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United States Patent Office 

3,109,070 
PTCH SYNCHRONCUSAUTGCORRELATION 

WOCODER 
Edward E. David, Jr., and John R. Pierce, Berkeley 

Heights, N.J., assignors to Bell Telephone Laboratories, 
incorporated, New York, N.Y., a corporation of New 
York 

Fied Abag. 9, 1960, Ser. No. 48,423 
12 Cairns. (C. 579-5.55) 

This invention relates to speech transmission systems, 
and particularly to the transmission of speech over nar 
IOW-frequency band channels in terms of autocorrelation 
functions. 
Among speech coding systems for the conservation of 

transmission channel bandwidth, one of the best known 
is the so-called channel vocoder described in H. W. Dud 
ley Patent 2,151,091, issued March 21, 1939. At the 
transmitter terminal of the channel vocoder, the ampli 
tude spectrum of an incoming speech wave is divided 
into frequency bands by a group of band-pass filters, and 
the energy contained within each band is represented by 
the magnitude of a low-frequency control signal. After 
transmission over a reduced bandwidth channel to a re 
ceiver terminal, the control signals adjust the energies 
of frequency bands of an excitation spectrum generated 
at the synthesizer. The energy-adjusted frequency bands 
are then combined to produce synthetic speech. 

Synthetic speech produced by the Dudley vocoder is 
distorted by the inherent limitations of the band-pass fil 
ters that it employs. For ideal reproduction of speech, 
the speech amplitude spectrum should be represented by 
a group of points; as practiced by the Dudley vocoder, 
however, the finite widths of the band-pass filters pro 
duce "points' that are in fact averages of many points 
within the spectral bands passed by the filters. 

It is a specific object of this invention to eliminate the 
need for band-pass filters and to reduce distortion in 
synthesized speech by representing speech in terms of 
nearly ideal points on its autocorrelation functions. 

In this invention, an incoming speech wave is first 
band-limited and then correlated with itself at the ana 
lyzer to obtain a number of samples of each period of 
the speech autocorrelation function. These samples of 
the autocorrelation function constitute a group of control 
signals. 
row-frequency band because the autocorrelation function 
changes very little from period to period; further, the 
entire group of control signals occupies a much smaller 
band of frequencies than does the original speech Wave, 
thereby yielding a substantial saving in transimission chan 
nel bandwidth. At the synthesizer, the control signals ad 
just the amplitude of an excitation signal generated at 
the synthesizer, and a synthetic speech wave is recon 
structed from the amplitude-adjusted excitation signal. 
Another autocorrelation function representation of 

speech is obtained in the present invention by correlating 
the incoming speech wave with both itself and its Hil 
bert transform to obtain a number of autocorrelation 
samples composed in equal parts of samples of periods 
of the autocorrelation function and samples of periods 
of the ninety-degree phase-shifted autocorrelation func 
tion. These samples of the two autocorrelation functions 
also constitute a group of narrow-band control signals. 

In order to reconstruct an accurate replica of the 
speech autocorrelation function at the synthesizer, the 
sampling theorem requires that the samples of each 
period of the autocorrelation function be spaced at the 
Nyquist interval. Since the number of samples per 
period depends upon the length of the fundamental period, 
which is the reciprocal of the variable fundamental pitch 
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frequency of the original speech wave, variations in the 
fundamental pitch frequency must be accompanied by 
changes in the number of autocorrelation samples if dis 
tortion-free speech is to be reproduced. Accordingly, 
it is a specific object of this invention to reproduce Syn 
thetic speech with accuracy by varying the number of 
autocorrelation samples in synchrony with the instan 
taneous fundamental pitch frequency. 
The number of autocorrelation samples is varied in 

synchrony with the instantaneous fundamental pitch fre 
quency by first obtaining a fixed number of samples cor 
responding to the longest pitch period to be accurately 
reproduced. The fixed number of samples is then passed 
through a bank of gates that are set to close at various 
predetermined thresholds in response to a variable mag 
nitude pitch control signal. As the talker's pitch changes, 
the pitch control signal changes the number of gates in 
the open condition, thereby varying the number of auto 
correlation samples passed by the gates. The samples 
passed by the gates constitute narrow-band control sig 
nals from which distortion-free synthetic speech may be 
reproduced. - 

Transmission channel bandwidth is further conserved 
in this invention by taking advantage of the symmetry of 
autocorrelation function. This is achieved by obtaining 
samples of half periods of the symmetrical autocorre 
lation function at the analyzer, and by deriving from 
each control signal transmitted to the synthesizer two 
equal amplitude, symmetrically located points on each 
period of the reconstructed speech wave. Similarly, 
half periods of the antisymmetrical ninety-degree phase 
shifted autocorrelation function are sampled at the ana 
lyzer, and at the synthesizer, two equal amplitude, anti 
symmetrically located points on each period of the re 
constructed wave are derived from each half-period 
sample. By thus reducing the number of control sig 
nals by a factor of two, the bandwidth necessary to trans 
mit the control signals is also reduced by a factor of two. 
An inherent source of distortion in the representation 

of most speech sounds by autocorrelation functions lies 
in the quadratic character of the amplitude spectra of 
autocorrelation functions generally, as compared with 
the amplitude spectra of the waves from which they are 
derived. It is a specific object of this invention to elimi 
nate the quadratic distortion inherent in the autocorrela 
tion function representation of speech by performing a 
square-root-taking operation upon the amplitude spec 
trum of the speech autocorrelation function. 

In this invention, the autocorrelation control signals 
are converted into signals representative of discrete values 
of the autocorrelation amplitude spectrum by a network 
composed of an array of multiplier elements supplied 
with weighting signals. The control signals and the 
weighting signals are combined by the array of multipliers 
in accordance with a Fourier transformation to produce 
autocorrelation amplitude spectrum signals. The spec 
trum signals are then applied to a group of Square-root 
taking circuits which produce rooted spectrum signals 
representing an amplitude spectrum of the same shape 
as the amplitude spectrum of the original speech Wave. 
Artificial speech free of spectrum squaring distortion is 
reproduced from the autocorrelation function counter 
parts of the rooted spectrum signals, the counterparts 
being generated by a second array of multipliers supplied 
with weighting signals in accordance with an inverse 
Fourier transformation. 
An important feature of this invention is the variation 

of the magnitudes of the output signals of the multiplier 
arrays in synchrony with changes in the fundamental pitch 
frequency of the original speech wave. This synchronism 
is required for accurate reproduction of speech, since 
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both the autocorrelation function and its amplitude spec 
trum are functions of the variable fundamental pitch fre 
quency. Synchronization is achieved by varying the nilag 
nitudes of the weighting signals in Synchrony with the in 
stantaneous fundamental pitch frequency. 5 
The invention will be fully understood from the fol 

lowing detailed description of illustrative embodiments 
thereof take in connection with the appended drawings, 
in which: 

FIGS. 1A, 1B, 1C, 1D, 1E, and 1F are waveform dia 
grams of assistance in explaining the operation of the 
apparatus of this invention; 

FIG. 1G is a schematic block diagram showing a com 
plete speech transmission system based upon the principles 
of this invention; 

F.G. 2A is a schematic block diagram showing appa 
ratus for representing speech in terms of autocorrelation 
control signals; 

FIG. 2B is a graph showing the variation of the thresh 
old voltages of the gates of FIG. 2A with increasing delay 
times of the input signals to the gates; 

FIG. 2C is a graph showing the variation of pitch con 
trol signal voltage from circuit PC2 of FIG. 2A as a func 
tion of the fundamental pitch frequency of the incoming 
speech wave; 

FIG. 3 is a schematic block diagram showing apparatus 
for reconstructing artificial speech from autocorrelation 
control signals; 

FIG. 4 is a schematic block diagram showing apparatus 
alternative to that of FIG. 2A; 

FIG. 5 is a schematic block diagram showing apparatus 
for reconstructing artificial speech from autocorrelation 
control signals produced by the apparatus of FIG. 4; 

FIG. 6A is a schematic block diagram showing ap 
paratus for unsquaring the amplitude spectrum of the con 
trol signals produced by the apparatus of FIG. 2A; 

FIG. 6B is a schematic block diagram showing ap 
paratus for generating autocorrelation control signals 
from the rooted spectrum signals produced by the ap 
paratus of FIG. 6A; 

FIG. 7A is a schematic block diagram showing ap 
paratus for unsquaring the amplitude spectrum of the 
control signals produced by the apparatus of FIG. 4; and 
FIGS. 7B and 7C are schematic block diagrams show 

ing apparatus for generating autocorrelation control sig- 45 
inals from the rooted spectrum signals produced by the 
apparatus of FIG. 7A. 

Mathematical Foundations 
A periodic speech wave g(t) with period T, fundamental 50 

frequency 

O 

15 

20 

30 

35 

4. 

and bandwidth W may be expanded in a Fourier series 55 

g(t) => G(nfo) cos (2nnfot+h) (1) 
where the coefficients G(nfo) constitute the amplitude 
spectrum of g(t), and ln are the phase angles. 
The autocorrelation function of g(t) is defined as 

60 

where p(T) has the same period as g(t), and the variable t 65 
represents the amount of time by which the speech wave is 
delayed before being multiplied together with the unde 
layed speech wave. 

Substituting (1) into (2) and performing the indicated 
integration produces 70 

p(t) => p(nfo) cos (2arnfot) (3) 
where 

d(nfo)=p(-nfo) (3.a) 75 

4. 

that is, g(nfo) is an even function, the amplitude spec 
trum of p(r) is the square of the amplitude spectrum of 
g(t), and all of the phase angles of p(t) are Zero. 
The Hilbert transform of g(t) is defined as 

G(t) => G(nfo) sin (2rnfot+h) 

and 

(3.b) 

(4) 

and by correlating g(t) and g(t) in accordance with Equa 
tion 2, there is produced the ninety-degree phase-shifted 
speech autocorrelation function 

al?, am- - (r) = a(t)-g(-r)d (5) 
where s(t) has the same period as g(t). Substituting 
(1) and (4) in (5) and performing the indicated integra 
tion, Equation 5 becomes 

2(r) =>í(nfo) sin (2rnfor) (6) 
where 

i(nfo=tp(nfo), for infoD0 (7) 
and 

i(nfo)=-f(nfo), for nfo<0 (7a) 
that is, i (nfo) is an odd function with the same absolute 
amplitude as sp(nfo). 

FIG. A shows several periods of a typical speech wave, 
and FIGS. 1B and 1C show several periods of its auto 
correlation functions sp(t) and (t), respectively. 

FIG. 1D shows the amplitude spectrum of a typical 
voiced sound, and FiG. E. shows the amplitude spectrum 
of the corresponding speech autocorrelation function. A 
comparison of FIG. D with FIG. 1E reveals that squaring 
the amplitude spectrum as given in Equation 3b produces 
a doubling, in decibels, of the amplitude differences be 
tween peaks of the spectral envelope, thereby suppressing 
the relatively small peaks. 

FIG. 1F illustrates the amplitude spectrum icnfo) of 
i(t) corresponding to the voiced sound of FIG. 1D. It 
is observed that {(nfo) is antisymmetrical about f=0, 
whereas both G(nfo) and d(nfo) are symmetrical about 
f=0. 

Since dp(nfo) is symmetrical over the interval -W.W 
centered about f=0, it may be expanded in a Fourier 
cosine series over this interval 

(of)-gu, S. (ii) cos(2nd (f)] 
(8) 

where T is the period and W is the bandwidth of both 
g(t) and p(r). Since the half-period samples of both 
p(t) and the cosine function from 

T 
- to O 

are mirror images of the half-period samples from 

0 to , 
d(nfo) is uniquely determined by either set of half 
period samples; hence Equation 8 may be rewritten 

d(nf) -Ty (0) +" (i. COS 2n(i) 
(9) 
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The inverse of Equation 9, corresponding to Equation 3, 
is 

Y 

e(s)= (of) COS 2rn?(s) (9a) 
The symmetry of the values of g(nfo) itself over the 

interval -W.W) implies that f(nfo) is uniquely deter 
mined by its values over either of the half intervals, 
-W,0) or 0, WI. Considering the nonsymmetrical, 

one-sided spectrum Ew (nfo.) Egb(nfo), 02nfo2W, over 
the half interval [0, WI, it may be decomposed into an 
even function f(nfo) and an odd function is (nfo), 

dbw (nfo)=p(nfo) -- ps(nfo) (10) 
where 

d d(nfo) =% g(nfo)--de(nfo-W (11) 
al 

d(nfo)=% g(nfo)-f(nfo-W)] (12) 
From Equations 7 and 7a, Equation 12 may be written 

Expanding dew (nfo) in a Fourier series, the even part 
d(nfo) gives rise to cosine terms whose coefficients are 

"3rd (nfo) -- (nfo-W) cos 2nf(t)a(ni) E. (ii) 
(14) 

and the odd part ds(nio) gives rise to sine terms whose 
coefficients are 

"Sticni)+info-W)) sin2rnf(i)a(ni)= e(i) 
(15) 

Therefore, the Fourier series expansion of {w(nfo) is 
TW 

dew (nfo) -TW > (5) OS 2nf(...) 
= --- 2 

or, from symmetry considerations, 
NTY 

2 s 

o: 2. (ii) cos 21rnfo i) 

+2(i) sin trict) 
(17) 

2 
dw (nfo) TW 

The speech correlation function 

ev(5) 
corresponding to Pw (nfo) may also be expanded in a 
Fourier series 

p=- 
i fo i w(i. 2. de(nfo) cos 2rn?(i) 

--dis (nfo) sin 2nf(t) 
(18) 

By definition, the coefficients of the sine and cosine terms 
in Equation 18 may be written in terms of the one-sided 
spectrum, 

(19) 
(19a) 
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5 
substituting (19) and (19a) into (18), the correlation 
function 

may be expressed in terms of the one-sided spectrum, 
y 

f ow(R)-3aw(ni)+ w(W-ni) cos 2nf(i) 
(20) 

Complete Speech Transmission System 
Referring first to FIG. 1G, an incoming speech Wave 

from source 80 is applied in parallel to pitch circuit 81 
and to speech autocorrelation function analyzer 82. An 
alyzer 82 derives samples of the speech autocorrelation 
function from the incoming speech wave, and, under the 
control of a pitch signal from circuit 85, varies the num 
ber of samples in synchrony with the instantaneous fun 
damental pitch frequency of the speech wave. The de 
tails of source 80, circuit 8, and analyzer 82 are de 
scribed below, as are the details of the other elements 
of FIG. G. 
The amplitude spectrum of the autocorrelation samples 

produced by analyzer 82 is unsquared by apparatus com 
posed of weighting signal sources 83, Fourier transforma 
tion networks 84 and 86, and square-root-taking circuits 
85. A speech wave is reconstructed from the unsquared 
autocorrelation samples by speech synthesizer 88, utiliz 
ing an excitation signal from generator 87, and artificial 
speech is reproduced from the reconstructed speech wave 
by reproducer 89. 

Pitch circuit 81 and analyzer 82 are located at a trans 
mitter terminal, while generator 87 and synthesizer 88 
are located at a receiver terminal. Elements 83, 84, 85, 
and 86, however, may be located at either the trans 
mitter terminal or the receiver terminal. 

Analyzer 
Referring now to FIG. 2A, an incoming speech wave 

g(t) from source 20, for example, a microphone, is 
passed through low-pass filter 210, which may be of any 
well-known variety. Filter 210 serves to band-limit the 
speech wave by removing all frequency components of 
g(t) greater than W cycles per second, where, for ex 
ample, the passband of filter 210 may be chosen so as 
to remove all frequency components greater than 
W=3,000 cycles per second. 
The band-limited speech wave output of filter 21i) is 

applied simultaneously to a tapped delay line, for exam 
ple, a tapped acoustic delay line 231, and to one of the 
input terminals of a bank of multipliers, for example, a 
bank of well-known modulators M2, M22, . . ., M2N, 
each provided with two input terminals and one output. 
termina. 

Delay line 23, which is terminated in a matched in 
pedance 21 to prevent reflection, is provided with N 
taps P21, P22, . . ., P2N, at which appear signals pro 
portional to samples of the variously delayed speech 
Wave, g(t-ti), g(t-t'), . . ., g(t-t'), where 

ti-sly seconds, 7-5, is a 7-5, Seconds 
are the various delay times corresponding to taps P21, 
P22, ..., P2N, respectively. 

Modulators M2, M22, . . ., M2N, in addition to re 
ceiving the undelayed speech wave at one of their input 
terminals, have their second input terminals connected 
to delay line taps P21, P22, ..., P2N, respectively, to 
receive the variously delayed speech wave samples as 
Second input signals. 

Seconds, . 



3,109,070 
7 

The modulators develop at their output terminals sig 
nals proportional to the products g(t).g(t-T1), 
g(t) g(t-ta), . . ., g(t) g(t-TN), which are then passed 
to a bank of averaging devices, for example, conventional 
low-pass filters F2s, F22, . . ., F2N, each having a cut 
off of 25 cycles per second. The magnitudes of the out 
put signals of filters F2, F22, . . ., F2N are propor 
tional to time averages of the product signals received 
from the bank of modulators; hence from Equation 2, 
it is seen that the magnitudes of these signals are propor 
tional to samples of the autocorrelation function at vari 
ous delay times, 

e(s): (i) e(s) 
In addition, the incoming speech wave is correlated with 

itself to form a signal proportional to p(0). This is 
achieved by applying the undelayed speech wave to both 
input terminals of modulator M29, and by passing the 
product output signal of M20 through low-pass filter 
F29. 
As pointed out in FIG. 1B, the samples of p(r) over 

each half period from 

-- to 27 to 2 
seconds delay are mirror images of the samples of p(t) 
over the half period from 

-- to 27 to 2 
seconds delay; hence p(T) is uniquely represented by 
TW samples, in addition to p(0), starting at 

1. 
2W 

seconds delay and ending at 
T 
2 

seconds delay, with a delay interval of 

seconds between successive samples. By reducing the 
number of control signals by a factor of two, the band 
width necessary to transmit the control signals is also re 
duced by a factor of two. For example, if p(t) has a 
period of T=10 milliseconds, then for a bandlimit of 
W-3,000 cycles per second, p(t) is uniquely determined 
by providing delay line 231 with TW=30 taps, where 
the delay time at tap P21 is 

--- 
2W 6 

millisecond, the delay time at tap P22 is 
- 2 =l 
2W 3 

millisecond, the delay time at tap P2N is 
T 
g = 5 

miliseconds, and the delay interval between adjacent 
taps is 6 millisecond. 

obtaining the correct number of samples of the speech 
autocorrelation function is complicated by variations in 
the period T of the speech autocorrelation function in 
synchrony with variations in the fundamental pitch 
frequency, 

fo= T 

of the original speech wave. In order to obtain the 
proper number of samples of each half period of the 
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8 
speech autocorrelation function despite these variations, 
delay line 231 of FIG. 2A is provided with that number of 
taps needed to obtain at the output terminals of filters 
F20, F2i, F22, . . ., F2N a sufficient number of half 
period autocorrelation samples of the longest period that 
it is desired to represent fully. Filters F20, F21, F22, 
. . ., F2N are then connected to conventional gates G20, 
G2a, G22, . . ., G2N, respectively, and when shorter 
periods occur, excess samples occurring at points past 
the 

T 
2 

seconds or half-period sample point are blocked by clos 
ing the appropriate gates. 
Gates G20, G21, G22, . . ., G2N are set to close at 

various predetermined thresholds in response to a pitch 
control signal from circuit PC2 whose magnitude varies 
in synchrony with the fundamental pitch frequency, as 
illustrated in FIG. 2C. Correspondingly, as shown in 
FIG. 2B, the thresholds of the gates are set at progres 
sively lower voltages as the delay times of the autocor 
relation samples applied to them increase. The solid 
line in FIG. 2C indicates that the voltage of the pitch 
control signal applied to the gates increases as the pitch 
periods become shorter than the maximum period, and 
the pitch control signal closes those gates that are sup 
plied with autocorrelation samples occurring at delay 
times past the half-period sample point. 
For example, if the longest pitch period that it is de 

sired to represent fully is 10 milliseconds (corresponding 
to a deep bass voice of fundamental pitch frequency 100 
cycles per second), and if frequency components greater 
than W-3,000 cycles per second are removed by filter 
210 of FIG. 2A, then in addition to p(0), 30 half-period 
autocorrelation samples are required to represent the 
period fully. By providing delay line 231 with 30 taps, 
and by providing 30 modulators and 30 filters (in addi 
tion to modulator M20 and filter F20 for p(0)), the 
longest autocorrelation function periods are adequately 
sampled. To the output terminal of each filter there is 
connected a gate, and when shorter pitch periods occur, 
for example, a pitch period of 5 milliseconds (correspond 
ing to a fundamental pitch frequency of 200 cycles per 
second), then only 15 half-period samples are required, 
besides p(0), and the remaining 15 samples, which occur 
at delay times past the half-period sample point, 

T 1. 
2 =25 

milliseconds, are eliminated by closing the 15 gates re 
ceiving the excess samples from their respective filters. 

in order to derive the pitch control signal for gates 
G20, G21, G22, . . ., G2N, the band-limited speech wave 
output of filter 218 is applied simultaneously to pitch. 
detector 212 and voiced-unvoiced detector 213 of circuit 
PC2. Pitch detector 22, which may be of any well 
known construction, develops at its output terminal a 
signal whose magnitude is directly proportional to the 
instantaneous fundamental pitch frequency, for of voiced 
sounds, as illustrated by the solid line in FIG. 2C. The 
output terminal of pitch detector 212 is connected to the 
control terminals of gates G20, G21, G22, . . ., G2N 
by relay 215 when voiced-unvoiced detector 23, of well 
known design, detects the presence of voiced sounds. 
When unvoiced sounds are present, however, voiced-un 
voiced detector 213 causes relay 215 to connect the out 
put terminal of energy source 216 to the control terminals 
of gates G20, G2a, G22, . . ., G2N. Energy source 216 
produces a signal of constant magnitude E, as shown by 
the dashed line in FIG. 2C, which permits sufficient auto 
correlation function samples to be passed by gates G20, 
G2), G22, ..., G2N. to specify unvoiced sounds. 
The signals from filters F20, F2, F22, . . . . F2N, 

passed by gates G20, G21, G22, . . . G2N, constitute a 
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set of control signals that represent half periods of the 
Speech autocorrelation function. It has been observed 
that the speech autocorrelation function changes very 
little from period to period, hence the variation of the 
control signals is very small. As a result, each control 
signals occupies a relatively narrow-frequency band, on 
the order of 25 cycles per second, and the entire group 
of control signals may be transmitted, if desired, over a 
much narrower frequency band than is required for trans 
mission of the original speech wave. It is to be under 
stood, however, that the control signals may be trans 
mitted by means of any well-known transmission method, 
for example, pulse-code modulation, to meet the re 
quirements of a particular application of this invention. 
The autocorrelation control signals transmitted to the 

synthesizer terminal must be supplemented with a signal 
that indicates whether the instantaneous speech sound is 
voiced or unvoiced, and if voiced, its fundamental pitch 
frequency. At the synthesizer, there is derived from this 
supplementary signal an excitation signal which is closely 
correlated with the vocal characteristics of the original 
speech wave, and the artificial speech reconstructed from 
the excitation signal thus preserves the vocal characteris 
tics of the original speech. As shown in circuit PC2 of 
FIG. 2A, the output terminal of voiced-unvoiced detector 
213 is connected to relay 224 so as to operate the relay 
when sounds detected by microphone 20 are voiced, and 
to disconnect the relay when the sounds are unvoiced. 
When the contacts of relay 24 are closed in response to 
the presence of voiced sounds, the output signal from 
pitch detector 212 serves as a supplementary pitch control 
signal to be transmitted together with the autocorrelation 
control signals. 

Synthesizer 
Speech is reproduced from the transmitted control 

signals at a synthesizer, a preferred embodiment of which 
is shown in FIG. 3. The synthesizer reconstructs full 
periods of a synthetic speech wave from the half-period 
control signals by using each control signal to form a 
pair of symmetrically disposed samples of the recon 
structed periods. The artificial periods thereby recon 
structed duplicate the symmetry of the original autocorre 
lation periods from which they are derived. 

Referring now to the apparatus of FIG. 3, the incom 
ing control signals 

e(0) (aly) • (,,) 
are applied to the control terminals of a bank of modula 
tors L3), L31, . . . L3N, respectively. The output ter 
minal of modulator L30 is connected to the center tap 
R36 of delay line 34i, which is terminated in a matched 
impedance 32 to prevent reflection. The output terminal 
of each of the other modulators L31, . . . L3N is con 
nected to delay line 341 via two taps which are disposed 
at equal intervals about center tap R30. Thus, for ex 
ample, the output terminal of modulator L3i is connected 
to taps R35, r31 spaced at equal 

1. 
2W 

second intervals about tap R30, respectively, and the out 
put terminal of modulator L3N is connected to taps R3N, 
r3N spaced at equal 

T 
2 

second intervals about tap R30, respectively. 
The incoming control signals applied to the control 

terminals of the modulators adjust the amplitude of a 
vocal excitation signal supplied to the modulators from 
vocal excitation signal generator 39i. The excitation 
signal is derived by generator 39 from the incoming 
pitch control signal, which is first passed through al 
equalizing delay 31 to synchronize the pitch control signal 
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O 
with the control signals. Excitation generator 391, which 
may comprise conventional buzz and hiss sources, oper 
ates to provide an excitation signal to the modulators that 
is closely correlated with the voiced-unvoiced and funda 
mental pitch frequency characteristics of the original 
speech wave. Artificial speech reconstructed under the 
influence of the control signals from the excitation signal 
supplied by generator 395 thus preserves the naturalness 
as well as the intelligibility of the original speech wave. 
The amplitude-adjusted excitation signals formed by 

the modulators at taps R31, . . . R3N are symmetrically 
located with respect to the signals formed at taps 
F31, . . ..., r3N, thereby duplicating the symmetry of 
(p(T) about the center of each period. The variously de 
layed signals appearing at the lower terminal of delay 
line 341 are smoothed to form an artificial wave by low 
pass filter 342, proportioned to eliminate all frequencies 
greater than 3,000 cycles per second. The output terminal 
of filter 342 is connected to a conventional reproducer 
343, which converts the artificially reconstructed electrical 
speech wave into audible and intelligible speech sounds. 

Alternate Analyzer 
Alternative apparatus for representing speech in terms 

of the one-sided amplitude spectrum, dw (nfo), is shown 
in FIG. 4. As given by Equation 17, dew (nfo) may be 
expressed in terms of half-period samples of both p(T) 
and p(r), and the apparatus of FIG. 4 is based upon this 
relationship. 

Referring now to FIG. 4, an incoming speech wave 
g(t) from microphone 40 is band-limited by low-pass 
filter 418 to remove all frequencies greater than W cycles 
per second, for example, 3,000 cycles per second. The 
band-limited speech wave is applied simultaneously to 
tapped delay line 431, of a suitable variety, and to one 
input point of modulators M4, M42, . . ., M4N. 

Delay line 431 is terminated in a matched impedance 
43 to prevent reflection, and is provided with taps P4A, 
P42, . . ., P4N, at which appear signals proportional to 
values of the variously delayed speech wave, g(t-t'), 
g(t-ta), . . ., g(t-TN), where 

ti-il, seconds t- Seconds, . . . t=A. seconds W y W y W 

are the various delay times corresponding to taps P4, 
P42, . . ., P4N, respectively. 
The signals appearing at the taps of delay line 431 are 

passed to the second input points of modulators M41, 
M42, ..., M4N, and the modulators develop at their 
output terminals signals whose magnitudes are propor 
tional to the products g(t) g(t-ti), g(t) "g (t-t'), ..., 
g(t) g(t-t'), respectively. The output terminals of 
these modulators are connected to averaging devices, for 
example, low-pass filters F4, F42, . . ., F4N, respec 
tively, which are constructed to pass frequencies equal to 
or less than 25 cycles per second, thereby forming output 
signals proportional to samples of the autocorrelation 
function at various delay times, 

e(), e() . . . . () 
In addition, the incoming speech wave is correlated with 

itself to form a signal proportional to the p(0) term in 
Equation 17. This is accomplished by applying the un 
delayed speech wave to both input terminals of modulator 
M40, and by passing the product output signal g(t) g(t) 
of M40 through low-pass filter F40. 
The band-limited speech wave output of filter 410 is 

also applied to ninety-degree phase-shifter 430 which 
develops a signal proportional to the Hilbert transform 
g( t) of the speech wave. The use of ninety-degree phase 
shifter 430 to obtain the Hilbert transform of the speech 
wave is based upon the well-known quadrature relation 
ship between a function and its Hilbert transform, a proof 
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of which is found in S. Goldman, Information. Theory, 
page 332 (1953). Since functions that are in quadrature 
with each other differ solely in phase by ninety degrees, 
element 430 may be one of several equally suitable 
ninety-degree phase-shifting devices for obtaining the 
Hilbert transform g(t) of the input signal g(t). 
The Hilbert transform output of phase-shifter 430 is 

applied in parallel to one input point of modulators M41, 
M42, . . . , M4N, and together with the delayed signals 
from taps P41, P42, . . . , P4N applied to the second 
input points of these modulators, there is formed at their 
output terminals signals whose magnitudes are propor 
tional to the products g(t) g(t-ti), g(t) g(t-t'),..., 
g(t) g(t-ts). The output terminals of modulators 
M41, M42, e o M4N are connected to low-pass filters 
f41, f42, e e s f4N, respectively, of a construction 
similar to that of filters F41, F42, . . . , F4N, thereby 
developing output signals whose magnitudes are propor 
tional to values of the ninety-degree phase-shifted speech 
autocorrelation function, 

() () . . . . (5) 
in accordance with Equation 5. 
From Equation 17, the one-sided amplitude spectrum 

is determined by 
TW (+1) 

half-period samples of p(r) and 
TW 
2 

half-period samples of (r). It is understood, however, 
that the half-period samples of i(r) from 

l, to 17 to 2 
seconds delay are inverted images of the half-period sam 
ples from 

1. T 
- to 

seconds delay. 
As in the case of the representation of speech by Sam 

ples of p(r) alone, variations in the period T of both 
p(t) and (r) make it necessary to vary the number of 
samples of both p (t) and t (t) in synchrony with changes 
in the fundamental pitch frequency, 

fo= i 
of the incoming speech wave. This is achieved by provid 
ing delay line 431 with a fixed number of taps sufficient 
to sample the longest pitch period to be fully represented. 
For pitch periods shorter than the maximum to be repre 
sented fully, filters F40, F41, F42,..., F4N, and F41, 
F42, . . . , f4N are connected to gates G40, G41, 
G42, . . . , G4N, and 641, 642, o a 4 is G4N, respec 
tively, which block excess samples occurring at points 
past the half-period sample point of both p (t) and p(T). 
The gates shown in FIG. 4 operate in the same fashion 
as the gates shown in FIG. 2A, being set to close at 
various predetermined thresholds by a variable magni 
tude pitch control signal from circuit PC4. Circuit PC4, 
which is identical in both structure and operation to 
circuit PC2 of FIG. 2A, produces from the band-limited 
output signal of filter 410 a pitch control signal whose 
magnitude is proportional to the instantaneous funda 
mental pitch frequency. 
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12 
The autocorrelation samples passed by the gates con 

stitute a set of control signals representing half periods 
of each of the speech autocorrelation functions, p(T) and 
sp(T). Each of these signals occupies a relatively narrow 
frequency range, on the order of 25 cycles per second, 
and the entire group of signals may be transmitted over 
a substantially narrower band of frequencies than that 
required for transmission of the original speech wave. 
As in the case of speech representation by samples of 

sp(T) alone, the control signals derived by the analyzer 
apparatus of FIG. 4 must be supplemented with a signal 
indicative of the voiced-unvoiced and fundamental pitch 
frequency characteristics of the instantaneous speech 
sound. This supplementary or pitch control signal is 
derived from the incoming speech wave from source 40 
by circuit PC4. The pitch control signal and the auto 
correlation control signals constitute the compressed fre 
quency representation of speech from which artificial 
speech is reconstructed. 
The autocorrelation control signals and the supple 

mentary signal produced by the apparatus of FIG. 4 may 
be transmitted over a narrow-band channel by any suit 
able method, for example, by pulse-code modulation. 
After transmission, speech is reproduced from the signals 
by a synthesizer, a preferred embodiment of which is 
shown in FIG. 5. 

Alternate Synthesizer 
The synthesizer shown in FIG. 5 simultaneously recon 

structs samples of symmetrical periods from the half 
period p(T) control signals and samples of antisym 
metrical periods from the half-period 8( t) control signals. 
The two sets of samples are added and filtered to form 
a speech wave whose one-sided amplitude spectrum 
dbw(ni) contains the same information as the two-sided 
amplitude spectrum E (nfo) of p(T). 

Referring now to FIG. 5, control signal p(0) is applied 
to the control terminal of modulator L50, the output termi 
nal of which is connected to the center tap R50 of delay 
line 541, terminated in a matched impedance 521 to 
prevent reflection. Each of the other control signals is 
applied simultaneously to the control terminals of two 
modulators whose output terminals are connected to delay 
line 541 through two taps disposed at equal intervals 
above and below center tap R50. Thus control signal 

(7) 
for example, is applied to the control terminals of modula 
tors L5i, i51, the output terminals of which are connected 
to taps R51, r51, respectively, located at equal 

W 

second intervals about center tap R50. - 
In addition, the output terminals of each pair of 

modulators receiving a sample of p(T) and of 6(r) at 
the same delay time are connected to the same tap of 
delay line 541, in accordance with Equation 16. Hence, 
the output terminals of modulators L51, i51 are both 
connected to tap R51, and the output terminals of modu 
lators l5, is are both connected to tap r51. 
The control signals adjust the amplitude of an excita 

tion signal supplied to the input terminals of the modula 
tors from vocal excitation signal generator 591. Gen 
erator 591, which is preceded by equalizing delay 51, is 
identical in construction and operation to generator 391 
of FIG. 3, deriving from the incoming pitch control signal 
an excitation signal closely correlated with the voiced 
unvoiced and fundamental pitch frequency characteristics 
of the original speech wave. 
The excitation signal is applied directly to the input 

terminals of all modulators supplied with p(r) control 
signals, thereby developing at their respective delay line 
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taps samples of a symmetrical wave duplicating the 
original symmetry of p(T). For modulators supplied 
with 6 (t) control signals, however, the excitation signal 
is applied directly to the input terminals of half of these 
modulators, for example, modulators i51, in a ss i5N, 
connected to taps above center tap R50, but is reversed 
in polarity by polarity inverter 57 before being applied 
to the input terminals of modulators is 1, • ss isN, COr 
nected to taps below center tap R50. Thus the modul 
lators supplied with (t) control signals develop at their 
respective taps samples of an antisymmetrical wave dupli 
cating the original antisymmetry 6(t). 
The reconstructed signal formed at the output terminal 

of delay line 54 is a linear combination of the ampli 
tude-adjusted excitation signals formed at the various taps, 
and the information content of the spectrum of this recon 
structed signal equals the information content of the 
spectrum of the original speech autocorrelation function. 
The reconstructed output signals of delay line 543 are 
Smoothed by low-pass filter S42, having a passband of 0 
to 3,000 cycles per second, to form a synthetic speech 
wave. Artificial speech is reconstructed from the out 
put wave of filter 542 by reproducer 543, which may be 
of any well-known construction. 

Unsquaring Apparatus 
The amplitude spectrum of artificial speech synthesized 

directly from the autocorrelation control signals produced 
by the analyzer apparatus shown in either F.G. 2A or 
F.G. 4 is the square of the amplitude spectrum of the 
original speech wave, in accordance with Equations 3b 
and 7. This squaring of the amplitude spectrum impairs 
the intelligibility of most artificial speech sounds recon 
structed from the autocorrelation control signals, due to 
changes in relative spectral values. In order for synthetic 
speech to be free of the spectrum squaring defects in 
herent in the autocorrelation function representation of 
speech, the present invention subjects the control signals 
produced by the above analyzers to a square-root-taking 
operation prior to speech synthesis. 
Apparatus for removing the square law dependence of 

the autocorrelation amplitude spectrum is shown in FIGS. 
6A, 6B, 7A, 7B, and 7C. The apparatus of FIGS. 6A 
and 6B is designed to operate upon the control signals 
produced by the analyzer shown in FIG. 2A, and the 
apparatus of FIGS. 7A, 7B, and 7C is designed to oper 
ate upon the control signals produced by the analyzer 
shown in FIG. 4. The apparatus shown in FGS. 6A, 
6B, 7A, 7B, and 7C may be located at either the analyzer 
station or the synthesizer station, or, if desired, the com 
ponent parts may be conveniently divided between the 
two stations. 
As shown in FIG. 6A, the incoming autocorrelation 

control signals derived from an analyzer of the type ilus 
trated in FEG. 2A are applied to the input terminals of 
network 60. The function of network 69 is to transform 
the control signals into signals representative of the auto 
correlation amplitude spectrum, in accordance with the 
Fourier transformation given by Equation 9. The ampli 
tude spectrum signals developed at the output terminais 
of network 60 are then passed through a bank of rooters 
H6i, H62, . . ., H6, which perform a square-root-taking 
operation, thereby producing a new set of signals repre 
senting an amplitude spectrum of the same shape as the 
amplitude spectrum of the original speech wave. The 
rooted spectrum signals are then passed through network 
6 of FiG. 68, which operates in accordance with the 
inverse Fourier transformation given by Equation 9a to 
produce a new set of autocorrelation control signals from 
which artificial speech free of spectrum squaring distor 
tion may be reconstructed by a synthesizer of the type 
shown in F.G. 3. 

Recalling Equation 9, the autocorrelation amplitude 
spectrum is derived from samples of the autocorrelation 
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function in the following fashion, ignoring the constant 
factor 

1. 
TW 

t(?)=(0)+c(s) cos 2nf(y) 
+c(...) COS 2nf(i)+ w w +(, COS 2nf(S) 

g5 (2 fo) - (0) + (g) COS 212? (gh) 
+c(...) cos 2t2f(i)+ +c(G) COS 22f() 

d (pf) = ()0 -- (b)- trict) 
+(i) COS 2rp?(i) 

N 
-- . . . +(i. COS 2rp? (y (21) 

From Equation 21 it is seen that signals proportional 
to discrete values of autocorrelation amplitude spectrum 
may be derived by various linear combinations of the 
autocorrelation control signals, after weighting the control 
signals by signals proportional to selected cosine functions. 

Referring to the apparatus shown in FIG. 6A, network 
60 consists of an array of p.N multipliers mi, i=1, 
2, . . ., p, i=1, 2, . . ., N, of conventional construction, 
arranged in p rows and N columns. Each row of multi 
piers corresponds to one series in Equation 21, and each 
multiplier corresponds to one term containing a cosine 
factor in a particular series. Each multiplier is provided 
with two input terminals and one output terminal, and 
the multipliers in the jth column have one of their input 
terminals connected to a common input point, I, to which 
point the jth autocorrelation control signal 

7 (sy 
is applied. The second input terminals of the multipliers 
in each row are connected to the output terminals of one 
of the weighting signal sources S1, S2, . . ., Sp, each of 
which generates N weighting signals proportional to the 
N cosine factors in the particular series of Equation 21 
to which each row of nultipliers corresponds. 
From the autocorrelation control signals and the 

weighting signals, the multipliers in each row develop at 
their output terminals weighted autocorrelation signals 
proportional to the individual weighted terms of a par 
ticuliar series of Equation 21. The output terminals of the 
multipliers in the ith row are connected to one input 
terminal of adder Ai, and the control signal p(0), after 
a reduction in amplitude achieved by passing it through 
amplifier 62 with a gain constant of /2, is applied to 
the other input terminal of the ith adder. The linear 
combination of weighted control signals formed at the 
output terminal of each adder is proportional to a dis 
crete value of the autocorrelation amplitude spectrum, in 
accordance with Equation 21. 

It is observed in Equations 9 and 21 that the autocor 
relation amplitude spectrum is a cosine function of the 
fundamental pitch frequency, fo, of the original speech 
Wave. The variable nature of the pitch frequency has 
been noted and discussed earlier in connection with the 
gating apparatus of FIG. 2A. In the present discussion of 
network 68, the weighting signals supplied to the multi 
pliers from sources S, S2, . . ., Sp must vary with 
changes in fo in order to obtain signals that accurately 
represent the amplitude spectrum. A signal that changes 
in synchrony with variations in fo is already available in 
the form of the pitch control signal output of circuit PC2 
of FIG. 2A, and from this signal, after appropriate modi 
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fication, Sources S1, S2, . . ., Sp derive the various weight 
ing signals utilized in network 60. 

It is observed in Equation 21 that in addition to the 
variable fo the arguments of the cosine weighting factors 
contain three constants, denoted 

T 

a=7: b=1,2,..., p, and c=1,2,..., N 
It is necessary, therefore, that before generating the cosine 
weighting signals, the magnitude of the pitch control sig 
nal must be appropriately amplified in order to form the 
proper argument for the cosine signals. 

Since the first constant 

a=(7) 
appears in the arugment of every weighting factor, the 
pitch control signal is first passed through amplifier 6, for 
example, a conventional voltage amplifier, having a gain 

(7) 
The second constant b=1, 2, ..., p is the same in 

the argument of each cosine factor appearing in a single 
series of (21). Since each source generates signals corre 
sponding to the cosine factors in a single series, each 
source S2, ..., Sp (except S1, where b=1) is preceded 
by an amplifier K2, . . 

... , p, respectively, appropriate to the value of b for 
that source. Thus the output signal of amplifier 6 is 
applied in parallel to the input terminals of source S1 and 
amplifiers K2, . . ., Kp thereby producing at the input 
terminals of sources S1, 2, . . ., Sp signal proportional to 

(W), (W) 2fo, . . . (7)pf. 
respectively. 
The third constant c=1, 2, . . ., N differs from term 

to-term within a single series of (21) and each source is 
therefore provided with a bank of N-1 amplifiers Ki2, 
. . ., KiN, i=1, 2, . . , p, with gain constants 2, . . ., 
N respectively, it being understood that no amplifier is 
necessary for the constant c=1. 

In addition, each source contains a bank of N cosine 
function generators, of any well-known variety, each of 
which develops at its output terminal a signal whose mag 
nitude is proportional to the cosine of the magnitude of 
the signal applied to its input terminal. For example, in 
the generation of weighting signals by source S2, the output 
signal of amplifier K2 is applied in parallel to cosine gen 
erator C21, for c=1, and to amplifiers K22, . . , K2N, 
having gain constants 2, ..., N, respectively. Hence the 
signals appearing at the input terminals of cosine function 
generators C21, C22, . . ., C2N are proportional to 

respectively, and the signals developed at the output ter 
minals of these generators are proportional to 

COS 22? (gy) COS 2.27(5), . . . cos 2t2fo (W) 
respectively. 
The number of weighting signal sources utilized depends 

upon the frequency resolution desired in the amplitude 
spectrum of the reconstructed speech wave. For maxi 
anum resolution of voices having a fundamental pitch fre 
quency of 100 cycles per second and a bandwith of 3,000 
cycles per second, for example, 

p==30 
0 

sources are required. o 
The number of cosine function generators contained in 

each source is determined by the maximum number of 
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16 
control signals to be weighted. As previously discussed, 
the maximum number of control signals depends upon the 
longest period which it is desired to represent fully. Thus 
for full representation of 10 millisecond periods, a maxi 
murn of 30 control signals must be weighted and each 
weighting signal source must contain 30 cosine function 
generatorS. 

Having obtained signals proportional to discrete values 
of the autocorrelation amplitude spectrum at the output 
points of network 69, the signals are applied to a bank 
of rooters H61, H62, . . ., H6p, of any suitable variety. 
The rooters develop at their respective output points sig 
nals proportional to the square roots of the individual 
spectrum values, 

From Equation 3b, it is apparent that the rooters produce 
a group of signals representing an amplitude spectrum that 
is of the same shape as the amplitude spectrum of the 
original speech wave, thereby removing the Spectrum 
squaring distortion inherent in the autocorrelation function 
representation of speech. 

In order to reconstruct speech in a synthesizer of the 
type shown in FIG. 3, the rooted spectrum signals must be 
converted into their autocorrelation function counterparts. 
This is achieved by passing the rooted spectrum signals 
through the apparatus of FIG. 6B, which converts the 
rooted spectrum signals into autocorrelation Samples in 
accordance with the inverse Fourier transformation of 
Equation 9a. 
From Equation 9a, the autocorrelation function Sam 

ples corresponding to the rooted spectrum signals are 
given by the following group of cosine Series: 

(g)=f'(f) COS 2nf(gir) 
- -- pil (2fo) cos 22?.(gly) 

-- . . . -- dil (pf) cos 2re? (v) 

'(a)=P(f) (OS 2nf(i) 
-- 172(2fo) cos 2,27(5) 

2 
-- . . . -- doll (pf) cos 2rp?() 

N 
2W. )= f(i) cos 2arfo 

T 
-- . . . -- d 1 (pf) cos 2pri(y 

(22) 
It is observed in Equation 22 that half-period samples 

of the autocorrelation function p'(t) corresponding to 
the rooted spestrum p' (nfo) may be derived from various 
linear combinations of rooted spectrum signals, after 
weighting the rooted spectrum signals by selected cosine 
function signals. 
A comparison of Equations 21 and 22 reveals that the 

transformation of the rooted spectrum signals into auto 
correlation signals may be accomplished by apparats sim 
ilar in structure to that shown in FIG. 6A. Referring 
now to FIG. 6B, network 61 consists of an array of p N 
1multipliers m'i, i=1, 2, . . . P, j=1, 2, . . ., N, arranged 
in prows and N columns, each column of multipliers 
corresponding to one cosine series in Equation 22, and 
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each multiplier in each column corresponding to one term. 
in a particular cosine series. Each multiplier is provided 
with two input terminals and one output terminal, and 
the multipliers in the ith row have one of their input ter 
minals connected to a common input point, I, to which 
point the ith rooted spectrum signal, p' (iio), is applied. 
The second input terminals of the multipliers in the ith 
row are supplied with weighting signals from the ith source 
Si of FIG. 6A. The sources supply weighting signals 
proportional to the cosine factors in Equation 22, and the 
p multipliers in each column develop at their output ter 
minals weighted spectrum signals proportional to the p 
individual cosine terms of a particular series of Equation 
22. The output terminals of the multipliers in the jth 
column are connected to a common output point 0, and 
the linear combination of weighted spectrum signals 
formed at each common output point is proportional to 
a specific value of the corresponding autocorrelation func 
tion p'(t) in accordance with Equation 22. 
The value of p'(t) for T-0 is derived in accordance 

with the first series of Equation 22 by applying the rooted 
spectrum signals to the input terminals of an adder 64 
of conventional construction, and the output signal devel 
oped by adder 64 is proportional to p'(0). 

Artificial speech is reconstructed from the auto-correla 
tion signals produced by network 61 by applying them 
together with the pitch control signal from circuit PC2 
of the analyzer apparatus of FIG. 2A to a synthesizer 
such as that shown in FIG. 3 of this application. Artifi 
cial speech reconstructed from these signals has an ampli 
tude spectrum of the same shape as the amplitude spec 
trum of the original speech wave; hence the artificial 
speech is free of the distortion caused by spectrum 
Squaring. 

FIGS. 7A, 7B, 7C illustrate apparatus for unsquaring 
the amplitude spectrum of control signals produced by 
an analyzer of the type shown in FIG. 4. The apparatus 
shown in FIGS. 7A, 7B, and 7C operates upon the same 
principles as that of FIGS. 6A and 6B to transform the in 
coming autocorrelation control signals into one-sided 
amplitude spectrum signals, to take the square root of the 
spectrum signals, and to convert the rooted spectrum 
signals into a new set of autocorrelation control signals. 

Referring to Equation 17, the one-sided spectrum 
may be derived from the half-period samples of p (t) 
and p(T) by the following transformation, ignoring the 

2 
constant factor T, 

1...' . . . . . ; m- -- 

*... i \ . i -- 2 (ii) S. 22f(i) 

(i) so aspi () 
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8 
It is apparent from Equation 23 that discrete values of 
the one-sided spectrum may be obtained by forming 
various linear combinations of the two sets of autocor 
relation samples, after weighting the p(T) samples by 
Selected cosine function signals and weighting the (t) 
samples by selected sine function signals. 

Referring now to the apparatus shown in FIG. 7A, 
network 70 consists of an array of p.2N multipliers 
xij, yi, i=1,2,. . . , p, i=1,2,. . . ., N, arranged in prows 
and 2N columns, each row of multipliers corresponding to 
one series in Equation 23, and each multiplier in each 
row corresponding to one term in a particular series. 
Each multiplier is provided with two input terminals and 
one output terminal, and the multipliers x, y in the jth 
columns have one of their input terminals connected to 
common input points, I, i, to which points the jth auto 
correlation signals 

() () 
respectively, are applied, in accordance with Equation 
23. The second input terminals of the multipliers in 
each row are connected to the output terminals of one 
of the weighting signals source W1, W2, ..., Wp. Each 
Source generates N signals proportional to the cosine 
factors and N signals proportional to the sine factors in 
the particular series of Equation 23 to which each row 
of multipliers corresponds. 
From the autocorrelation control signals and the 

Weighting signals the multipliers in each row develop at 
their output terminals weighted autocorrelation signals 
proportional to the terms of a particular series of Equa 
tion 23. The output terminals of the multipliers in the 
ith row are connected to one input point of adder Bi, 
and the control signal p(0), after a reduction in magni 
tude achieved by passing it through amplifier 72, having 
a gain constant of 

2. 

is applied to the other input terminal of the ith adder. 
The linear combination of weighted control signals 
formed at the output terminal of each adder is propor 
tional to a discrete value of the one-sided amplitude 
Spectrum, in accordance with Equation 23. 

It is noted in Equation 23 that the one-sided amplitude 
spectrum is also a function of the fundamental pitch 
frequency, fo, of the original speech. In order to repro 
duce the spectrum accurately, the weighting signals gen 
erated by sources W1, W2, . . ., Wp, must vary with 
changes in fo. Sources W1, W2, ..., Wp derive the 
various weighting signals from the pitch control signal 
produced by circuit PC4 of FIG. 4, thereby producing 
weighting signals whose magnitudes vary in synchrony 
with variations info. 

It is observed in Equation 23, as in Equation 21, that 
in addition to the variable fo the arguments of both the 
sine and cosine weighting factors contain three con 
Stants, denoted - 

a=(). b= 1, 2, . . . , p, and c=1,2,..., N. 
As in the weighting signal sources of the apparatus of 
FIG. 6A, the pitch control signal must be appropriately 
modified in order to form the proper argument for the 
weighting signals. 

Since the first constant 

appears in the argument of every weighting factor, the 
pitch control signal is first passed through amplifier 7, 
having a gain constant 

W 



3,109,070 
19 

Within a single series of (23) the constant b-1,2,. . . ., 
p is the same in the argument of each sine and cosine 
factor. Since each source generates signals correspond 
ing to the sine and cosine factors in a single series each 
source W2, . . ., Wp (except W1, where n=1) is pre 
ceded by an amplifier K2, . . ., Kp having a gain con 
stant 2, . . ., p, respectively, appropriate to the value of 
b for that source. Thus the output signal of amplifier 
7 is applied in parallel to the input terminals of Source 
Wii and amplifiers K2, . . ., Kp, and the signals appear 
ing at the input terminals of sources W1, W2, . . ., Wp 
are proportional to 

respectively. 
The third constant c=1,2,. . . ., N differs from one 

pair of cosine and sine factors to the next pair in a single 
series of Equation 23, consequently each source is pro 
vided with a group of amplifiers whose gain constants are 
adjusted to the appropriate values of c. In FIG. 7A, 
only source W2 is shown in detail, the other sources 
being similar in structure. 
As shown in FIG. 7A, source W2 contains N-1 am 

plifiers K22, ..., K2N, with gain constants 2, . . ., N, 
respectively, it being understood that no amplifier is nec 
essary for the case c=1. In addition, source W2 con 
tains N pairs of sine and cosine function generators, of 
any well-known variety, each pair of which is connected 
in tandem with the appropriate amplifier. Thus the mod 
ified pitch control signal 

is applied in parallel to the input terminals of generators 
CF23, SF21, and to the input terminals of amplifiers 
K22, . . ., K2N. The output terminals of K22, . . ., 
K2N are connected to the input terminals of the pairs 
of generators CF22, SF22, . . ., CF2N, SF2N, respec 
tively, and the weighting signals developed at the output 
terminals of the generators are proportional to the cosine 
and sine factors in the second series of Equation 23, as 
shown in FIG. 7A. 
The number of weighting signal sources utilized de 

pends upon the frequency resolution desired in the one 
sided amplitude spectrum. For example, maximum reso 
ution of voices having a fundamental pitch frequency of 
100 cycles per second and a bandwidth of 3,000 cycles 
per second requires 

p=Y- 30 
G 

sources. Further, the number of cosine and sine function 
generators contained in each source is determined by the 
maximum number of control signals to be weighted. For 
example, 15 samples of p(T), in addition to p(0), and 
15 samples of i(t), require 15 pairs of cosine and sine 
function generators in each source. 
The one-sided amplitude spectrum signals appearing at 

the output terminals of network 70 are applied to a 
bank of rooters H71, H72, . . ., HTp, of a suitable 
construction. The rooters develop at their respective out 
put points signals proportional to the square roots of the 
individual spectrum values, 

tG (f), C(2f ),..., p. (of) 
The rooted spectrum signals represent an amplitude spec 
trum having the same shape as the amplitude spectrum of 
the original speech wave, and artificial speech recon 
structed from the rooted spectrum signals is free of the 
distortion associated with amplitude spectrum squaring. 

Before reconstructing artificial speech from the rooted 
spectrum signals in a synthesizer of the type shown in 
FIG. 5, the rooted spectrum signals must be converted 
into autocorrelation function samples. The conversion 
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20 
is performed by passing the rooted spectrum output sig 
nals of the rooters through network 71 of FIG. 7B, in 
accordance with the inverse Fourier transformation of 
Equation 20. 
The Fourier transformation of Equation 20 applied to 

the rooted spectrum signals may be rewritten in the fol 
lowing form, disregarding the constant factor 

1. 

(24) 
ji=1,2, . . . , N. Let 

-i. e(i) 
denote the even part of 

e'w(t) 

(i) 
and let 

denote the odd part; then Equation 24 may be rewritten 

(25). e'w(t) R (5) -- e(f) 
where 

e(f)- d'E(nf) + p. (pf-nfo COS 2nf(t) 
=t(pf)+...(f)+tt (of-focos 2nf() 

-- . . . +PG(pf) COS 2rp?(i) 
(26) 

and 

-((f)-;(nfo-f)sin 2nf(i) 
(27) 

Apparatus for reconstructing samples of the even part 

is shown in FIG. 7B, based upon Equation 26. The 
rooted spectrum signals from rooters H71, H72, . . . , 
H7p are added in adders D1, D2, . . . , in the order 
given by Equation 26, and the output signals of the add 
ers, which are proportional to the coefficients in Equation 
26, are applied to network 71 in order to form the 
weighted cosine terms of Equation 26. 

It is noted in Equation 26 that the spectrum coefficients 
from 

of 

pf 
fG to 2 

are identical to the coefficients from 

Pfe pfo to 2 

hence the output signal of each adder D1, D2, ..., may 
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be used as the input signal for two input terminals of 
network 7, as shown in FIG. 7B. The cosine weighting 
signals from sources Wii, W2, . . ., Wp of FIG. 7A are 
also applied to network 7, which consists of an array 
of p'N multipliers mi, i=1, 2, ..., p, i=1, 2, . . ., N, 
arranged in p rows and N columns. 

Each column of multipliers corresponds to a particular 
value of 

( f) 
and each multiplier in each column corresponds to a 
cosine term on the right-hand side of Equation 26. Each 
multiplier is provided with two input terminals and one 
output terminal, and the multipliers in the ith row have 
one of their input terminals connected to one of the out 
put terminals of weighting source Wii of FIG. 7A. 
The output terminals of the multipliers in the jth col 

usan are connected to one input terminal of adder Vi, and 
the rooted spectrum signal 

is applied to the other input terminal of the jth adder. 
The linear combination of weighted spectrum signals de 
veioped at the output terminal of each adder is propor 
tional to a discrete value of 

(i) secy 
in accordance with Equation 26. The signal proportional 
to spe(0) is forzined by combining the outputs of adders 
D3, D2, . . ., in adder 75. 
Apparatus for reconstructing samples of the odd part 

of 

(i. aw (i) 
is shown in FIG. 7C, based upon Equation 27. The 
rooted Spectrum signals from rooters H71, H72, . . . 
Hip of FIG. 7A are subtracted in elements E, E2, ..., 
of any well-known construction, in the order given by 
Equation 27, thereby forming a group of signals propor 
tional to the coefficients of Equation 27. It is noted in 
Equation 27 that the coefficients from 

pf 
2 

are antisymmetrical with respect to the coefficients from 
pfo 
2 

hence it is only necessary to perform half of the subtrac 
tions indicated in Equation 27, the remaining coefficients 
being obtained by reversing the polarities of the output 
signals of the subtracting elements. As shown in FIG. 
7C, the output signals of elements E1, E2, . . ., are ap 
plied directly to half of the input terminals of network 73, 
but are reversed in polarity by polarity inverters Pi, 
PI2, . . ., prior to applying the signals to the remaining 
input terminals of network 73. 

Network 73 consists of an array of p-N multipliers in an 
arrangement identical to that of network 7 of FIG. 7B. 
The multipliers in each column, supplied with the output 
signals from elments E, E2, . . ., and with the sine 
weighting signals from the appropriate weighting signal 
source of FIG. 7A, develop at their output terminals sig 
nals proportional to the individual terms of Equation 27 
for a particular value of j. The output terminals of the 
multipliers in the jth column are connected to a common 
output point, 0, and the linear combination of signals 
formed at each common output point is proportional to 
a particular value of 

(i) 'Vy 

fo to 

to pio 
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The output signals of networks 71 and 73 constitute a 

set of control signals from which artificial speech may be 
reconstructed in apparatus of the type shown in FIG. 5. 

Referring now to FIG. 5, the output signals of network 
71 are applied to the control terminals of the modulators 
to which samples of i(t) are shown as being applied, 
Since 

(i) 'Pc7 
is symmetrical about the center of each period. Simi 
larly, the output signals of network 73 are applied to 
the control terminals of those modulators which are 
shown supplied with samples of i(r), since 

(i) 
is antisymmetrical about the center of each period. 

Artificial speech reconstructed from the output signals 
of networks 71 and 73 has an amplitude spectrum of the 
same shape as the amplitude spectrum of the original 
speech, thus the artificial speech produced by the ap 
paratus of FIG. 5 is free of distortion due to squaring of 
the amplitude spectrum. 

It is to be understood that the above-described ar 
rangements are merely illustrative of applications of the 
principles of the invention. Numerous other arrange 
ments may be devised by those skilled in the art without 
departing from the spirit and scope of the invention. 
What is claimed is: 
1. In a system for the narrow-band transmission of 

speech, the combination that comprises a source of an 
incoming speech wave, means for obtaining from said 
speech wave a signal representative of the instantaneous 
pitch characteristic of said speech wave, means for cor 
relating said speech wave with itself to produce speech 
autocorrelation function samples, means under the con 
trol of said pitch signal for gating said speech autocor 
relation function samples to obtain a group of narrow 
band control signals which vary in number in synchrony 
with changes in said pitch characteristic, means for trans 
mitting said pitch signal and said control signals to a re 
ceiver station, and, at said receiver station, means for 
reconstructing an artificial speech wave from said trans 
mitted pitch signal and said transmitted control signals. 

2. In a system for the narrow-band transmission of 
speech, the combination that comprises means connected 
to a source of an incoming speech wave for obtaining a 
signal indicative of the instantaneous pitch characteristic 
of said speech wave, means for correlating said speech 
wave with itself to obtain samples of the speech auto 
correlation function, means responsive to said pitch sig 
nal for gating said speech auto-correlation function sam 
ples to obtain a group of narrow-band control signals 
which vary in number in synchrony with changes in said 
pitch characteristic, means for unsquaring the amplitude 
spectrum of said control signals, means for transmitting 
said pitch signal and said unsquared control signals to a 
receiver station, and, at said receiver station, means for 
generating an excitation signal from said pitch signal, 
and means responsive to said unsquared control signal 
for synthesizing an artificial speech wave from said excita 
tion signal. - 

3. In a system for the narrow-band transmission of 
speech, the combination that comprises means connected 
to a source of an incoming speech wave for obtaining a 
signal indicative of the instantaneous pitch characteristic 
of said speech wave, means for correlating said speech 
wave with itself to obtain a group of signals representa 
tive of a speech autocorrelation function, means under the 
control of said pitch signal for varying the number of said 
autocorrelation signals to derive a group of control signals 
representative of half of each period of said speech auto 
correlation function, means for transmitting said pitch 
signal and said control signals to a receiver station, and, 
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at said receiver station, means for obtaining an excita 
tion signal from said pitch signal, and means under the 
influence of said control signals for synthesizing full 
periods of an artificial speech wave from said excitation 
signal. - 

4. Apparatus as defined in claim 3 wherein said means 
for varying the number of said autocorrelation signals 
comprises a plurality of gating means in one-to-one cor 
respondence with said autocorrelation signals, wherein 
each of said gating means is provided with a preselected 
threshold and a control terminal, an input terminal, and 
an output terminal, means for applying each autocor 
relation signal to the input terminal of its corresponding 
gating means, and means for applying said pitch signal 
to the control terminals of all of said gating means to 
obtain at the output terminals of said gating means a group 
of control signals representative of half of each period of 
said autocorrelation function. 

5. Speech transmission apparatus that comprises a 
source of an incoming speech wave, means for obtaining 
from said speech wave a signal representative of the 
instantaneous pitch characteristic of said speech Wave, 
means for correlating said speech wave with itself to 
obtain speech autocorrelation function samples, means 
under the control of said pitch signal for gating said 
speech autocorrelation function samples to obtain a group 
of narrow-band control signals representative of half 
periods of said autocorrelation function, means for trans 
mitting pitch signal and said control signals to a receiver 
station, and, at said receiver station, means responsive to 
said pitch signal for unsquaring the amplitude spectrum of 
said control signals, means for deriving an excitation signal 
from said pitch signal, and means responsive to said un 
squared control signals for reconstructing full periods of 
an artificial speech wave from said excitation signal. 

6. Apparatus as defined in claim 5 wherein said means 
for unsquaring the amplitude spectrum of said control 
signals comprises a first amplifier having a selected gain 
constant, means for applying said pitch signal to said first 
amplifier, a plurality of second amplifiers having selected 
gain constants, means for connecting the output terminal 
of said first amplifier in parallel to the input terminals 
of said second amplifiers, a plurality of weighting signal 
sources wherein each of said weighting signal sources 
comprises a plurality of third amplifiers having selected 
gain constants connected in tandem with a plurality of 
cosine function generators, means for connecting the out 
put terminals of said second amplifiers to the input ter 
minals of said weighting signal sources, a first array of 
multipliers arranged in rows and columns, wherein each 
multiplier is provided with two input terminals and one 
output terminal, one of the input terminals of each multi 
plier in each of said columns is connected to a common 
input point for each column, the other input terminal of 
each of said multipliers is connected to one of said cosine 
function generators, and the output terminals of the 
multipliers in each row are connected to the input point 
of an adder for each row, a plurality of square-root-tak 
ing devices, the input terminal of each of which is con 
(nected to the output point of the adder for each row of 
said first array of multipliers, a second array of multipliers 
arranged in rows and columns, wherein each of said 
multipliers is provided with two input terminals and one 
output terminal, one of the input terminals of each multi 
plier in each of said rows is connected to a common 
input point to which is connected the output terminal 
of one of said square-root-taking devices, each of the 
other input terminals of said multipliers is connected to 
one of said cosine function generators, and the output 
terminals of the multipliers in each column are connected 
to a common output point for each row. 

7. In a system for the transmission of speech, the com 
bination that comprises a source of an incoming speech 
Wave, means for shifting the phase of said incoming 
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speech wave by ninety degrees to obtain its Hilbert trans 
form, means for correlating said speech wave with itself 
and with its Hilbert transform to obtain speech auto 
correlation function samples, means for developing from 
said speech wave a pitch signal indicative of the in 
stantaneous pitch characteristic of said speech Wave, 
means actuated by said pitch signal for gating said auto 
correlation function samples to obtain a group of narrow 
band control signals representative of half periods of 
said autocorrelation function, means for transmitting said 
pitch signal and said control signals to a receiver station, 
and, at said receiver station, means responsive to said 
pitch signal for unsquaring the amplitude spectrum of said 
control signals, means supplied with said pitch signal 
for generating an excitation signal, and means under the 
influence of said unsquared control signals for recon 
structing full periods of an artificial speech Wave from 
said excitation signal. 

8. Apparatus as defined in claim 7 wherein said means 
for unsquaring the amplitude spectrum of said control 
signals comprises a first amplifier having a selected gain 
constant, means for applying said pitch signal to said first 
amplifier, a piurality of second amplifiers having selected 
gain constants, means for connecting the output terminal 
of said first amplifier in parallel to the input terminals of 
said second amplifiers, a plurality of weighting signal 
sources wherein each of said weighting signal sources 
comprises a plurality of third amplifiers having selected 
gain constants, a plurality of cosine function generators 
paired with a plurality of sine function generators, and 
means for connecting the output terminal of each of said 
third amplifiers in parallel to the input terminals of one of 
said pairs of function generators, means for connecting . 
the output terminals of said second amplifiers to the input 
terminals of said weighting signal sources, a first array 
of multipliers arranged in horizontal rows and vertical 
columns, wherein each multiplier is provided with two in 
put terminals and one output terminal, one of the input 
terminals of each multiplier in each of said columns is 
connected to a common input point, the other input ter 
minal of each of said multipliers is connected to one of 
said function generators, and the output terminals of the 
multipliers in each row are connected to the input point 
of an adder for each row, a plurality of square-root-taking 
devices, the input terminal of each of which is connected 
to the output point of the adder for each row of said 
first array of multipliers, adding means connected to the 
output terminals of said square-root-taking devices, a sec 
'ond array of multipliers arranged in horizontal rows and 
vertical columns, wherein each multiplier is provided with 
two input terminals and one output terminal, one of the 
input terminals of each multiplier in each of said rows is 
connected to a common input point to which is connected 
the output terminal of one of said adding means, the other 
input terminal of each of said multipliers is connected to 
one of said cosine function generators, and the output 
terminals of the multipliers in each column are connected 
to the input terminal of an adder for each column, sub 
tracting elements connected to the output terminals of said 
Square-root-taking devices, a third array of multipliers 
arranged in horizontal rows and vertical columns, where 
in each multiplier is provided with two input terminals 
and one output terminal, one of the input terminals of 
each multiplier in each of said rows is connected to a 
common input point to which is connected the output 
terminal of one of said subtracting elements, the other 
input terminal of each of said multipliers is connected 
to one of said sine function generators, and the output 
terminals of the multipliers in each column are connected 
to a common output point for each column. - 

9. Apparatus for the synthesis of artificial speech which 
comprises a source of incoming control signals repre 
sentative of half periods of a speech autocorrelation 
function, a signal propagation device provided with a 
plurality of taps symmetrically disposed about a center 
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tap one end of said propagation device being terminated 
in a matched impedance, the other end of said propaga 
tion device being provided with an output terminal, means 
under the control of an incoming pitch control signal for 
generating an excitation signal, means for employing said 
control signals and said excitation signal to Synthesize 
at the taps of said propagation device a group of arti 
ficial signals, and means for reproducing speech from the 
artificial signals appearing at the output terminal of Said 
propagation device. 

10. Apparatus for the synthesis of speech which com 
prises a source of incoming control signals representa 
tive of half periods of a symmetrical autocorrelation 
function derived from a speech wave, a source of an eX 
citation signal, a plurality of modulating means in one 
to-one correspondence with said control signals, wherein 
each of said modulating means is provided with a control 
terminal, an input terminal and an output terminal, a 
signal propagation device provided with a plurality of taps 
disposed in symmetrically located pairs about a center tap, 
wherein one end of said propagation device is terminated 
in a matched impedance, and the other end of said de 
vice is provided with an output terminal, means for 
applying said incoming control signals to the control 
terminals of said corresponding modulating means, means 
for applying said excitation signal in parallel to the in 
put terminals of said modulating means, means for con 
necting the output terminal of one of said modulating 
means to the center tap of said propagation device, means 
for connecting the output terminal of each of said other 
modulating means to a pair of symmetrically located taps 
of said propagation device, and means connected to the 
output terminal of said propagation device for reproduc 
ing artificial speech. 

11. Apparatus for the synthesis of speech which com 
prises a first source of incoming control signals repre 
sentative of half periods of a symmetrical speech auto 
correlation function, a second source of incoming control 
signals representative of half periods of an antisym 
metrical speech autocorrelation function, a signal propa 
gation device provided with a plurality of taps sym 
metrically located in equal numbers above and below a 
center tap, wherein one end of said propagation device is 
terminated in a matched impedance, and the other end of 
said propagation device is provided with an output ter 
minal, means under the control of an incoming pitch signal 
for generating an excitation signal, means connected to the 
output terminal of said excitation signal generating means 
for reversing the polarity of said excitation signal, a plu 
rality of first modulating means in one-to-one corre 
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spondence with the taps of said propagation device, where 
in each of said first modulating means is provided with a 
control terminal, an input terminal, and an output ter 
minal, means for connecting the output terminal of one of 
said first modulating means to the center tap of said propa 
gation device, means for connecting the output terminal of 
each of said other first modulating means to its corre 
sponding tap of said propagation device, means for apply 
ing one of said control signals from said first source to the 
control of the modulating means connected to the center 
tap of said propagation device, means for applying each of 
said other control signals from said first source to the con 
trol terminals of two of said first modulating means which 
are connected to Symmetrically located taps of said propa 
gation device, means for applying said excitation signal 
in parallel to the input terminal of each of said first 
modulating means, a plurality of second modulating means 
in one-to-one correspondence with the taps of said propa 
gation device, wherein each of said second modulating 
means is provided with a control terminal, an input ter 
minal, and an output terminal, means for connecting the 
output terminal of each of said second modulating means 
to its corresponding tap of said propagation device, means 
for applying each of said control signals from said second 
Source to the control terminals of two of said second 
modulating means which are connected to symmetrically 
located taps of said propagation device, means for apply 
ing said excitation signal in parallel to the input terminals 
of those of said second modulating means which are con 
nected to taps above the center tap of said propagation 
device, means for applying said reversed polarity excita 
tion signal to the input terminals of those of said second 
modulating means which are connected to taps below 
the center tap of said propagation device, and means 
connected to the output terminal of said propagation 
device for reproducing artificial speech. 

12. In a Speech producing system, a source of an ex 
citation signal, a source of incoming control signals rep 
resentative of half periods of a speech autocorrelation 
function, means supplied with said control signals for 
unsquaring the amplitude spectrum of said control sig 
nais, and means responsive to said unsquared control 
signals for reconstructing full periods of an artificial 
Speech Wave from said excitation signal. 
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