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27 Claims. 

This invention relates to Wave transmission 
and signaling systems. 
An object of the invention is to reduce the fre 

quency range required for the transmission of 
signals such, for example, as speech signals. 
A further object of the invention is to effect 

such reduction Without necessitating increase in 
the time of transmission. 

It is also an object of the invention to facili 
tate transmission of a message over a transmis 
sion medium not adapted to readily pass the fre 
quency band originally occupied by the message 
as, for example, to facilitate telephoning over 
long submarine cables Where the higher speech 
frequencies cannot readily be transmitted be 
cause of excessive attenuation. 
Another object is to facilitate increasing the 

number of successive channels that a Wave trans-~ 
mission medium such as, for example, a land line 
or radio circuit, can transmit in a given frequency 
range. 

Still another object is to increase the signal 
to-noise ratio obtainable at the receiving end of 
a system Without increasing the sending level, 
as for instance, in long distance radio communi 
cation Where the transmitting power required 
tends to become excessive. 

It is also an object of the invention to promote 
secrecy in transmission of signals, for instance, 
in wire or radio transmission of speech. 
The information transmitted by speech does 

not absolutely require all the frequency space 
allotted to it in the human voice. A speciñc case 
can be Worked out as to how much frequency 
band is required as a minimum, for example, by 
determining and taking account of the number 
of the independent Variables or parameters in 
volved in speech production (i. e. the number of 
the independently movable physical elements of 
the vocal system that are involved in speech pro 
duction) and the rate at which these vary. This 
is done hereinafter, and from the computation 
it is estimated that speech from 250 to 7100 cycles 
can be represented almost perfectly by the in 

“ formation that can be passed in a band having a 
width of the order of 500 cycles, using the same 
time of transmission as the speech itself requires. 
Analyzing the vocal system of a man from the 

broad viewpoint of producing speech sounds, it 
is seen to- be made up of two types of parts, (1) 
fixed and (2) variable. The variable parts are 
considered here to be those that vary in position 
from sound to sound. Examples are the lips and 
teeth opening and closing, the tongue shifting 
forward and backward, the vocal cords varying 

(Cl. 17 9-1.5) 
in tension, and the uvula opening and closing 
the nasal passage. The term “fixed” is here used 
in its broadest sense. It not only includes parts 
that are not moved from sound to sound in 
speech, such as the nasal passages, pharynx and 
much of the larynx, but it also includes any iixity 
of feature. As an example, the fact that the 
vocal cords are always used in the voiced sounds 
is a fixed feature as is also the fact that they 
always vibrate in the same buzzer-like Way as 
regards the presence of a fundamental frequency 
and all of its overtones up to a large number 
greater than 30; the variation of the funda 
mental frequency, or pitch, of the vocal cords is, 
on the other hand, a Variable feature “as stated 
previously. 
The Whole vocal system may be likened to a 

mechanical-acoustical oscillator with certain 
fixed circuits and certain Variable mechanical 
elements. The part of the vocal system corre 
sponding to the fixed circuits of the oscilla 
tor is the same from man to man. It is the 
same from sound to sound in the same man 
with the different elements taking on different 
values to produce the different sounds. To make 
the analogy just referred to more specific, 
consider that the vocal system is, in princi 
ple, like the ordinary electrical oscillator mounted 
in a box as a fixed piece of apparatus, the varia 
bility being obtained by switches for starting the 
oscillator and for choosing the desired induc 
tances, by continuously variable dials for se 
lecting the capacitance, and by step varia 
ble dials for adjusting the resistances controlling 
the output. With such an arrangement other 
features such as feedback may also be controlled. 

Just as the oscillator when oscillating is still 
essentially a fixed piece of apparatus to which 
variable controls of frequency, output and feed 
back, are applied, just so the fixed vocal system  
includes the condition of the vocal cords vi 
brating at an average or other specified steady 
rate, to Which condition the controls for Varying 
or modulating the generated vibrating signal in 
the production of speech can be applied. The ‘ 
importance of including a normal vibration of 
the vocal cords as a fixed feature is due to the 
fact that they vibrate on the average at a funda 
mental frequency of 100 to 150 cycles per second, 
whereas the variable controls specified can 
change only at rates ten or more times smaller 
than this. Strictly, the ñxed features include 
what may be described as a multioscillator source 
of energy rather than a single one, for not only 
are there the periodic oscillations produced at l 



the vocal cords, but there are also non-periodic 
or random oscillations produced by the passage 
of air through restricted openings such as be 
tween the lips and teeth for the “f” sound, be 
tween the tongue and hard palate for the “sh” 
sound, between the vocal cords themselves for 
whispering, etc. 

This differentiation between fixed and vari 
able features also characterizes the type of mod 
ulated speech signal produced. In this case the 
ñxed features correspond to the sustained os 
cillatory sound produced with the various ele 
ments or parts of the vocal system in an aver 
age or normal position. This means an average 
lip opening, an average vocal cord tension, etc. 
The variable features correspond to the chang 
ing or modulating of the sound by varying the 
different elements from their average positions. 
It will be clear, therefore, that the ñxed fea 
tures appearing in a speech signal are oscilla 
tory in nature and the variable features are 
modulatory. 
An analysis of an oscillogram of a speech wave 

shows that there are variations from. maximum 
>swing in one direction to maximum swing in the 
opposite direction in .001 second or less. Yet 
these are oscillatory swings for in the next pe 
_riod about .010 second later the same swing will 
still be found as an almost identical copy. If 
the slight change that occurs from period to pe 
riod is followed up until it becomes great enough 
so that the original wave form is lost, it will be 
found to occur many periods later, oftentimes 
twenty or more, requiring a time of the order of 
.200 second. This latter type of change is the 
modulatory type of change. It is easiest seen 
in a single sound as the building-up of the peak 
amplitudes to a maximum and then a falling-off 
.to zero again. In this case a complete change 
corresponds to a large part or all of a whole syl 
lable and such change is therefore known as a 
syllable or syllabic frequency change. 
From the foregoing it is evident that speech 

has a dual characteristic. On the one hand We 
have fixedparts or elements setting up oscilla 
tory waves containing relatively high frequency 
patterns. On the other hand we have varying 
parts or elements setting up modulatory waves 
of low syllabic` frequency pattern. An ideal fre 
quency range compressing system would be one 
that took advantage of the dual nature of speech 
by setting up at the receiving end all of the fixed 
features and transmitting over the line from the 
sending end only information as to the instan 
taneous positions of the variable parts. In such 
case it would not be necessary to transmit in 
formation as to each fixed feature. 
The frequency range compressing system need 

not be so identical a copy of the vocal system 
however. It is well known that one set of para 
meters can be substituted for another without 
any loss of definition so long as the number of 
independent parameters remain unchanged. Any 
change from the simple ideal mentioned does 
generally lead to a larger number of required 
parameters because the newly selected ones are 
not independent. However, this is not of much 
practical importance, for the great saving of fre 
quency range accomplished by the invention is 
obtained by transmitting only syllabic frequen 
cies corresponding to the variable or modulatory 
controls of the speech signal, without transmit 
ting the high frequency pattern corresponding 
to the ñxed modulatory characteristics. As this 
saving is of the order of 10 to 1, an increase 

of 50 per cent to 100 per cent in the parameters 
required to satisfactorily represent speech, is un 
important. 
As pointed out in detail hereinafter, the num 

ber of independent variables involved in the 
production of speech is small. That is, the num 
ber of movable or variable elements of the vocal 
system that are controlled as parameters to give 
the desired speech production, and are movable 
or variable substantially independently of one 
another by the muscles of the vocal system, is 
small. In other words, the number of variables 
or parameters that can be controlled substan 
tially independently in speech production is 
small, being of the order of ten. Moreover, as 
indicated above and discussed hereinafter, for 
each of the physical elements the minimum time 
in which it can go through a complete cycle of 
change in position is not less than one-tenth of 
a second. Consequently, each independent vari 
able has a fundamental frequency of not over ten 
cycles per second, while engaged in speech pro 
duction. Further, as explained hereinafter, a 
frequency band having a width not more than 
two or three times greater than the product of 
this frequency and the number of the independ 
ently Variable physical elements can sufñce to 
transmit signals containing practically precise 
information as to the instantaneous displace- 
ment values or positions of the independently 
Variable physiological elements. 
Such a band,` therefore, contains the variant 

or unpredictable information in the speech, and 
so constitutes speech defining signals that de 
fine the variable characteristics of the speech. 
As explained before, these defining signals may 
be any signals derived from speech signals pro 
vided the derived signals give as many inde 
pendent Variable quantities or parameters as the 
number of independent variables involved in the 
production of speech. Furthermore, the chosen 
parameters need not be entirely independent 
provided their number be increased sufficiently 
to make up for their lack of independence. For 
example, if the original speech band be divided 
into a sufficient number of sub-bands the chosen 
parameters may be merely the average amounts 
of power in the several sub-bands, as brought 
out in detail hereinafter. 
There exists, then, in the actual production 

of a complex wave by the Vocal system, a simple 
set of slowly varying elements or parameters (the 
independent variable elements referred to above 
of the vocal system) , that determine the variable 
characteristics of the signal which are referred 
to above. And, to transmit information that will 
suffice for defining or reproducing the variable 
characteristics it is unnecessary to transmit the 
fixed characteristics of speech, it being sufñcient 
to transmit information defining the variations 
of any simple set of parameters derived fromI 
the complex speech wave and corresponding to 
the independently variable elements of the vocal 
system as regards number and independence, or 
as regards the number of degrees of freedom of 
variation. 
Like considerations hold in the case of other 

complex signals, such as music, which, as in the 
case of speech, have a sluggish rate of change 
modulating or controlling a rapid rate of change 
of signal strength or, from the point of view of 
frequency, a set of low frequencies modulating 
a set of high frequencies. 
In accordance with one feature of the invention, 

to transmit a complex signal, such as speech, 
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2,098,956 
variant information regarding the variable or un 
predictable characteristics of the signal is trans 
mitted, instead of the complex signal wave. The 
waves transmitted can define the signal precisely, 
as regards its unknown or variable characteristics, 
yet have small frequency range relative to the 
signal wave, and at the same time be as short in 
'duration as the signal. The ¿signal defining 
waves transmitted need not directly contain any 
intelligibility whatsoever. Thus, a high degree 
of secrecy is attainable. 
In accordance with a feature of the invention 

as applied to- the transmission of speech, for 
example, advantage is taken of the fact that much 
of the information ordinarily transmitted is of an 
invariable or predictable character due to the 
general uniformity of the speech producing or 
gans from person to person, by reproducing such 
predictable information artificially at the re 
ceiving end of the transmission system in order 
that it need not be transmitted from the sending 
end. Thus, effective use is made of information 
or foreknowledge of the fixed or invariable char 
acteristics of the signal source, with the result 
that the frequency band width of transmission 
can be reduced. 
In one specific aspect, the invention is a sys 

tem in which a speech signal is analyzed for its 
fundamental frequency, and for the average 
power in properly chosen sub-bands of frequency, 
this information being transmitted and then used 
at the receiving end to fashion waves from a local 
multifrequency source into a simulation of the 
signal.  

To fashion the simulation of the signal from 
the waves supplied from the local source, fre 
quency sub-bands of these locally derived waves 
are selected which are, respectively, coextensive 
with the chosen sub-bands of the speech signal, 
and the average power in each sub-band of the 
locally supplied waves is varied in accordance with 
the power in the corresponding chosen sub-band 
of the signal wave. This variation is effected in 
response to the information transmitted from the 
sending end of the system regarding the average 
power in the chosen sub-bands of the signal wave. 
Two types of frequency spectrum are used al~ 

ternately in speech, (l) a continuous spectrum 
in the case of hissing or unvoiced sound, and (2) 
in the case of voiced sounds a discrete spectrum 
with a variable fundamental and with upper har 
monies to a relatively high frequency always pres 
ent. Hence, the local source provided, preferably 
is such that the waves supplied by it can have 
either type of spectrum. The type is determined 
in response to the information transmitted from 
the sending end of the system with regard to the 
presence or absence of a fundamental frequency 
in the speech wave and the magnitude of any 
such fundamental frequency. In other words, if 
the fundamental frequency is present the discrete 
spectrum is generated by the local source, and if 
no fundamental frequency is present a continu 
ous spectrum is generated. 

Significant changes in the fundamental fre 
quency of the speech sounds and in frequency 
distribution of power in speech can take place 
only at a rate which is limited by the sluggishness 
of the muscles of the vocal system to less than 
about ten cycles per second, (a frequency much 
lower than the fundamental oscillatory frequen 
cies of vocal cords which range from about sixty 
cycles to in the neighborhood of five hundred 
cycles). It therefore results that the equipment 
required at the sending end of the system for an 

3 
alyzing the speech signal as to its fundamental 
frequency, and likewise the equipment provided 
at the receiving end of the system for responding 
to the transmitted indications as to the funda 
mental frequency of the speech sounds, need only 
be responsive on the line side to frequencies up 
to perhaps one to three times the frequency of 
ten cycles per second, just mentioned, depending 
on the accuracy desired in the transmission of 
the indications. 
Moreover, the number of sub-bands analyzed 

for power content need not exceed five or ten, 
for example, to obtain high intelligibility; because 
as indicated above and pointed out in detail here 
inafter, the number of independent variables or 
parameters in speech is small, and the power in 
each sub-band is largely independent of that in 
the others, particularly as the distance between 
the mid-frequency bands is increased. 
Such a system, then, analyzes the signal as to 

its fixed features and variable features. The fixed 
features include; (a) the existence of definite fre 
quency sub-bands in which the power distribu 
tion is sensibly uniform, (b) the existence of a 
frequency spectrum that alternates from the con 
tinuous type of spectrum to a discrete type with 
varying fundamental and with all upper har 
monics always present, and (c) the fact that time 
variations of the fundamental frequency and of 
the power in the frequency sub-bands occur only 
at syllabic frequency rates. The variable features 
include; (A) the magnitude of the average 
power in each subeband, and (B) the nature of 
the signal spectrum (as to whether it is continu 
ous or discrete and, in the latter case, as to what 
is the magnitude of the fundamental frequency). 

Since there is foreknowledge at the receiving 
end as to the fixed features or characteristics 
of the signal, they can be supplied locally at the 
receiving end and it is unnecessary to transmit 
information regarding them. Their supply lo 
cally is accomplished by the choice of the type of 
circuit, the choice of elements to simulate the 
Vocal cords and the eddying constrictions of the 
Vocal system, and the choice of frequency sub 
bands. It is now sufficient to transmit informa 
tion defining the variable characteristics and 
combine them with the locally supplied fixed cir 
cuit features to reproduce the signal. 
In my application, Serial No. 47,393, ñled Oct. 

30, 1935, these various kinds of speech defining 
signals are transmitted by modulating them upon 
low frequency carriers and then detecting from 
the carriers at the receiving end the modulating 
currents which are then used to control the local 
sources of oscillations to reproduce speech. In 
accordance with the present invention, however, 
I propose to transmit the speech defining signals 
corresponding to the several different channels of 
desired information, by using rotary distributors 
or commutators which successively transmit to 
the line the instantaneous values of the waves in 
the several channels one after the other, at such 
a speed of commutation that a sufficient number 
of the values of the wave in each channel will be 
transmitted to fairly represent the wave. At the 
receiving end a similar distributor or commutator 
distributes from the line to the corresponding in 
formation channels, the wave elements trans 
mitted over the line. It will be understood, of 
course, that the arrangements herein shown are 
illustrative only, and that equivalent scanning, 
commutating, or distributing devices may be em 
ployed. 
In a system of the type shown in my applica 



tion, Serial No. 47,393, above referred to, in which 
the speech defining signals are transmitted by 
carrier waves, a considerable number of filters 
are necessarily used for selection between chan 
nels. Consequently, the part played by phase, in 
the terms of delay and delay distortion, becomes 
important. By delay, of course, is meant the lag 
introduced by the various circuit elements in the 
time of arrival of the wave at the given receiving 
point as compared with the time it starts from the 
sending end. This may be thought of as a phase 
change. The delay distortion referred to arises 
from the fact that the different frequency com 
ponents are delayed by different amounts and, 
hence, arrive at the receiving point in different 
relative phase relations from those existing at 
the time the several frequency components start 
ed from the sending end. 
Delay is important in long two-way speech cir 

cuits, such as the case of the proposed transat 
lantic telephone cable, where the lines connected 
to the ends of the cable would have so much in 
herent delay because of their great length that 
very little additional delay could be tolerated in 
the apparatus associated with the ends of the 
cable. Delay distortion, on the other hand, is 
very important because if it is not compensated 
it changes aspects of the signals so as to impair 
them, and, on the other hand, if correction is 
made for delay distortion it could be done only at 
great expense both of money and of increased de 
lay. 
A low frequency carrier system of the type dis 

closed in my application, Serial No. 47,393, re 
quires a set of band-pass filters at the transmit 
ting end and another set at the receiving end to 
separate out the different channels of speech-de 
fining signals. These filters, of course, introduce 
delay into the circuit. While they are necessary 

‘ ln the carrier system to maintain separation be 
tween the several channels they are unimportant 
so far as the actual compression of speech signals 
in the cable or other transmitting medium is con 
cerned. 
To illustrate their relative unimportance in this 

connection, consider the following case. Suppose 
We have eleven speech signaling channels of say 
10 cycles each. Let us transmit these channels 
over eleven separate lines instead of over the 
>main line. Then each line needs to be good only 
to 10 cycles to constitute a satisfactory transmis 
sion medium. The total frequency space required 
for the ten lines then is 11><10 cycles or 110 
cycles. But these eleven channels on the same 
line will require more than a band of 110 cycles 
to allow for frequency selection, and will, in ad 
dition, involve an appreciable delay due to the 
filters employed. If, however, instead of using 
carrier channels, rotary distributors or commu 
tators are used as now proposed, the delay intro 
duced by the filters can be eliminated by synchro 
nizing the distributors at the sending and receiv 
ing ends so that at the receiving point we will 
know when a given wave element is received that 
it was sent from the sending end a certain num 
ber of microseconds earlier. Using the terminol 
ogy of picture transmission we can “frame” and 
then keep in synchronism so that each bit of in 
formation received is sent to its proper channel. 
The commutator or distributor used at each 

end of the circuit may include rotary wipers pass 
ing over segments, one corresponding to each sig 
nal determining channel. The commutator brush 
will rotate at a speed suificiently high to give the 
required information about the various voltage 
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changes representing individual waves. The min 
imum speed of rotation would be about twenty 
times per second and, assuming there are eleven 
channels,this wouldinvolve commutation over 220 
commutator elements per second. Higher speed 
will, of course, give better definition. Thus a 
speed of 50 revolutions per second or 550 commu 
tator elements would give a much improved qual 
ity. 

This latter speed corresponds to a fundamental 
frequency to the line of one-half 550 or, in other 
words 275 cycles per second. This is because, for 
the worst conditions, we may have a voltage in 
one direction on the commutator element of a 
given channel during one commutation; and dur 
ing the next commutation the voltage may be re 
versed. Considering then the frequency range of 
275 cycles as the range which is required to be 
transmitted, the line would have to be able to 
transmit a slightly wider range, say from 10 per 
cent to 40 per cent wider, to allow for the fact 
that the commutator system (which, as will be 
pointed out later, acts as a filter) will not have a 
sharp cut-olf. Therefore the total frequency 
range on the line might be 1.4 times 275 cycles or 
385 cycles. This should give at the receiving end 
a very good restoration of the speech signal. If 
the band transmitted over the line should be ex 
tended to 800 cycles, the system would give very 
nearly perfect reproduction. 
As indicated above and hereinafter, the inven 

tion is by no means limited to the speciñc form 
herein disclosed. 
Other objects and aspects of the invention will 

be apparent from the following description and 
claims: 

Fig. 1 shows schematically a system embodying 
the invention in the specific form referred to 
above; 

Fig. 2 is a detailed showing of the transmitting 
circuit at the west terminal of the system, this 
transmitting circuit being the West speech fre 
quency compressing circuit shown as the block 
in the upper left-hand corner of Fig. 1; 

Fig. 3 is a detailed showing of the receiving 
circuit at the east terminal of the system, this 
receiving circuit being the east speech frequency 
restoring circuit shown as the block in the upper 
right-hand corner of Fig. 1; 

Figs. 4 to 17, inclusive, are curves showing 
various features of the operation of the system; 
and 

Figs. 18, 19 and 2O show alternative arrange 
ments of certain parts of the system. 
There is disclosed hereinafter a particular cir 

cuit which can be used for reducing the frequency 
range of speech by setting up artificial currents 
of limited frequency range which will transmit 
information about the independent variables of 
the speech producing organs in man. The first 
important question is: What frequency range 
does speech inherently require for transmitting 
`its information content? 

In the operation of such a system with high 
quality transmission cf speech, the person at one 
end of a telephone line talks into a high quality 
subset. At the distant end the listener also has 
a high quality subset. The transmission between 
the two is not direct but is carried on in the fol 
lowing way: 
At the sending end is special apparatus to tell 

the characteristics of the speech signal being 
fashioned by the talker. At the other end ls re 
ceiving apparatus to receive these signals and 
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produce speech that is a very close copy so far 
as the ear can determine of that at the sending 
end. In between is a transmission line of limited 
frequency range. The transmission must take 
place as rapidly as the speech is produced. It is 
desirable to determine roughly what is the mini 
mum frequency band that can be used on the 
transmission line for such high quality transmis 
sion. 
A rough answer to this problem can be obtained 

by the following method: 
We determine how many independent variables 

are involved in the production of speech. Next 
We determine the minimum amount of time in 
which any one of these variables can go through 
a complete cyclic change of position. From these 
the frequency band required for the transmission 
of reasonably precise information as to the in 
stantaneous position of each independent physi 
vcal variable is obtained. Then, next, multiply 
ing this frequency band by the number of inde 
pendent variables we have the total minimum 
frequency band required. For actual transmis 
sion in circuits allowance must be made for the 
inefficiency of ñlter or other auxiliary circuits 
that will be required. 

It is convenient to differentiate the production 
of vowel sounds from those of consonants. As 
used here, vowels are taken to indicate the pure 
vowels, the semi-vowels, the diphthongs, and the 
transitionals. Some thirty-four of these are 
listed in the book “Speech Pathology” by Lee 
Edward Travers. They comprise fourteen vow 
els as, for example, a in art; eleven diphthongs as, 
for example, a in mat; five semi-vowels as, for 
example, E in I_ne, and four transitionals as, for 
example, wh in w_hite. These vowel and near 
vowel sounds are set forth in detail in my appli 
cation, Serial No. 47,393. 
These vowel and near vowel sounds have, in 

general, been produced artificially so that we have 
a very good check on the number of parameters 
involved in producing them. From the vocal 
standpoint, starting at the lungs and coming out 
to the mouth opening, the variables that may be 
controlled independently are: 

l. Lung pressure 
2. Vocal cords 
3. Rear mouth resonance chamber 
4. Opening from rear to front resonance 

chamber 
5. Front mouth resonance chamber 
6. Opening from mouth 

These six are more or less in the direct path of 
speech, but in a sort of a by-path we have two 
more: 

'7. Nasal resonance chamber 
8. Position of soft palate and uvula (opening 

to nasal chamber) . 
The eight of these in their action are not corn 

pletely independent of one another. Thus, 3, 4 
and 5 act decidedly in unison. Some do not, or 
at least need not, vary greatly as 6, the mouth 
opening, which may be kept fixed for the produc 
tion of all the vowels. Again, the soft palate 8 
may open and close the nasal chamber, inter 
mediate positions being unimportant. ’I'he eight 
variables given then, actually may be reduced 
to five or six in practice. 
We come next to the production of the remain 

lng sounds which are classified as fricatives and 
stop consonants, and are again divided according 
to whether they are voiced or unvoiced. The 
voiced ones require the use of the vocal cords; 
the unvoiced ones do not. As set forth in my 

u 

application, Serial No. 47,393, above referred to, 
they comprise eight fricative consonants (four 
voiced such as f_f, and four unvoiced such as f) 
and eight stop consonants (four voiced such as 
b and four unvoiced such as _Q) . 
The fricative consonants are produced with 

about the same position throughout of the vocal 
organs except that a certain air' outlet or aperture 
is formed at varying places. Thus for vl and ï it 
is formed from the lip to the teeth; for __z_ and s 
it is formed from the upper teeth to the lower 
teeth; for the two th sounds it is formed from the 
tongue to the teeth; for the È and s_h sounds it 
is formed from the tongue to the hard palate. 
The voiced consonant is made by pronouncing 
the unvoiced consonant but vibrating the vocal 
cords at the same time as though to increase the 
volume. 
The stop consonants are made by forming a 

stop to the passage of air in the mouth at some 
particular point, building pressure up behind this 
and then opening rapidly at the closed point so as 
to give an explo-sive sound. The stop is formed 
by the upper lip against the lower lip in the case 
of il and p, by the tongue against the upper teeth 
in the case of (_i and__t, by the tongue against about 
the middle of the hard palate in the case of j 
and c_h, by the tongue against the soft palate iI-i 
the case of g and lí. In going from the unvoiced 
to the voiced consonant the formation of the stop, 
or for that matter of the opening of the outlet 
in the case of the fricative consonants, may be 
slightly further front or backward. 

In producing the fricative and stop consonants 
the different parts of the vocal system are used 
differently than in the production of vowels. 
Thus, the nasal resonance is of little importance, 
the vocal cords are not used in producing the un 
voiced consonants, the large air chambers in the 
front and rear mouth are of much less impor 
tance, and two» new and very important factors are 
added to the position at which a closure is partly 
made and held in the case of the fricative con 
sonants and completely made but not held in the 
case of the stop consonants. To list the inde- ' 
pendent variables again in the same order as 
before, we have: 

1. Lung pressure 
2. Vocal cords (for voiced consonants) 
3. Nasal resonance chamber 
4. Rear mouth resonance chamber 
5. Opening between air chambers of mouth 

(for fricatives) 
6. Front resonance chamber of mouth 
'7. Position of closure or explosive opening. 
Here, as in the case» of vowel production, we 

have more parameters than are essentially inde 
pendent with any large degree of freedom. Thus 
the vocal cords are only used for part of the con 
sonants, the nasal resonance is not very impor 
tant, the size of the mouth resonance chambers is 
probably of limited importance. The position of 
the closure or opening is very important, but the 
two are essentially the same sort of parameter so 
they are shown as one rather than two. Ac 
cordingly, we conclude again, that of these pa 
rameters 5 or 6 is ample to represent the actual 
variable characteristics in speech production. 
There are a number of odd effects that in the 

discussion up to this point have not been allowed 
for to any extent, at least not intentionally. One 
thing of this sort is odd deformities or deficiencies 
in the usual oral structure. Other odd effects 
that we have are those produced when we do un 
usual things with the voice such as whisper, talk 7* 



in a falsetto tone, produce ventriloquistic sounds, 
or produce what is called double voice. ' 
For all of these odd effects it is probably rea 

sonable to allow two or three degrees of free 
dom further. However, as the eight original de 
grecs of freedom were considered to be essentially 
less than eight, it would seem that an allowance 
of eight for the total might be approximately 
right. If we desire to be generous, perhaps, we 
should say ten. In speech over telephone circuits 
of limited frequency range the number might be 
20 per cent or 30 per cent less than that required 
for high quality speech production; i. e., seven or 
eight independent variables may sufiice for corn 
mercial telephone transmission and ten for high 
quality transmission. 

If we vary any of our speech producing variables 
as rapidly as the controlling muscles permit, we 
find the limiting speed is about eight or ten times 
per second. Accordingly, each variable has a 
fundamental of 10 cycles or less while producing 
speech. 
We are now in position to` calculate the band 

width required for transmitting the speech de 
fining signals. On the basis of transmitting as 
the useful band not more than 100 per cent of 
the fundamental frequency (this is done in tele 
vision and telephotography) we require a fre 
quency band l0>< 10X 1.00 or 100 cycles for trans 
mitting ten speech defining signals. This 100 
cycles is more or less of an absolute minimum for 
high quality speech no» matter how much money 
we are willing to spend. In telegraph more than 
100 per cent of the fundamental frequency is re 
quired as the minimum transmitted band. In 
unloaded submarine telegraph cables it is about 
110 per cent, while in voice frequency telegraph 
where frequency space is less important it uses 
about 350 per cent for either side-band and 
transmits both. A 200 per cent basis is quite 
conservative. This would mean _200 cycles of 
useful frequency band. 
Having found that there are approximately 

ten independent variables in speech produc 
tion, in setting up a circuit for artificial produc 
tion of high quality speech we then need ten in 
dependent parameters. However, we need not 
use in any narrow frequency range transmission 
scheme these same ten. So long as the param 
eters are entirely independent we know mathe 
matically that we can use any ten we choose. 
Not only can the ten be chosen in any fashion 
provided they are independent, but if they are 
not entirely independent enough more can be 
chosen to make up for the lack of independence. 
It is advantageous to pick the ten that from an 
engineering standpoint give a desirable design 
or the ten that give an optimum design. A par 
ticular case of much interest is that where most 
of them are the amounts of power in sub-bands 
of the frequency range of speech. 
The interest in this case arises from the fact 

that it is based on using as parameters those 
physical quantities that are most easily measured. 
The easiest thing to measure is power, including 
current and voltage as measures o-f power and the 
easiest way to separate power into parts for the 
extra variables needed to measure is by dividing 
it up according to frequency bands. After the 
power frequency characteristic is measured the 
sound spectrum to be transmitted is entirely de 
fined except for the power distribution within a 
frequency sub-band. This last needed factor, in 
view of the nature of the energy spectrum of 

i speech sounds, is given by the fundamental fre 

quency of the speech sound, considering this fre-f 
quency to degenerate to zero for the unvoiced 
sounds. Fortunately we have found means of 
measuring this fundamental frequency also, thus 
giving a complete set of specifications for recon 
structing the speech sounds. A specific system 
of this sort is described hereinafter. Any other 
sufficient set of measurable physical qualities 
could, of course, be used equally well. 
The specific system is shown in a general sche 

matic form in Fig. l. Speech coming from the 
line west reaches the west terminal of the system. 
For simplicity a four-wire connection obtained 
with a bridge transformer or hybrid coil and a. 
balancing network N, is shown at this point. 'I'he 
transmission may be over a two-wire circuit, the 
circuit modifications being obvious. The incom 
ing speech is transmitted through circuit l to 
the West speech frequency compressing circuit 2. 
Fig. 2 is a detailed showing of this west trans 
mitting circuit or speech frequency compressing 
circuit 2. The frequency range of the speech is 
considerably decreased in circuit 2 and then the 
resulting signals are transmitted over the line L 
of limited frequency range of transmission to the 
receiving terminal at the east. Here there is a 
speech frequency restoring circuit 3 which sets 
up speech signals more or less the reproduction 
of the speech signals energizing the west send 
ing circuit 2. Fig. 3 is a detailed showing of this 
east receiving circuit or speech frequency restor 
ing circuit 3. These speech signals set up by cir 
cuit 3 are then transmitted on through speech 
receiving circuit 4 to the line east. Transmission 
in the opposite direction is carried on over lim 
ited frequency line L’ by the same process, the 
east speech frequency compressing circuit 2’ 
being like circuit 2 except oppositely pointed, and 
the West speech frequency restoring circuit 3’ 
being like circuit 3 except oppositely pointed. 
The simplest circuit to use perhaps is an elec 

trical one where the amounts of power in small 
frequency sub-bands of the speech frequency 
range are used as independent variables. The 
power in any one such sub-band is not entirely 
independent of that in the others but is sufii 
cient so that we do not need many extra sub 
bands on this account. Such a circuit is rela 
tively easy to build electrically with filters, modu 
lators, equalizers, etc., as circuit elements. 
Using an all-electrical circuit of the type sug 

gested We must get a satisfactory electrical defi 
nition of speech signals. The electrical speech 
signals may be defined as having two character 
istics, (1) a frequency pattern and (2) an ampli 
tude vs. frequency pattern. These are the funda 
mental elements that characterize speech signals, 
that is the elements that make one sound differ 
ent from another. 
The frequency pattern in speech seems to be 

of two types. In vowels and near vowels there 
is a fundamental frequency with a large num 
ber of upper harmonics. For unvoiced sibilant 
consonants there is a more nearly continuous 
energy spectrum somewhat similar (except in 
amplitude characteristic) to that of resistance 
noise. For other sounds there may be a mixture 
of these two patterns with one or the other pre 
dominating. For each frequency pattern there is 
of course an amplitude-frequency characteristic. 
This dual nature of the speech signals as 

defined electrically leads to a dual type sending 
or frequency range reducing circuit as shown in 
Fig. 2 and a dual type receiving or speech fre 
quency restoring circuitv as shown in Fig. 3. The 
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speech currents entering the sending circuit 2 in 
Fig. 2 energize a frequency pattern control cir 
cuit FP and an amplitude pattern control circuit 
AP. The frequency pattern control circuit com 
prises but one channel and discriminates as to 
the frequency pattern. 'I‘his discrimination in 
cludes discrimination as to the fundamental fre 
quency when there is one. The amplitude pat 
tern control circuit branches into ten channels 
AP1 to APiu and determines what frequency am 
plitude pattern'we have. The information ob 
tained from these two analyzing elements FP and 
AP will then be expressed in the form of elec 
trical currents whose potentials may be applied 
to the segments zero to 10, inclusive, of the rotary 
distributor RD where they may be picked up by 
the brush of the distributor and applied to the 
limited frequency line ML. 
At the receiving end of the line ML as shown 

in Fig. 3, the distributor RD', which is synchro 
nized with the distributor RD, picks up the trans 
mitted signals from the line after being ampli 
ñed by the receiving amplifier RA. The signals 
are then applied to the segments zero to 10 of 
the distributor which segments are associated 
with the frequency pattern control circuit FP' at 
the receiving end and with the amplitude pat 
tern control channels APi' to APio’ of the receiv 
ing apparatus. The potential received in the 
frequency pattern control circuit FP’ is applied 
across resistances B1 and B2 to control the fre 
quency pattern sources RN and MVO so as to 
cause current of the proper frequency pattern 
to flow from these sources in a manner which 
will be more fully explained later. The poten 
tials applied by the distributor to the amplitude 
pattern control channels APi' to APio’ at the 
receiving point are used to control shaping net 
works SN1 to SNio in the respective channels to 
give the proper amplitude-frequency pattern to 
the power receivedl from the energy source RN 
or from the multivibrator MVO, as the case may 
be. We then have reproduction of the original 
speech signal for any further transmission in the 
ordinary manner. 
The problem arises of selecting frequency bands 

to use in the amplitude-frequency characteristic 
determination. A basis for solution of the prob 
lem is found in the function known as the impor 
tance function, which has been established by 
articulation studies. This function varies with 
the amplitude of speech signal received by the 
ear. We shall assume that the received speech 
signal is at the optimum power level. Ten or 
so independent variables are needed for good 
speech transmission. Ten such bands for the 
entire speech frequency range should then be as 
follows: 

Band N o. hääcréîäce Frequencies AF 

‘ Cycles 
C to .1.. _. 250 to 530 or__._. 280 
.l to .2.... 530 to 780 or_.... 250 
.2 to .3.... 7E0to 1,100 or-.. 320 
.3 to .4-.-. 1,100 to 1,500 or.. 400 
.4 t0 5.... 1,500 to 1,950 0r. 45() 
.5 to .6.... 1,950 to 2.350 or` 400 
.6 to .7...- 2,350 to 2,900 or. 550 
7 to .8. _ _ 2,900 to 3,750 or. 850 
Sto 49.... 3,750 t0 4,950 or. 1,200 
.9 to 1.0.. . 4,950 t0 7,100 or. 2,150 

This is not necessarily the best choice of fre 
quencies that can be made. Other considera 
tions enter, such as, for example, including the 
0-250 cycle band, making slight changes in the 

location of the other bands for naturalness, 
changing the percentage of increase of frequency 
in a band, the amount of repetition of pattern in 
different bands, the noticeable distortion due to 
smallness or largeness of band, etc. However, 
these considerations would not greatly affect the 
final choice of frequencies. Accordingly, this set 
is deemed satisfactory. It is noted that at the 
most important places the bands are quite nar 
row in width, 250 cycles, 280 cycles, etc. The 
three lowest ones are the three smallest and cor 
respond ordinarily to not more than two har 
monics each, in the case of voiced signals. The 
next three probably correspond to about three 
harmonics in the average case of a male voice. 
The next one which carries us close to 3,000 
cycles might correspond to four harmonics. 
Above 3,000 cycles they widen out quite consid 
erably. On this frequency basis we have alto 
gether then, eleven parameters for the entire 
speech range, one for the frequency pattern con 
trol and ten for the amplitude pattern control. 
Similarly, we require a total of eight parameters 
to go to 2900 cycles, nine to 3800 cycles and ten to 
5,000 cycles. 
While it is desirable to use sub-bands of differ 

ent widths, as has just been pointed out, there 
may be conditions in which it is desirable to have 
all the bands of equal width. For example, where 
the sub-bands are of equal width all of the chan 
nel apparatus may be made alike even to the 
general design of ñlters for selecting the bands. 
With the sub-bands of equal width a satisfac 
tory reproduction of speech may be obtained es 
pecially if the number of sub-bands is increased. ; 
To give a better picture of the proposed circuit 

it is helpful to indicate frequencies for the va 
rious circuit elements. For this purpose let us 
assume that we will transmit over the main line 
a 330 cycle total transmission band with other . 
choices such as to tend to give typical results 
after overcoming typical difficulties. This 330 
cycle band is on the basis of 11 channels each 
passing a 20 cycle band with a l0 cycle waste 
space between. Ten of these are for amplitude 
control as already chosen, and the other is for 
the frequency control pattern. On this basis we 
shall proceed to discuss ñrst the frequency con 
trol circuits, second the amplitude pattern cir 
cuits, then the overall circuit, and ñnally, gen- ¿ 
eral engineering considerations. 

Frequency pattern control 

A particular form of the frequency pattern 
control circuit is shown in Fig. 2 at the trans- g 
mitting end and in Fig. 3 at the receiving end. 
'This circuit must perform a number of func 
tions. At the sending end it must analyze the 
speech signal to determine its characteristics 
with resp'ect to the frequency pattern, that is, it f 
must determine whether the sound is a voiced 
sound involving a discrete frequency pattern or 
whether it is an unvoiced sound involving a con 
tinuous frequency pattern. If the pattern is of 
the former type it will include a fundamental f 
and harmonics thereof, and the fundamental will 
from time to time vary in pitch so that the har 
monics will be raised or lowered in the frequency 
range as the pitch varies. Consequently, the 
circuit will also have to determine the pitch at the 7 
transmitting end. At the receiving end the fre 
quency pattern control circuit must determine 
whether the multivibrator source MVO is to be set 
into operation or whether the resistance noise 
source RN is to be operated, this selection de- 7 



pending, of course, upon whether the analyzed 
speech sound involved a discrete pattern or a 
continuous pattern. If the multivibrator source 
MVo is put into operation it must also be con 
trolled by the frequency pattern control circuit 
to generate the fundamental corresponding to 
the fundamental in the speech sound together 
with the necessary harmonics. It must also con 
trol the multivibrator to vary the fundamental 
together with the harmonics in pitch to corre 
spond with the changes in pitch in the speech 
sound. 
The operation of the frequency pattern control 

circuit in its selection, as between a discret-e 
spectrum and a continuous spectrum, takes ad 
vantage of the fact that in vowels and other 
sounds having a decided fundamental frequency 
in the range from 80 to 320 cycles there is a high 
power level, while in sounds like the sibilant con 
sonants where the power is in a continuous spec 
trum rather than a discrete one the power is much 
lower. When a high level discrete spectrum is 
applied the frequency pattern control circuit 
sends to the limited frequency line ML a current 
indicating what the fundamental frequency so 
applied is, not, however, indicating anything 
about the amplitude of the fundamental fre 
quency in the speech signal. When a low level 
continuous spectrum speech signal such as that 
of the syllabic consonant is applied the circuit is 
not energized. Consequently, no current is trans 
mitted to the line ML and under these conditions 
the continuous spectrum pattern generated by 
the source RN is made available at the receiving 
end. 
`Referring now especially to Fig. 2, band-pass 

filter F0 selects a band from 250 to 500 cycles 
of the voice signal so as to be sure to include at 
least two harmonics of the voiced signal if the 
fundamental is below 250 cycles. In case the 
fundamental is around 80 cycles and therefore 
inefliciently transmitted over the telephone line 
to the point at which the fundamental is deter 
mined, this iilter enables us to select harmonics 
of the fundamental, from which the fundamental 
may be determined by beating the harmonics to 
gether. The output of this band-pass filter is fed 
to a detector D which may be merely some small 
copper-oxide elements. If the fundamental is 
below 250 cycles at least tWo harm-onics Will be 
selected and these will beat together vin the de 
tector to produce the fundamental frequency in 
the output of the detector D. Should the funda 
mental lie within the range of the filter the fun 
damental only will be selected and there will 
be no harmonics present and, in this case, the 
fundamental will pass through the detector D 
and will appear in the output circuit. 
The output from the detector D is next sent 

through an attenuating network E1, of the type 
often termed an equalizer, which has a loss 
which increases with frequency. This insures 
that the fundamental frequency will come out 
of this network at a higher power level than 

, any upper harmonics of the fundamental which 

i 

may be present in the output of thedetector as 
the result of the detecting operation. For prac 
tical purposes this purifies the fundamental tone. 
Next, the output from this equalizer is fed to a 
constant output amplifier LA so that from this 
amplifier there is obtained essentially a single 
frequency, the fundamental of the speech sig 
nal, at a constant power level, regardless of what 
frequency it is. _, 

Y This fundamental frequency may be from about 

80 to 320 cycles. We next pass the fundamen 
tal frequency at this constant power level through 
another equalizer E2 similar to the one described 
previously, so that the output from this equal 
izer decreases as the frequency increases. This 
results in changing the amplitude of the fun 
damental in accordance with its frequency. The 
output of the equalizer E2 is then sent through 
another copper-oxide detector Do. Essentially 
this detector produces a direct current bias which 
fluctuates in amplitude as the fundamental fre 
quency of the speech varies. 
This output is now passed through a pad Po 

to an integrating circuit Io which may consist 
of a shunt resistance of 12000 ohms, a series re 
sistance of 105 ohms, and a capacity of 2 micro 
farads. These values may, of course, be varied 
as the circuit design dictates. The function of 
the integrator is to integrate the ñuctuations of 
potential over the small interval of time between 
two successive commutations of the rotary dis 
tributor RD so that the distributor will pick up 
the integrated >voltage over this period of time 
instead of the instantaneous voltage that hap 
pens to exist at the moment the brush of the 
distributor RD passes over the zero commutator 
segment of the frequency pattern control chan 
nel. The pad Po is in »circuit between the inte 
grator which has a. relatively high impedance 
and the output of the detector Dn which has a 
relatively low impedance to introduce an imped 
ance match between these two elements. The po 
tential picked up by the distributor is applied 
to the main line ML and amplified by the trans 
mitting amplifier TA. After passing over the 
main line ML the current is amplified by the 
receiving amplifier RA and its potential is picked 
up by the brush of the rotary distributor RD' 
in Fig. 3 and applied to the zero segment of 
the receiving frequency pattern control circuit 
FP'. 
The operation so far described is what takes 

place when the voice signal involves a discrete 
pattern as in the case of voiced speech. Let us 
now return to the transmitting apparatus of 
Fig. 2 and see what happens in the frequency 
pattern control channel FP when the voice sig 
nal involves a continuous spectrum. In this case 
the band-pass filter Fo selects a continuous range 
of frequencies between 250 and 500 cycles and, 
hence, no fundamental appears in the output 
of the detector, but the entire band of fre 
quencies selected by the ñlter will all appear 
there. The equalizer E1 can not now have the 
effect of selecting a fundamental to the exclu 
si-on of other frequencies although it may favor 
the lower frequencies in the band. These are 
next applied to the constant output amplifier and 
are then applied to the equalizer Ez. It will be 
remembered that the purpose of this equalizer in 
the case of a voiced signal was to bchange the 
amplitude of the selected fundamental in ac 
cordance with its frequency. It cannot, how 
ever, have such an effect in the case of the band 
now being considered, but will merely serve to 
further discriminate in favor of the lower fre 
quencies of the band. Whatever its action, it will 
be the same for all unvoiced signals, for the same 
continuous sub-band will be selected for any un 
voiced signal, as the spectrum is continuous. The 
band of frequencies appearing in the output of 
the equalizer will now be applied to the detec 
tor Dn which will produce in its output essen 
tially a direct current. This direct current, how 
ever, will be of very small amplitude as com 
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2,098,956 É 
pared with the corresponding current resulting 
from the detected fundamental frequency in the 
case of a voiced sound, and this fact is taken 
advantage of in selecting the comparatively high 
frequency source at the receiver. The small 
direct current appearing on the output of the 
detector DO is transmitted over the line to the re 
ceiving frequency pattern control channel FP’ 
lin Fig. 3, as described. 
Now coming to the receiving arrangement in 

Fig. 3, the potential applied to the zero segment 
of the distributor RD’ is applied to a ñlter F30’. 
This is a low-pass ñlter passing a band from 
zero to about 20 cycles and may be identical with 
the ñlters F31' to F40’ of the frequency ampli 
tude control channels. The current applied to 
the filter F30’ is a momentary pulse which exists 
only during the time the wiper passes over the 
segment zero, and the ñlter acts to hold over 
or restore the impulse during the entire time 
interval which exists until the brush again passes 
over the zero segment. 

It will be remembered that the frequency pat 
tern control current transmitted over the line was 
a substantially zero current in the case of. a con 
tinuous spectrum, but in the case of a discrete 
spectrum it was of considerable amplitude, and 
this considerable amplitude varied in accordance 
with the frequency of the fundamental of the 
voiced sound. Considering the latter case first, 
the fluctuating direct current passing through the 
filter Fsu’serves two purposes. 

First, it effectively disables an amplifier VA 
in Fig. 3 which would otherwise amplify resist 
ance noise received from the resistance R through 
amplifier A. The biasing current from the output 
of the ñlter is so applied to a grid biasing resistor 
B1 for the amplifier that when substantially no 
bias is received (as is substantially the case for 
a continuous spectrum) the resistance noise from 
R and A is passed on through the ampliñer VA. 
However, when substantial bias is received, as 
is the case with a discrete spectrum, the gain 
of the amplifier VA is decreased by a negative 
bias being applied, so that substantially no re 
sistance noise is transmitted. 

Second, the current from the ñlter Fao’ is ap 
plied to a biasing resistance B2 in the common 
grid lead of a push-pull vacuum tube circuit VR. 
The grid circuits of the two tubes of the am 
pliñer VR, it will be noted, are connected in 
parallel, but the plates are in series. The pur 
pose here is to control the plate resistances of 
these tubes by the biasing current. The plate 
resistances in series are used as the resistance 
element Ro of a multivibrator circuit MVO so 
that the frequency of the multivibrator circuit 
is controlled by this variable plate resistance RO. 
It is controlled in such a way as to set up the 
desired fundamental frequency of voice plus all 
of its harmonics. To insure both even and odd 
harmonics, the circuit is arranged to take olf the 
outputs from the two tubes of the multivibrator 
in series and in parallel and then combine these 
two so as to generate all the harmonic fre 
quencies. Another possible arrangement of the 
multivibrator is to have it designed so as to 
generate one-half the fundamental frequency 
from which only the even harmonics are used. 
With the arrangement as shown, however, the 
fundamental frequency generated and the har 
monies thereof will vary in frequency in accord 
ance with the amplitude of the biasing current 
which in turn varies in accordance with the fre 
quency of the fundamental in the voiced signal. 

The foregoing applies to the case where the 
spectrum is discrete. Now let us take up the 
case of a continuous spectrum. When the signal 
involves a continuous spectrum no bias current 
or at least substantially noy bias current is pres 
ent. Under these conditions, the multivibrator 
circuit MVO stops oscillating, and as the amplifier 
VA is unbiased at the resistor B1 the resistance 
noise is amplified and transmitted. 
The multivibrator output and the resistance 

noise. circuit output from the variable gain am 
plifier VA are combined in the circuit leading 
to the amplitude controlling circuits through fil 
ters F1’ to F10', inclusive. Preferably the muti 
vibrator output is ñrst passed through an equal 
izer E4 which serves to make the output power 
the same for each frequency, fundamental and 
upper harmonics. If desired, this end can be 
obtained by making the coupling loose between 
the primary and secondary windings of the mul 
tivibrator output transformers, the equalizer E4, 
in this case, being omitted. 
Returning to Fig. 2, the attenuation-frequency 

characteristic of equalizer E2 determines the var 
iation with frequency, of the amplitude of the 
fundamental components of voiced sounds that 
are delivered to detector DO. This input to de 
tector DO has its syllabic frequency component 
detected by detector DO and transmitted to the 
bias resistor B2 in Fig. 3, which determines the 
fundamental frequency of the multivibrator MVO. 
Consequently, the voltage output of equalizer E2, 
at each fundamental frequency that E2 trans 
mits, should be of such value that the voltage 
across the resistor Bz in Fig. 3 will have the proper 
value to cause the multivibrator to assume that 
fundamental frequency as the fundamental fre 
quency of the multivibrator. Therefore, if the 
voltage transmission-frequency characteristic of 
the system from the output of equalizer E2 to the 
bias resistor Bz is, for example, flat, or in other 
Words, if the ratio of the equalizer output voltage 
to the resulting voltage across the resistor B2 is 
independent of frequency, then the attenuation 
frequency characteristic of the. equalizer E2 
should be such that the ratio of output Voltage 
to input voltage for the equalizer decreases with 
frequency increase in the same manner that the 
fundamental frequency of multivibrator MVO in 
creases with decrease of the biasing voltage 
across the biasing resistor B2. Then, the funda 
mental frequency set up by MVO will increase and 
decrease in the same manner as the fundamental 
frequency of speech sound waves in the input of 
equalizer E2. 
The result of all this is that a frequency pat 

tern will be applied to the common circuit lead 
ing to the filters F1' to F1o', inclusive, at the re 
ceiving point, which will be continuous, and eX 
tend over the entire voice range from 250 to 7100 
cycles in the case of an unvoiced sound at the 
transmitter, whereas in the case of a voiced sound 
the frequency pattern applied to the common cir 
cuit of these filters will be a discrete frequency 
pattern having a fundamental and its harmonics 
with the fundamental varying up and down in 
accordance with the pitch of the voiced sound. 

Amplitude pattern control 

The next matter to be considered is how the 
frequency patterns thus generated at the receiv 
ing point are to be controlled and modulated to 
reproduce speech, for it will be clear that unless 
they are modulated in some manner we will mere 
ly hear a resistance noise sound somewhat like 
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the roar of the surf at the seaside in case the 
resistance source is active, and in case the multi 
vibrator source is active We will merely hear a 
sound somewhat like that of an ordinary buzzer. 
[n order to modulate these sounds to produce 
speech, therefore, the amplitude pattern control 
circuits are provided and, as herein shown, they 
are ten in number. 
The amplitude pattern control circuits are es 

sentially circuits which at the transmitting end 
measure how much power there is in the speech 
signal in a suitable number of chosen small fre 
quency bands, and this information is trans 
mitted by control currents to the receiving end 
Where the output of resistance noise from VA or 
multivibrator harmonics from the multivibrator 
MVo is shaped accordingly. These frequency 
bands are chosen as described previously. 
The transmitting portion of the amplitude 

pattern control circuits is shown in Fig. 2 and 
the corresponding receiving portion in Fig. 3. 
The channels, AP1 to AP1o and AP1’ to APio’, are 
used to transmit information about the ampli 
tude pattern. Thus, the channel corresponding 
to segment I of the distributor RD transmits 
information about the amplitudes in the speech 
range from 250 to 530 cycles, and the channel 
corresponding to segment 2 transmits informa 
tion about the range from 530 to '780 cycles, andA 
so forth. v 

Considering the channels AP1 and AP1’, for ex 
ample, the output from the Z50-530 cycle speech 
band-pass ñlter F1 is fed to a detector D1, which 
may be, for instance, of the copper-oxide type. 
The syllabic frequencies in the output from this 
detector vary in amplitude as the portion of the 
speech signal selected by the filter F1 varies in 
amplitude and pass through the pad P1 and the 
integrator I1 to segment I of the rotary distribu 
tor RD. As in the case of the integrator Io, the 
integrator I1 serves to integrate the potential 
variation over the period during which the dis 
tributor passes from the segment I over the 
other segments and back again to segment I. 
'I'he pad P1, of course, serves to establish the 
proper impedance match between the integrator 
and the detector Di. The potential applied to 
segment I is picked up by the sending brush S 
of the distributor and applied to the sending bus 
bar SB from which it is transmitted over the 
main line ML to the receiving bus-bar SB’. Just 
after the brush S at the transmitter passes from 
the segment I a ground brush G passes over the 
segment and discharges any remnant charge in 
the condenser of the integrator to ground over 
the ground bus-bar GB. The grounding action 
should be as short as possible in order to permit 
the succeeding element of the wave to >start 
charging the condenser corresponding to C in the 
integrator as soon as possible. Ground bus-bar 
GB may therefore be made up of a number of 
very narrow segments tied together to ground. 
'I'his restricts the time of contact between the 
brush and the ground connection to a very short 
interval. 

'I'he signal picked up by the segment I of the 
receiving distributor RD’ is applied to the receiv 
ing amplitude pattern channel AP1’ passing 
through the ñlter F31’ which acts like the iilter 
Fao', as previously described, to hold the signal 
over during the period required for the receiving 
brush S' to make one complete revolution and 
come back again to the segment I. The variable 
direct current passing through the filter F31' is 
applied to a biasing resistor Ba to give a grid 
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bias to a signal shaping network or push-pull 
amplifier SN1, which bias will vary in accordance 
with the power of that portion of the speech 
band which passed through the filter F1 at the 
sending end. The ampliñer SNi, consequently, 
amplifles that portion of the frequency pattern 
generated by the multivibrator MVo or by the 
resistance noise source VA which is selected by 
the Z50-530 cycle speech band-pass filter F1’. 
The modulated output is then fed through a 
Z50-530 cycle speech band-pass filter F1" to the 
input of the speech amplifier SA, Where the out 
puts from nine other speech band-pass ñlters (of 
channels APz’ to APiu’) are combined to give the 
original speech signal. The speech currents are 
then transmitted through amplifier SA to the 
speech receiving circuit 4. 

It will be understood that the transmitting 
channels APz to APio at the transmitter are like 
channel APi except as to frequencies involved, 
and receiving channels APz' to APio’ at the re 
ceiver are like channel AP1’ except as to fre 
quencies involved. Likewise, the detectors Do to 
Din may be alike. For most cases the integrat 
ing circuits I1 to 110 and the pads P1 to P10 may 
be alike. So also, the variable gain ampliñers or 
signal shaping networks SN1 to SNio may be alike 
and filters Fao’ to F40’ may be alike. 

Overall circuit considerations 

A number of non-linear circuits have been 
shown. One type, D0 to Din, is referred to as the 
detector circuit and, in general, its purpose is 
similar to that of detectors in voiced operated 
circuits, that is, the received speech power is 
more or less rectified giving a current component 
of syllabic frequency to be used as a control. 
The detector D, for obtaining the fundamental 
frequencies of speech sounds, is similar. The 
constant output amplifier LA is also a non-linear 
circuit. 
At the receiving end the control currents are 

used for two purposes, each of which involves a 
type of non-linear circuit, (a) to bias ampliliers 
VA and SN1 to SNio and thus change the gain 
through them, and (b) to vary the plate resist 
ance of vacuum tubes in circuit VR., Also, at 
the receiving end of the circuit there is the multi 
vibrator or relaxation oscillator MVO for setting 
up the frequencies in the vowel sounds. 
In the circuit design it is important to see that 

the delay in all the different branches is the 
same. Since the frequency pattern control 
branch tends to have more inherent delay than 
the amplitude control branches, it is desirable to 
have a certain amount of delay in common with 
all the amplitude control circuits as is indicated 
by delay equalizer DE in Fig. 2. 
A set of band-pass filters Fo to F1o are provid 

ed at the transmitting end, and a set of filters 
F1" to F10" are provided at the receiving end. v If 
desired, a third set F1’ to F10’ may be used at 
the receiving end making twenty instead of ten 
speech band filters in the receiving amplitude 
control circuits, for the case of the 7100 cycle 
band to be transmitted. These ten or twenty 
speech band filters at the transmitting and re 
ceiving ends, respectively, might have roughly, 
requirements of about 3 decibel loss discrimina 
tion at the separating points between the two 
bands, 20 decibel loss at the middle of the next 
band and 40 decibel loss at the middle of the 
second band. Assuming the requirements to be 
approximately these, the delay in the speech band 
filters is relatively small, two of them in tandem 
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giving only about 10 milliseconds delay. These 
speech band filters can probably have even easier 
attenuation requirements than indicated above 
and the delay may therefore be made even less. 

If desired, to simplify delay equalization in the 
system, the speech band-pass filters may be made 
of constant width as, for example, 300 cycles. 
For instance, for transmitting 250 to 2950 cycle 
speech, nine amplitude pattern control channels 
have been used, with filters F1 to F9, respectively, 
passing the speech bands 250-550 cycles, 550-850 
cycles, S50-1150 cycles, 1150-1450 cycles, 1450 
1750 cycles, 1750-2050 cycles, 2050-2350 cycles, 
2350-2650 cycles, and 2650-2950 cycles. In this 
case filters F1' to F9', respectively, were arranged 
to pass these same bands and, likewise, ñlters 
F1” to F9”. 

Another simplification of the circuit of some 
interest may be obtained by eliminating the fre 
quency pattern control channel FP and FP’. We 
then cannot switch from the multivibrator circuit 
MVn to the resistance noise source FPS, but must 
use either the resistance noise or the multivibra 
tor now set at an arbitrarily chosen frequency 
such as the average vocal cord frequency. In 
teresting sound effects are thus produced. With 
the. fixed frequency multivibrator source the 
manufactured speech has the sound of a whisper. 
Both circuits, however, give good intelligibility 
at a considerable reduction in the circuit equip 
ment required and may, therefore, be useful 
where naturalness is not an important factor or 
not a. requirement in transmitting speech sounds. 
Another possibility, of course, is to vary the pitch 
of the multivibrator source by means of dial. In 
this way the emotional character may be intro 
duced into the artificial speech, or it may be given 
some abnormal or bizarre effect. 

Ordinarily, with a system of the type shown, 
the permissible range of volume transmitted 
might well be somewhere from 20 to 40 decibels, 
for example. The wider the frequency band the 
easier it is to get a large number of volume range 
steps at the receiving end without too fine ad 
justments of the apparatus. The smaller the 
volume range, the more readily can transmission 
be carried on over long circuits of high attenua 
tion such as submarine cables. That is, signal 
levels down much nearer to resistance noise can 
be used and therefore the cable can be a cheaper 
cable of greater attenuation than could other 
wise be used, or a wider frequency range can be 
used on a given cable. 
Any desired portion of the circuit or link be 

tween the terminals of the system may be a two 
Wire, four-wire or radio circuit. It will be under 
stood that for multiplex carrier transmission of 
a plurality of conversations simultaneously over 
a common transmission circuit or medium, 
either by wire or by radio transmission, each 
speech channel may have its speech band re 
duced in frequency range by a speech frequency 
compressing circuit (such as the circuit 2 of Figs. 
1 and 2) and then applied to the modulating 
channel of the wire carrier or radio carrier multi 
plexing apparatus at one end of the system. At 
the other end the band detected by the demodula 
tor of the wire carrier or radio carrier multiplex 
ing apparatus will correspond to this narrowed 
band and may be impressed upon a speech fre 
quency restoring circuit (such as the circuit 3 of 
Figs. l and 3). 

It is emphasized that the output of the speech 
frequency compressing circuit 2 of Figs. 1 and 2 
is unintelligible, rendering it diflicult for unau 
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thorized persons to tap the circuit and affording 
a high degree of secrecy in either wire or radio 
transmission. The waves transmitted, through 
the medium L, directly contain no intelligibility 
whatever. 
Where the circuit connecting the terminals of 

the transmission system is, for example, a trans 
Atlantic submarine telephone cable, the reduc 
tion of the frequency range transmitted can be 
of great aid especially because of the difficulty of 
inserting the desired number of amplifiers to keep 
down the attenuation at high frequencies. 
In multiplex telephony over cable or open wire 

lines or by radio transmission, the reduction of 
the frequency range can facilitate an increase of 
the number of channels on a line or in the trans 
mission medium, as for example, the placing of 
two or more speech channels, on the line or in the 
transmission medium, in the frequency range or 
dinarily occupied by one. 
The compression of the frequency range of the 

transmission, in accordance with the invention, 
can increase the signal-to-noise ratio obtaining 
at the receiver without necessitating increase of 
the sending level of the signal, Thus if the fre 
quency band is reduced by a factor of l0 and the 
same sending level used there is a gain of l0 
decibels in the signal-to-noise ratio because the 
noise power is proportional to frequency band. 
This is of especial importance in long radio trans 
mission systems such as the trans-Atlantic, for 
example, in which the transmission medium is 
unsatisfactory for the desired grade of transmis 
sion of the original communication signals be 
cause of inadequate signal-to-noise ratio in the 
transmission medium. 
The compression of the frequency range also 

has the advantage that for a radio system the 
chances of fading in a given band are reduced. 
Furthermore, for a given available frequency 
range, it is possible to divide the range into a 
greater number of channels, each of reduced 
range, and certain channels may then be set 
aside as spares to be used when any of the regu 
lar channels fail through fading. 

General engineering considerations 
As will be pointed out later, a study of the 

commutator effect reveals that it acts like an 
aperture in television and therefore functions 
as a low-pass filter (see pages 601 to 603, Bell 
System Technical Journal of 1927), as will be 
discussed in more detail later. The commu 
tator has the advantage, over the low frequency 
carrier method of transmitting the control sig 
nals as disclosed in my application, Serial No. 
47,393, that it involves no delay or delay dis 
tortion in the usual sense. By using the com 
mutator at both ends of the restricted frequency 
line the carrier band selecting ñlters at both 
terminals of the system are eliminated. The 
time between two successive rotations of the dis 
tributor is not true delay because the two suc 
cessive commutations of a particular channel cur 
rent wave that occur here involve merely the 
transmitting of the amplitude values of the cur 
rent waves from interval to interval along the 
length of the wave as the wave progresses. There 
is, of course, the action of the integrating circuit 
in which the charge between two successive com 
mutations along the length of the wave is held 
between commutator brush wipings, and this 
gives an average delay equal to one-half of this 
period, but this is merely a storage delay. 
In order to clarify the action of the problem, 

graphs have been drawn, as shown in Fig. 4, 
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representing the wave forms in the frequency pat 
tern control channel and in the ten amplitude 
pattern control channels, The waves represented 
in each channel in Fig. 4 are the detected or recti 
fied waves appearing in the output of the detec 
tors Dn to D10, respectively, of Fig. 2, if the high 
voice frequencies are cut out and only the low 
syllabic frequencies retained. It will be noted 
that each of these wave forms is repeated at suc 
cessive intervals, thus representing the repetition 
of the same syllable. The graph is presented in 
this form for the reason that it is easier to pic 
ture what happens if the same sound is repeated 
over and over to give rise to steady-state features, 
for after all, the system that transmits a re 
peated sound Well will transmit the same sound 
well if it is given but once with other sounds 
substituted before and after. As will be seen 
from the wave depicted in the zero channel, the 
frequency pattern control current will, in gen 
eral, be a more or less steady current with pulses 
corresponding to the syllabic frequencies of 
speech. The waves drawn for the amplitude pat 
tern control channels are not drawn to represent 
any particular sound but are more or less typical 
values such as might reasonably »be expected to 
occur. 

Repetition of the syllables is assumed at the 
rate of ñve per second because it has been found 
that simple sounds can be made at the rate of 
six or seven per second, (“tut” 6.7 for instance) 
while more complicated sounds like “start” can 
only be enunciated at the rate of about three per 
second. It is therefore concluded that five sounds 
per second or three hundred per minute is a fair 
rate to assume. This time allowance is con 
sidered quite ample, for “tut” is really two sounds 
and therefore involves enunciation at the rate of 
twelve or fourteen per second, while “start” is 
really five sounds involving enunciation at the 
rate of fifteen per second as against not over five 
per second observed on ordinary telephone con 
versations. 
The amplitude characteristics of the currents 

in the several frequency band channels or ampli 
tude pattern channels are shown different from 
channel to channel, for it has been found to be 
so in oscillograms taken for actual cases. It 
should also be noted that the currents in the 
different channels are assumed to be integrated 
over intervals of 40 milliseconds or 1/¿5 of a sec 
ond (the time assumed for one rotation in the 
distributor) so that the integrated current be 
tween successive commutations, as represented by 
the dotted lines, is an average of the various cur 
rent values occurring between two successive 
commutations This integration represents the 
effect of the resistance condenser circuits of the 
integrators In tov Im of Fig. 2. 
We now have the following data.: 
Line frequency=25 per second. (This line fre 

quency corresponds to the term line frequency of 
scanning as used in television. It is the rate of 
scanning from element to element along the 
length of a given wave as distinguished from the 
scanning from channel to channel along the fre 
quency spectrum.) 

Number of elements per line=11 
Number of elements per second=25><11=275 

2 5 _gr =137.5 cycles 
Required line frequency=137.5 cycles>< 1.1 to 1.4 

=151 cycles to 192.5 
cycles. 

Element scanning frequency = 

The element scanning frequency is effective in 
transmitting channel to channel variation. 
These variations are, of course, plotted one above 
the other in a vertical line in the diagram of 
Fig. 4. If we take the dashed lines in the third 
column, for example, and plot them horizontally 
instead of vertically, we will get a curve such as 
curve c of Fig. 6, representing the current varia 
tion from channel to channel. This curve is 
plotted as a smooth curve drawn through the in 
dividual amplitude values represented by the 
dashed lines in column 3 of Fig. 4. This gives 
the third vertical scanning line of Fig. 4 to be 
transmitted in the time interval from 80 to 120 
milliseconds. The first vertical column will be 
transmitted in the time interval from 0 to 40 
milliseconds, the second vertical column in the 
interval from 40 to 80 milliseconds, and so forth. 
In order to understand what is actually trans 

mitted over the transmission line as the result of 
the commutator action, each sound may be 
thought of as having a characteristic amplitude 
varying with frequency, as shown by curve c of 
Fig. 5, in which ordinates from 1 to 10 correspond 
to different channels or different frequency sub 
bands. This energy is not fed out as uniform 
power but is a. power that increases from zero 
up to its maximum value as represented by the 
curve c. This corresponds to shifting the curve 
up and down as represented by the curves a, b, c, 
d and e in the order stated, these curves repre 
senting the conditions for the ñve intervals of 
time shown in Fig. 4 between zero and 200 milli 
seconds, the assumed duration of a syllable. 
The curves of Fig. 5 represent the assumed con 

ditions resulting from amplitude shifts alone. 
There is, however, an effective Wave distortion 
which must be taken into account, that is, the 
change of the shape of any one of the curves a, 
b, c, d and e during the progress of the sound. 
'I‘his eifect may, for instance, be a shift of reso- '4 
nance from an initial position at lower frequen 
cies to a final position at higher frequencies. This 
effect is plotted in the case of the curves a, b, c, 
d; and e in Fig. 6. Comparing these curves With v 
the corresponding curves of Fig. 5, it will be seen 
that the curve a. is increased in amplitude over 
the range from 1 to 4 which may be thought of as 
corresponding to a degree of resonance at point 1J. 
Curve b in Fig. 6 is drawn to show resonance at 
the point w. Curve c shows resonance at point 
œ. Curve d shows resonance at point y, and 
curve e shows resonance at point z. By compar 
ing the individual values of these curves from 
channel to channel with the integrated values 
represented in the dotted lines in the first ñve 
time intervals of Fig. 4, it will be seen that there 
is an exact correspondence. While these reso 
nance and other similar effects may take place as 
indicated at syllabic rates, it should be under 
stood that the curves are not drawn from actual 
findings from an actual study of oscillographs of 
speech sounds, but are merely typical curves._ 
It is known that an average speech sound corre 
sponds to a shifting of a multiplicity of resonant 
ranges in some cases at least. 
As actually drawn, the curves of Fig. 4 assume 

that scanning takes place along the vertical di 
vision lines at the time intervals indicated at the 
bottom of the sketch. In practice, this could 
only be done by introducing successively graded 
delay networks in each channel so that as the 
brush rotates from segment to segment it would 
encounter the wave of each particular channel at 
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corresponding intervals of time along the progress 
of each wave. As such a complicated storing ar 
rangement would be impractical from a cost 
standpoint, the actual scanning from channel to 
channel would take place as represented by the 
dashed diagonal line shown in the first vertical 
column of Fig. 4; Since the wave is integrated 
over the 40 millisecond time interval the slight 
deviation from vertical scanning, actually in 
volved, is of small consequence. 
Amplitude changes from channel to channel in 

the vertical direction correspond to the variation 
in amplitude of the signal with frequency, and 
are well transmitted. If we consider the effect 
in the direction at right angles to the direction 
of scanning, we find a different condition. This 
direction gives the amplitude-time characteristic 
of the Wave in each channel, Whereas the vertical 
scanning from channel to channel gives the am 
plitude-frequency characteristic of the signal at 
a given time interval. In .040 second the com 
mutator brush must contact the frequency pat 
tern segment and ten amplitude pattern seg 
ments. This allows somewhat less than .004 
second for each segment. 'I'his time may be spent 
on the commutator section or any fractional part 
thereof. 
During this time the commutator segment 

may have either of two things applied to it: 
(1) the instantaneous voltage picked off a prop 
erly terminated circuit, or (2) the voltage (or cur 
rent resulting therefrom) integrated by a con 
denser-resistance circuit, On the other hand, a 
low-pass filter may be inserted after the recti 
iler to pass the syllabic frequency pulses of the 
order of 10 cycles or less and cut out the higher 
telephonie frequencies, or, such a filter may be 
omitted. 

Considering these possibilities together, it 
seems preferable to use an integrating circuit 
rather than pi-ck off instantaneous voltages for, 
in this case, the low-pass illter becomes unneces 
sary. In integrating, the higher telephonie fre 
quencies will alternate many times per second 
during a commutating interval with the result 
that many complete oscillations at the higher 
frequency rate will be applied to the integrating 
circuit. In such case the effect of the integrator 
on the high frequency oscillations is to cause the 
positive half of the wave to cancel out the nega 
tive half, leaving no net high frequency change 
unless the last oscillation does not go through a 
complete cycle just before the end of the inte 
grating period. In this case the integrated re 
sult will be small as it is, in effect, distribute-d 
over the entire integrating period. This corre 
sponds to a very appreciable loss at the higher 
frequencies of the wave. 
For example, consider the lowest frequency 

band of speech selected, which is from 250 to 530 
cycles. Integration occurs over one twenty-fifth 
of a second and includes ten complete cycles at 
250 cycles per second. At this frequency the posi 
tive half-cycles of the wave are all canceled by 

' the negative half-cycles, giving an infinite loss. 
The loss decreases from 250 cycles down to a 
minimum loss at a half period point which is one 
half of twenty-five cycles or twelve and one-half 
cycles away as shown in the curve of Fig. 14. 
Thus at 262.5 cycles per second there will be 
a summation of ten and a half cycles during one 
twenty-fifth of a second. The ñrst ten of these 
cycles are canceled out, the positive half against 
the negative half. The remaining half-cycle is 
averaged over a period corresponding to ten and 

13 
one-half cycles which is 21 times longer than 
the time of the last half-cycle. This amounts to 
a loss of about 261/2 decibels, and would be more 
than ample to suppress the ripple due to this high 
frequency component being added on to the syl 
labic frequencies present in the channel, It is 
therefore evident that the filter action produced 
by the combination of the commutator with the 
integrating circuit effectively suppresses the high 
frequency components without the use of any 
filter. 
With respect to the syllabic frequencies to be 

transmitted, in scanning along the wave in each 
channel from point to point with successive rota 
tions of the brush of the distributor (i. e., in the 
horizontal direction in Fig. 4) , the transmission 
is not always so satisfactory as is the case in 
scanning from channel to channel. This effect 
may be described as “penalized” scanning. That 
the scanning is of this type along the length of 
the channel Wave is due to the fact that we stay 
on the curve a brief time (less than .004 second) 
and then leave it for somewhat more than .036 
second before we return. 
A better understanding of this may be obtained 

if we consider a single frequency component 
having a half-period equal to the time between 
successive scannings of a particular commutator 
segment, or the scanning of one vertical line. 
In other words, if Fc is the frequency of a wave 
which just completes a full cycle in the time 
between successive scannings of a given segment, 
the wave frequency we are to consider will be 

fr 
2 

The effect will be seen from the curves of Fig. 10. 
'I'he upper curve shows the case where the inte 
grating period starts at the zero amplitude point 
of the wave. In this case we first get a strong 
positive summation for the first half-wave fol 
lowed by an equally strong negative summation 
corresponding to the second half of the wave. As 
indicated at the right and as represented by the 
dotted line curve, the only effect has been to put 
a square top on the wave. If, however, we corn 
mence integrating at the 90 degree point of the 
wave, as indicated by the lower curve of Fig. 10, 
the first integration gives zero because the posi 
tive quarter cycle of the wave cancels the suo- . 
ceeding negative quarter cycle. Similarly, in the 
second and all succeeding integrations, the posi- 
tive and negative wave elements cancel each 
other. The result is equivalent to an infinite 
loss at this frequency. Obviously, the transmis~ 
sion may be good or bad for scanning in the di 
rection along the wave, depending on the fre 
quency and its phase relation with respect to the 
scanning interval. It is evident, therefore, that 
intrachannel scanning is of the penalized type 
while the interchannel scanning is of the non 
penalized type. 
The frequency where this trouble due to pe 

nalized scanning comes in is that at which the 
half-cycle wave is completed in one twenty-fifth 
of a second or .040 second, so that the whole 
wave is completed in .080 second. In order to 
understand this more fully let us consider the 
effect of the commutator and. integrating circuit 
as a filter. 
that in a given channel a frequency of 25 cycles 
per second is being transmitted. Regardless of 
the point along the particular wave-length at 
which the scanning operation takes place, it will 
be evident that during one rotation of the dis 

Referring to Fig. 15, let us suppose ' 




















