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5 Claims. (Cl. 179—15.55)

ABSTRACT OF THE DISCLOSURE

For each of a preselected plurality of frequencies, a
pair of signals is generated which represents the real
and imaginary components of the short-time Fourier trans-
form of an incoming signal. From each pair of signals
a set of control signals is derived that represents the mag-
nitude and the time derivative of the phase angle of the
short time Fourier transform. The control signals are
transmitted to a receiver where a replica of the original
signal is produced by modulating a plurality of cosine
generators.

————— T TR ——

This invention relates to the transmission of human .

speech in coded form, and in particular to systems for
transmitting human speech in coded form in order to
conserve transmission channel bandwidth.,

Conventional speech communication systems, for ex-
ample, commercial telephone systems, typically convey
human speech by transmitting an electrical facsimile of
the acoustic wave form produced by a human talker. Be-
cause of the redundancy of human speech, however, fac-
simile transmission is a relatively inefficient way to trans-
mit speech information, and it is well known that the
information contained in a typical speech sound may be
transmitted over a channel of substantially narrower
bandwidth than that required for facsimile transmission
of the speech wave form.

A number of arrangements for compressing or reduc-
ing the amount of bandwidth employed in the transmis-
sion of speech information have been proposed, one of the
best known of these arrangements being the so-called
channel vocoder, a description of which may be found
in an article by E. E. David, Jr., entitled, “Signal Theory
in Speech Transmission,” vol. CT-3, IRE Transactions on
Circuit Theory, page 232 (1956).

As pointed out in the above-mentioned David article,
the channel vocoder represents speech by a number of
points on its short-time power spectrum and by a voiced-
unvoiced pitch signal representative of the characteristics
of the excitation source applied to the talker’s vocal tract.
It has been recognized, however, that efficient, accurate
representation of the excitation source characteristics has
been difficult to achieve and that errors in determining
these characteristics impair the intelligibility and quality
of speech synthesized in channel vocoders. An example of
an arrangement that avoids the difficulties inherent in de-
termining excitation source characteristics is described in
R. L. Miller Patent 2,953,644, issued Sept. 20, 1960.

The present invention also avoids the difficulties inher-
ent in determining excitation source characteristics by
providing a speech communication arrangement in which
speech is encoded in terms of a number of points on the
short-time speech amplitude spectrum as well as an equal
number of points on the time derivative of the short-time
speech phase spectrum. At each of a plurality of prede-
termined frequencies which span the frequency range of
an incoming speech signal there is obtained a pair of sig-
nals respectively representative of the real and imaginary
parts of the short-time Fourier transform of the original
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speech signal. From each pair of signals representing the
real and imaginary parts of the short-time Fourier trans-
form at a predetermined frequency the present invention
derives a pair of narrow band signals, one representing
the magnitude of the short-time Fourier transform, or the
value of the short-time amplitude spectrum, at that fre-
quency, and the other representing the time derivative of
the phase angle of the shori-time Fourier transform, or
the value of the time derivative of the short-time phase
spectrum, at that frequency. .

The pairs of narrow band signals may be transmitted
from a transmitter terminal to a receiver terminal over a
channel having a substantially smaller bandwidth than

that required for facsimile transmission of the original

speech signal. At the receiver terminal, there are generated
a plurality of cosine waves having the same predetermined
frequencies at which the shori-time Fourier transform
was evaluated, and each cosine wave is modulated in am-
plitude and phase angle by one of the pairs of narrow
band signals. The modulated cosine waves are then com-
bined to form a replica of the original speech signal,

The invention will be fully understood from the fol-
lowing detailed description of an illustrative embodiment
thereof, taken in connection with the appended drawings,
in which:

.. FIG. 1is a block diagram showing a complete vocoder
system embodying the principles of this invention;

. -FIG. 2 is a block diagram -showing -alternative ap-
paratus embodying the principles of this invention; and

FIG. 3 is a diagram of assistance in explaining the fea-
tures of this invention. :

Theoretical considerations

It is well known from various listening tests that a
filtering of a speech signal by parallel, contiguous band-
pass filters does not impair intelligibility and quality to a
significant amount; that is, the original speech signal
f(2) is approximated by

N
f(t)=nZ=_‘l,fn(t) o

where the f,(¢) are the respective outputs of N bandpass
filters, as shown in FIG. 3. The pass bands of such filters
might be chosen, for example, as they are in a channel
vocoder, that is, 15 channels with bandwidths of about
200 c.p.s. each with center frequencies of 200, 400, . ..
3000 c.ps. for n=1,2 . . . 15.

The total channel bandwidth required to transmit the
Nlfa(2) signals, if they are not further processed, is
identical to that required for the original signal f(¢).
However, by the present method it is possible to describe
each f,(¢) signal in terms of its short-time amplitude
spectrum and in terms of its short-time phase spectrum.
These two functions suitably low-pass filtered, say to 30
c.p.s. each, can then be transmited over a channel greatly
restricted in bandwidth (for instance, a 60 ¢.p.s. band-
width is used to transmit the information about each
200 c.p.s. segment of the original in the N=15 example).

The required short-time amplitude and phase spectra
are defined by the following relations. If the nth bandpass
filter has an impulse response [h(#) cos wyt], then the
fa(t) signal is the convolution

£a0= [ TR s snlt=Man

where the function A(¢) is the envelope of the bandpass
filter impulse response and is also the impulse response
of a realizable low-pass filter. In similar manner, a signal
complementary to f,(¢) is defined by the relation

=", 109he=3) sin wt-nan
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where the complementary signal
Fa(0)
is essentially the Hilbert transform of f(#) and is obtained
by filtering f(¢) with a filter that is essentially the Hilbert
transform of bandpass filter BPp.

The complex combination [fy(#)+ifa(£)]1 can there-
fore be used to define a complex time function given by

[£a(8) +jfn(t)]:f_tw F (M) h(t—N)eiont—Dda
(40)
or
. & .
ol +ifall=eont [ OIRA=N)eiomdn

(4b)

The right-hand integral of Equation 4b defines a shori-
time Fourier transform, F(wn1), of the original signal
f(t), that is,

F(wn,t)r=f_tm FOVR(—N)e—ionrdn )

Since F(wp,t) is in general complex, it may be expressed

in the polar form as
F(wnt)=|F(en,t) Jeieln® (6a)
or, dropping the explicit (wy,) notation,
F(ent) =|Fyleien (6d)

where |Fy] is the magnitude of F(wn,?) 20d @q is the phase
angle of F(wnt).

The complex time function ir. Bquation 45 can there-
fore be written

[£a(2) +5Fa(t)]=|Fyleintted (M)
Taking the real parts of both sides of Equation 7 gives
Fa(t) =Re{|Fyleitwntten} (8a)

or,

fn(t)=IFnl cos (wnt+¢n) (Sb)

where . both |Fy| and ¢y are short-time amplitude and
phase spectra, respectively, evaluated at frequency .
The |Fy| and ¢n quantities both change with time, and
the original signal is now represented in terms of N values
each of the short-time amplitude and phase spectra, that is,

N N
f (t):“_z fn(t):Z ]Fnl cos (wnt+¢n)
n=1 n=1 (9)

The factor |Fy| therefore constitutes an amplitude
modulation of the nth term of the series, and the factor
op constitutes a phase modulation nth term.

As. shown by H. S. Black in Modulation Theory,
Chapter 3, pages 27-30, an instantaneous frequency can
be defined for the cosine factors of Equation 9 by the time
derivative of the angle arguments, that is, by

d d
a[e(t)]_'—_a[wnt—‘_ ¢n] (10&)
or

6(t)=(wn+¢n) (106)

where 6(f) is the argument and the dot signifies the time
derivative. Through this definition, H. S. Black shows that
phase and frequency modulation are angle modulations
which are not essentially different. A frequency modula-
tion of a carrier w, by the phase derivative ¢, is there-
fore equivalent to Equation 9, that is

fa(t) =|Fy| cos (ont-+en) (11a)

or

t
Fa®)=IF] cos lot+ K [ endtad (1)
where the K and &, of the right-hand side of Equation
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115 are contsants and are similar to the symbols of
Equation (3—3) on page 28 of H. S. Black, Modulation
Theory.

The factors |Fy| and ¢n therefore completely specify
the nth component signal 7,(z). These factors vary rela-
tively slowly with time and may be low-pass filtered be-
fore transmission. Bach pair of |[Fp| and ¢y signals may
then be used at the receiver in a combined amplitude and
frequency modulation to recover a close approximation to
the original f(2).

In order to measure each |F] and on we_first notice
from Fquations 5 and 65 that

[Foleion

may be expressed in terms of cosine and sine transforms,

F(wn,t)=an|ei'Pn=|:fjm FOR(E=N) cos whdh

- jf_: F(MR(t—2) sin wn)\d}\]

(12a)
=T[a(wp,1)—jb(wn1)] (126)

where (awpt) and b(wp 1) are respectively the real and
imaginary parts of F(wyt). The |Fy| and ¢, parameters
are therefore given by

[Fo|=[a24b?1% (13a)
—tap—1 =0
eo=tan™ — (13b)
and
po=d tan-1 =0
gu==g ta07 (13¢)

Measures of a(wy?) and b(wy ) can be implemented by
noticing that a(wy,t) is the convolution of the product
function [f(#) cos wpt] with the low-pass “window” h(?),
and b(wy?) is the convolution of the product function
[f(#) sin eyt] with the same low-pass function A(?).

A straightforward time differentiation of the ¢, yields
the ¢, function. Alternatively, the time derivative of the
phase angle may be approximated in a manner that avoids
the necessity for evaluating the inverse tangent function
required in the definition given by Equation (13b). Since
the time derivative of tan—!x is defined to be

gf (tan—1z) =1——{—1—E%
then
Iln- () =L 5(3D) -
dt a 1+% di\ a
@ —ab-+bd_bi—ab
az bt @ b2
(14)
Apparatus

Referring now to FIG. 1, an incoming speech signal
f(t) from source 19, where source 1§ may be a conven-
tional microphone of any desired variety, is applied in
parallel to N analyzers I-1 through 1-N. Within an-
alyzer 1—1 the incoming speech signal is delivered in
parallel to multipliers 161a-1 and 10151, In accordance
with the requirements of Equation (12¢), multiplier
181a-1 is also supplied with a fixed frequency cosine wave
cos wyf from cosine function generator 19241, and multi-
plier 1615-1 is also supplied with a fixed frequency sine
wave sin wf from sine function generator 102b-1. Simi-
larly, in the other analyzers through 1-N the incoming
speech signal is multiplied by sine and cosine waves, as
shown for example in analyzer 1-N by the multiplication
of f(z) with cos eyt and sin eyt The frequencies of the
sine and cosine waves by which the speech signal is multi-
plied in each analyzer are chosen in a manner similar to
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the frequency spacing of the filters in a channel vocoder.
For example, for N equal to 15, and for a speech signal
bandwidth extending from 100 to 3100 cycles per second,
the frequencies «; through wy may be located on the fre-
quency scale at intervals of 200 cycles per second, begin-
ning with ) fixed at 200 cycles per second and ending
with wy fixed at 3,000 cycles per second.

The product signals developed by multipliers 101-1
and 10151 in analyzer 1—1 are passed through low-pass
filters 1634-1 and 163b-1, those filters having an identical
predetermined impulse response %(¢) so that the output
signals of filters 103z and 103b correspond to the con-
volution terms specified by Equation 124. A signal |F|
representative of the magnitude of the short-time ampli-
tude spectrum at frequency e, is then obtained by squar-
ing the convolution output signals of filters 103a—1 and
103b-1 in suitable squaring circuits 104a—1 and 10451,
combining the squared signals in adder 105-1 and ob-
taining the square root of the sum signal in square root
taking circuit 166-1. Squaring circuits 104a-1 and 10451
and square root taking circuit 106-1 may be of the type
shown in W. J. Karplus and W. W. Soroka, Analog
Methods, pages 78-81, (2d Ed. 1959). Simultaneously, a
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signal ¢, representative of the time derivative of the short- _

time phase spectrum at frequency w; is obtained by pass-
ing the output signals of filters 103a—1 and 1035~1
through inverse tangent function generator 107—1 followed
by differentiator 108-1- The output signals of circuits
196-1 and 198-1 are smoothed by low-pass filters 109a-1
and 1095-1 to obtain a pair of narrow band control sig-
nals respectively representative of the quantities |Fj| and
¢1. Similarly, each of the other analyzers through. 1-N
produces a pair of narrow band control signals represen-
tative of a selected point on the amplitude spectum and
a selected point on the time derivative of the phase spec-
trum; thus as shown in FIG. 1, analyzer 1-N produces a
pair of control signals representative of |Fy| and ¢y eval-
uated at the frequency wy. The N pairs of control signals
developed at the -transmitter terminal by analyzers 1—1
through 1-N thus represent in coded form the information
content of the incoming speech signal. The collective band-
width of these N pairs of control signals is substantially
smaller than that of the incoming speech signal () ; hence
the N pairs of control signals may be transmitted via a
transmission medium having a substantially narrower
bandwidth than that required for facsimile transmission
of the incoming speech signal.

It is observed that the transmitter terminal of this inven-
tion does not include any pitch detection apparatus or
other equipment usually required for distinguishing be-
tween voiced and invoiced portions of the incoming speech
signal or for measuring the periodicity of voiced portions
of speech signal, thereby eliminating 2 common source
of errors. The absence of such equipment is due to the
representation of speech in terms of both its amplitude
spectrum and its phase spectrum, which, as shown in
Equations 9, 11¢ and 115, completely specifies the speech
signal without requiring supplementary information re-
garding other speech characteristics.

Turning now to FIG. 2, this drawing illustrates alter-
native apparatus for obtaining the time derivative of points
on the phase spectrum in accordance with Equation 14.
Each of the output signals from filters 1034-1 and 1035-1,
denoted a and b, respectively, is passed through a conven-
tional differentiator 301a-1 and 3015-1 and each of the
resulting differentiated signals, denoted ¢ and b, Tespec-
tively, is multiplied in multipliers 302a-1 and 3025-1 by
the undifferentiated signals » and ¢ from filters 10351
and 103a-1, respectively. The product signals thereby
developed by multipliers 3020~1 and 3025-1 are therefore
representative of the terms (b[z) and ( a5) in the numerator
on the right-hand side of Equation 14. These two product
signals are then combined in subtracting circuit 303-1 to

obtain a difference signal proportional to (biz-ab'). This
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6
differerice signal is then divided in divider 364-1 by the
output signal of adder 105, so that the quotient signal
appearing at the output terminal of divider 394-1 repre-
sents the first derivative of the short-time phase spectrum
as specified by Equations 104 and 105.

Returning now to FIG. 1, the N pairs of control sig-
nals are transmitted over a suitable medium to a receiver
terminal, where each pair of control signals is applied
to a corresponding synthesizer 1—1 through 1-N. Within
synthesizer 1—1, for example, the phase derivative con-

trol signal o, is applied to a frequency-modulated oscillator
21-1, where oscillator 21-1 may be of any conventional
design for producing a cosine wave at the fixed frequency
w; which is modulated by the incoming phase derivative
control signal to produce an output cosine wave having an

argument (wi+-fbp1ds) in accordance with Equations 11a
and 11b. A suitable oscillator is described in F. Terman,
Radio Engineering, pages 493-499 (3d ed. 1947). This fre-
quency-modulated cosine wave is applied to a multiplier
22-1 where it is multiplied together with the incoming
magnitude control signal, |F|, thereby producing a prod-
uct output signal proportional to the first term f1(2) of
Equation 9. Correspondingly, the other synthesizers
through 1-N develop at their output terminals product
signals proportional to the other terms of Equation 9.
These product signals are then additively combined by
connecting the output terminals of synthesizers 1—1
through 1-N in parallel to the input terminal of adder 23
to form at the output terminal of adder 23 a sum signal
that is a close replica of the original speech signal, as
specified by Equations 1 and 9. A reproducer 24, which
may be of any desired «construction, converts the replica
signal into audible sound. o :

Although this invention has been described in terms of

a speech communication system of the type shown in FIG.
1, it is to be understood that applications of the principles
of this invention are not limited to the field of speech com-
munciation, but include the fields of automatic speech
recognition, speech processing and automatic message
recording and reproduction. In addition, it is to be under-
stood that the above-described arrangements are merely
illustrative of the numerous arrangements which may be
devised from the principles of this invention by those
skilled in the art without departing from the spirit and
scope of the invention.

What is claimed is:

1. A bandwidth compression system that comprises

a transmitter terminal including

a source of an incoming speech signal, and

a plurality of analyzers with input terminals connected
in parallel to said source for deriving from said
speech signal a corresponding plurality of pairs of
magnitude and phase angle control signals by evaluat-
ing the short-time amplitude spectrum and short-time
phase spectrum of said speech signal at a correspond-
ing plurality of preset frequencies that span the fre-
quency band of said speech signal,

means for transmitting each pair of magnitude and
phase angle control signals to a receiver station, and
at said receiver station,

a plurality of synthesizers having output terminals con-
nected to an adding means, each synthesizer being
supplied with one of said pairs of magnitude and
phase angle control signals, wherein each of said
synthesizers generates at its output terminal a cosine
wave having.the same preset frequency as the cor-
responding one of said analyzers and having magni-
tude and phase angle respectively specified by said
pafir of magnitude and phase angle control signals,
an

wherein said adding means combines said cosine wave
generated by each of said synthesizers to form a
replica of said incoming speech signal.

2. Apparatus for encoding a speech wave in terms of

a selected plurality of N values of the short-time ampli-
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tude spectrum of said speech wave and a corresponding

plurality of N selected values of the time derivative of

the short-time phase spectrum of said speech wave which

comprises

a source of an incoming speech wave, and

a plurality of N analyzers having input terminals con-

nected in parallel to said source for deriving N magni-
tude control signals and N phase control signals,
wherein said nth analyzer, n=1, 2, . . . , N, com-
prises

means for generating a cosine wave at a preset fre-
quency wp,

means for generating a sine wave at said preset fre-
quUEnCY wy,

a first multiplier supplied with said cosine wave and
said speech wave for developing a first product sig-
nal proportional to the product of said cosine wave
and said speech wave,

a second multiplier in parallel with said first multiplier
and supplied with said sine wave and said speech
wave for developing a second product signal propor-
tional to the product of said sine wave and said
speech wave,

a first low-pass filter having a preset impulse response
for developing from said first product signal a first
convolution signal representative of the convolution
of said first product. signal with said impulse re-
sponse,

a second low-pass filter having the same preset impulse
response as said first filter for developing from said
second product signal a second convolution signal
representative of the convolution of said second prod-
uct signal with said impulse response,

means having an input terminal connected to said first
and second low-pass filters for deriving a magnitude
control signal representative of said amplitude spec-
trum of said speech wave at said frequency wy which
comprises

a first squaring circuit supplied with said first convolu-
tion signal for generating a first output signal repre-
sentative of said first convolution signal raised to
the second power,

a second squaring circuit supplied with said second
convolution signal for deriving a second output sig-
nal representative of said second convolution signal
raised to the second power,

adding means for combining said first and second out-
put signals to produce a sum signal,

square root taking means for obtaining a square root
signal proportional to the square root of said sum
signal,

and means for smoothing said square root signal to
produce said magnitude control signal,

and means for deriving a phase control signal repre-
sentative of the time derivative of said phase spec-
trum of said speech wave at said frequency wg,

whereby said N magnitude control signals and said N
phase control signals derived by said N analyzers
respectively represent said selected plurality of N
values of said short-time amplitude spectrum and N
values. of said short-time phase spectrum of said
speech wave at N preset frequencies vy, wg, . . . , ON-

3. Apparatus as defined in claim 2 wherein said means
for deriving a phase control signal comprises

means supplied with said first convolution signal and
said second convolution signal for generating an in-
verse tangent signal representative of the inverse
tangent of the negative value of said second convolu-
tion signal divided by said first convolution signal,

means for differentiating said inverse tangent signal
with respect to time to obtain a derivative signal, and

means for smoothing said derivative signal to obtain
said phase control signal.

4. Apparatus as defined in claim 2 wherein said means

for deriving a phase control signal comprises

8

_ first differentiating means for differentiating said- first
"~ convolution signal with respect to time thereby to
obtain a first differential signal,

second differentiating means for differentiating said

5 second convolution signal with respect to time there-
by to obtain a second differentiated signal,

a third multiplier following said first differentiating
means and supplied with said second convolution
signal for generating a third product signal propor-

10 tional to the product of said second convolution
signal and said first differentiated signal,

a fourth multiplier following said second differentiating
means and supplied with said first convolution signal
for generating a fourth product signal proportional

15 to the product of said first convolution signal and
said second differentiated signal,

means Tor subtracting said fourth product signal from
said third product signal to obtain a difference signal,

means for dividing said difference signal by said sum

20 signal to obtain a quotient signal,

and means for smoothing said quotient signal to pro-
duce said phase control signal.

5. Apparatus for constructing a replica of an original

speech wave from a plurality of N amplitude control
25 signals and N phase control signals respectively repre-
sentative of N selected values of the short-time amplitude
spectrum of said speech wave and N selected values of
the time derivative of the short-time phase spectrum of
said speech wave which comprises
30 a source of N amplitude control signals, denoted |Fi|,
|Fal, . . ., |[Fu|, respectively representative of N se-
lected values of said short-time amplitude spectrum
of said speech wave at predetermined frequencies
Wi, Wy oo -y WN
35 4 source of N phase control signals, denoted o1,

@9, . . ., ox, Tespectively representative of N se-
lected values of the time derivative of said short-time
phase spectrum of said speech wave at said N pre-

40 determined frequencies wy, wg, « « « 5 WN

a plurality of N parallel synthesizers, each synthesizer

being supplied with one of said amplitude control
signals and one of said phase control signals, said
nth syathesizer, n=1, 2, . . . , N, comprising

a frequency modulated oscillator responsive to said

nth phase control signal ¢, for gemerating an ath
cosine wave having a predetermined frequency wn
and a phase angle controlled by said nth phase con-
trol signal,

s0 2 multiplier provided with two input terminals and one
output terminal, one of said input terminals being
connected to said frequency modulated oscillator
and the other of said input terminals receiving said
nth magnitude control signal |Fy|, wherein said

55 multiplier develops at its output terminal an nth

product cosine signal having an amplitude deter-
mined by said nth magnitude control signal,

an adding means for combining the product cosine sig-

nal developed at the output terminal of the multi-
plier in each of said synthesizers to form a sum
signal representative of the sum of N product cosine
signals,

and reproducing means for converting said sum signal

65 into audible sound.
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