, is re 
Stored to approximately its original assumed form 
shown by curve I. 
The apparatus described thus far in Fig. 3 suf 

fices only for the transmission of the voiced 
sounds, these being the sounds which are made 
up of the vocal cord frequency as a fundamental 
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and harmonics thereof. Experience shows that 
a considerable degree of intelligibility is carried 
by the voiced Sounds alone since the ear apparent 
ly supplies the missing consonants to some extent 
from the Somewhat different effect which each 
particular consonant has in modifying the char 
acter of the voiced sounds. With Which they are 
asSociated. For. Some purposes, therefore, the 
apparatus thus far described in Fig. 3 may suffice. 
However, if it is desired to increase the intelligi 
bility. Somewhat a narrow band of frequencies in 
the consonant range raay be supplied directly 
to the line 0 from the transmitter through 
band-pass filter 3 f by closure of switch 32, cor 
responding elements 3 and 32' being provided 
at the receiver. Use of the filters 3 ?, 3 f to trans 
mit such a band would reduce the degree of 
Secrecy if the band were directly transmitted 
through switches 32, 32. As an alternative, 
therefore, a suitable privacy device 33 can be in 
Serted by closing switch 34, with switch 32 open, 
of course. Similar parts 33' and 34’ are shown 
at the receiver. The privacy device 33 may be of 
any suitable or known type for masking or dis 
guising the intelligibility of the transmitted band 
Such as a frequency inverter or other scrambler. 
An example of such a device, by way of illustra 
tion, is found in U. S. patent to B. W. Kendall, 
No. 1,571,010, dated January 26, 1926. 

Referring to Fig. 4, one type of subtractor and 
gain or loSS control applicable to the System as 
shown in Fig. 3 is illustrated in detail. In this 
case variable loss devices are used instead of the 
Variable gain amplifiers. , 2 of Fig. 3. These 
loss devices comprise varistor bridges 43, 44, etc., 
connected individually in the output circuits from 
the analyzer filters 7, 8, etc. The filter 6 leads 
through constant gain amplifier 9 to the outgoing 
line 0 as before. The analyzer filters 7, 8, etc., 
are connected to the outgoing line through in 
dividual loss devices 43, 44, etc., and fixed gain 
amplifiers 52, 53, etc. 
The subtractor 2 shown in detail in Fig. 4 is 

in two parts, 2 fa and 2b. Part 2 a comprises a 
transformer 54 with a center tapped secondary 
and a pair of similar varistors 48, 49 connected 
aCrOSS the Winding with a mid-branch compris 
ing a resistor 45 shunted by resistor 46 and varis 
tor 47 in series. The various varistors may be, 
for example, copper oxide. 
The part 2b may be entirely similar to the 

part 2 a. The circuit 23 shown in this case as 
a two-conductor circuit leads from conjugate 
points on varistor bridge 63 through a biasing 
battery 52, resistor 5 and through an adjustable - 
portion of resistance 50 in subtractor 2 b and of 
resistance 45 in subtractor 2d. 
With this circuit configuration and with proper 

adjustment of the biasing battery 52 and the 
various resistors and varistors, the current 
through resistor 45 may be made to vary in ac 
Cordance With the logarithm of the alternating 
current voltage across the primary winding of 
the repeating coil 54 and the current through 
resistance 50 similarly may be made to vary in 
accordance with the logarithm of the alternating 
current Voltage occurring in the output of filter 
7. The resistances 45 and 59 are connected in 

the circuit 23 in opposition so that if the two 
impressed voltages corresponding to the funda 
mental and harmonic components are equal no 
Current flows in circuit 23 and no change is made 
in the loss of the device 43. If, however, the cur 
rent in resistance 50 exceeds the current in resist 
ance 45 the transmission loss introduced by the 
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6 
varistor device 43 in the connecting filter 7 and 
amplifier 52 is increased, while if the current in 
resistor 50 is less than the current in resistor 45, 
the loSS variation is in the opposite direction. 
In order to compare the amplitude of the fun 

damental with the amplitude of the next har 
monic component, namely that selected by filter 
8, the fundamental is applied to a further sub 
tractor 22 comprising circuits 22a and 22b operat 
ing in the same manner as circuits 2a and 2b. 
Varistor OSS device 44 connected between filter 
8 and amplifier 53 has its loss controlled over 
circuit 24 which is connected to subtractor 22 in 
similar manner to the case of circuit 23 and Sub 
tractor 2. 

Fig. 5 illustrates in detail a subtractor circuit 
arranged to control the gain of amplifier in 
accordance with the block schematic of Fig. 3. 
In this case the two parts of the subtractor 2 
are shown as comprising circuits 2 a. and 2b 
as in Fig. 4, while the circuit 23 has its terminals 
connected between the cathode and control grid 
of amplifier f. Bias control battery and poten 
tioneter 56 are for the purpose of setting the 
initial or normal bias to the proper value to pro 
vide a normal reference gain. This gain is either 
unchanged, increased or decreased according as 
the harmonic component passed through filter 7 
has the same amplitude as the fundamental or a 
Smaller or larger amplitude respectively. That is, 
Current through resistor 45 varies as the loga 
rithm of the impressed fundamental voltage and 
decreases the negative grid bias, while the current 
through resistor 59 varies as the logarithm of the 
impressed harmonic voltage and increases the 
negative grid bias. Input and output terminals 
60 and 6 are provided for the amplifier for 
Connecting it between filter 7 and line 0. Sim 
ilar subtractors and amplifiers would, of course, 
be provided for the other harmonic channels of 
the transmitting circuit. The amplifier tube if 
may advantageously be a variable mu tube in 
Order to provide a sufficiently wide range of gain 
Variation. 
The invention is not limited to the specific 

circuit arrangements that have been disclosed 
nor to stated values or other details and the dis 
closure is to be taken as illustrative rather than 
limiting. The scope of the invention is defined 
in the claims, which follow. 
What is claimed is: 
1. The method of transmission of the voiced 

SOUnds of Speech comprising comparing the am 
plitude of the voice fundamental with the am 
plitude of each of a series of harmonics of the 
Voice fundamental to derive a series of differ 
ential values, generating a series of harmonics 
of the Voice fundamental, controlling the re 
ative amplitude of each latter harmonic fre 
quency Wave With respect to the strength of 
the voice fundamental in accordance with a re 
spective differential value derived from compari 
Son of the corresponding voice harmonic and 
Voice fundamental and transmitting said gener 
ated and controlled harmonics and voice fun 
damental. 

2. In speech transmission, means to analyze 
Speech sounds into their fundamental and har 
monic frequency components, means to compare 
the amplitude of each harmonic frequency com 
ponent with the amplitude of the fundamental 
component to determine their relative strengths 
from instant to instant, means to generate a 
series of harmonics of the fundamental frequency 
component, and means to construct a wave for 
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transmission from the speech fundamental com 
ponent and said generated harmonics comprising 
means to determine the strength of each such 
harmonic in accordance with the difference in 
strength between the fundamental and harmonic 
components resulting from such analysis. 

3. The method of constructing a distorted 
speech wave for transmission with privacy com 
prising extracting the vocal cord frequency from 
the speech Wave and generating a series of har 
nonic frequency components thereof having ar 
bitrary amplitudes and individually controlling 
the amplitude of the harmonic frequency com 
ponents in accordance With the relative strengths 
Of the fundamental and harmonic frequency 
components of the speech message wave from in 
stant to instant, but in inverse sense. 

4. In a Speech transmission system, means to 
extract the voice fundamental frequency and to 
generate a series of harmonics based on it - and 
covering a substantial part of the speech trans 
mission range, an analyzer for speech waves for 
deriving the fundamental and harmonic fre 
quency components thereof, means to compare 
the strength of each derived harmonic against 
the derived fundamental component to determine 
their relative differences from moment to 
monent, means to control the strength of the 
respective generated harmonic in accordance 
With the respective determined difference fron 
moment to moment but in inverse sense, and 
means to transmit said generated harmonic Waves 
of controlled strength. 

5. In a Speech transmission System, means to 
extract from Speech Waves the voice fundarinental 
component, means to build up a coded speech 
Wave therefrom comprising means for generating 
a Series of harmonics thereof extending over the 
speech transmission band, means to analyze 
speech into its fundamental and harmonic conn 
ponents continuously, means to determine rel 
ative strengths of harmonic to fundamental Com 
ponents, and means controlled by the last means 
to cause a given harnonic component in the 
coded Wave to exceed by a given amount the 
extracted fundamental component whenever the 
corresponding harmonic component obtained by 
analyzing the Speech Wave has a definite lower 
amplitude than the fundamental component de 
rived by analysis of the speech wave and to be 
less than Such extracted fundamental by a given 
amount Whenever the corresponding harmonic 
component obtained by analysis of the Speech 
Wave exceeds the fundamental component of the 
analyzed Speech wave by a definite amount. 

6. A system in accordance with claim 5, in 
which said controlled means causes each har 
nonic in the coded Wave to be less or greater 
in amplitude than the fundamental component 
of the coded Wave by a db whenever the respec 
tive harmonic components of the analyzed Wave 
are greater or less in amplitude, respectively, than 
the fundainental component of the analyzed Wave 
by a db. 

7. In a speech privacy system, means at a 
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transmitting point to derive from input speech 
waves the vocal cord frequency and to trans 
mit a wave varying in frequency and amplitude 
in accordance thereWith, means to analyze the 
input speech waves to determine how the in 
Stantaneous amplitudes vary With reference to 
the voice fundamental, means to transmit with 
the transmitted Wave of Vocal cord frequency a 
Succession of harmonics thereof, means to distort 
the transmitted harmonics under control of said 
analyzing means to render transmission private, 
means at a receiving point to receive the trans 
mitted Wave of Vocal cord frequency and har 
monics thereof, means to analyze the received 
Wave, and means controlled by said latter an 
alyzing means to introduce a counter distortion 
into the received harmonics to render the re 
Sultant Waves understandable. 

8. In speech privacy transmission, means at 
a transmitting point to extract from input speech 
Waves the vocal cord Wave component and to 
transmit the same to a distant receiving point, 
means to use the frequency and amplitude varia 
tions of Said component from instant to instant 
as a reference Wave from Which to Construct a 
distorted speech wave for transmission and from 
Which to reconstruct an intelligible speech wave 
at the receiving point, said last means comprising 
in part an analyzer at each point and harmonic 
control means controlled by the respective an 
alyzers. 

9. In speech transmission, means to extrac 
the vocal cord frequency from speech message 
Waves and transmit the same, neans to distort 

5 the harmonic components of the speech wave 
before transmission comprising means for con 
tinuously changing their amplitudes by definite 
amounts relative to the Vocal cord component to 
make the transmission private, and means at a 
receiving point to restore the Waves to recog 
nizable form comprising means to effect opposite 
changes in the harmonic amplitudes relative to 
the Vocal cord component. 

10. In a speech transmission System, means to 
derive fron the Speech message waves com 
ponents representative of the voiced sounds, a 
privacy channel for transmitting indications of 
Said components in disguised form, means to 
derive from the Speech neSSage waves other com 
ponents representative of unvoiced sounds and 
a privacy channel for transmitting indications of 
said latter components in disguised form, said 
two privacy channels operating on the respec 
tive components transmitted through them to dis 
guise the respective components in different 
WayS. 

11. A system according to claim 4 including 
means to select from the speech waves a band of 
high frequency components representative of un 
voiced sounds, privacy means for disguising said 
selectode band of Waves to obscure their intelligi 
bility and means to transmit said Waves so dis 
guised along With said generated harmonic Waves 
of controlled strength. 
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