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ABSTRACT OF THE DISCLOSURE 
A frequency spreader composed of ?lters having ex 

tremely overlapping bandwidths together with post-detec 
tion ?lters provide slowly varying voltage outputs. With 
the band overlap, a frequency component in a signal to 
be analyzed contributes to the response of several outputs 
simultaneously. Patterns due to speech are rendered so 
simple that only a few pattern measures derived from the 
voltage outputs are needed to reconstitute the speech into 
intelligible form. 

This invention relates generally to narrow-band speech 
transmission, and pertains more particularly to a system 
for ?rst compressing the frequency bandwidth and there 
after reconstituting the speech into intelligible form. 
Those familiar with speech bandwidth compression and 

recognition techniques will appreciate that sounds such as 
those of human speech can be analyzed in numerous ways 
so as to provide one or more slowly varying measures 
which describe the sound but which are simpler in detail 
than the original speech waveform. In this manner, the 
total frequency band required for the transmission of the 
intelligibility contained in speech has been reduced over 
that normally required. The slowly varying measures have 
been utilized for the purpose of causing appropriate sound 
generators to be operated in accordance with the measures 
so as to reconstitute the speech in audible form, thereby 
providing a complete bandwidth compressed speech sys 
tem. Formant tracking and vocoder systems have been 
able to compress the bandwidth required for transmission 
of speech to the order of hundreds of cycles per second; 
more speci?cally, the state of the art devices have been 
instrumental in yielding bandwidth compression to a mini 
mum of 100 to 200 cycles per second. 

Previously conceived systems and methods have been 
limited by the inadequacy of the electronic analyzing sys 
tem which extracts the slowly varying measures. In par 
ticular, waveform data of purely semantic signi?cance and 
waveform data related to quality characteristics of the par 
ticular speaker are not separable with vocoders and related 
devices as they exist today. Therefore, one object of the 
present invention is to extract ‘measures from speech in 
volving a total bandwidth for transmission of these meas 
ures which is of the order 0f 10 cycles per second. 

Another object of the invention is to provide a system 
that will not be vulnerable to excessive effects of individ 
ual variations. More speci?cally, it is an aim of the in 
vention to provide pattern measures that need not be close— 
1y adjusted to a given speaker. 
Another object is to derive patterns from speech which 

are rendered so simple in form and .quite slowly varying 
such that only a very few pattern measures are required. 
In practice, it has been found that as few as two such pat 
tern measures will be ample for allowing the reconstitu 
tion of moderately intelligible speech, although additional 
pattern measures have also been employed with improved 
results. 
Yet another object of the invention is to provide a sys 

tem that will closely simulate some of the functional proc 
essing procedures employed in the animal (human) ear 
and central nervous system. 
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Quite brie?y, the analyzing portion of my system in 

cludes a frequency spreader that can be represented in 
terms of a set of band-pass ?lters which continuously 
cover the speed spectrum. These ?lters are disposed loga 
rithmically in frequency and have a constant center-fre 
quency-to-bandwidth ratio at the half-power level of about 
two or somewhat less. The various ?lter bands in my sys 
tem are extremely overlapping in contrast to prior art 
schemes where such an overlap has been normally deemed 
undesirable. With the band overlap envisaged in the pres 
ent system, a frequency component in a signal to be 
analyzed contributes to the response of several outputs 
simultaneously rather than identifying itself with a par 
ticular ?lter and no others. As a result, the present system 
does not analyze according to notions-of frequency com 
ponents; the fact that it does not is a major contributor to 
its success. 
The speech synthesizing or decoding portion of my 

system converts the slowly varying measures into audible 
speech through the agency of ?rst providing a constant sig 
nal giving a broad spectrum which is ?ltered with a con 
trollable ?lter or ?lters whose parameters are varied in 
accordance with the spatial pattern instant by instant. The 
invention utilizes a single ?lter band driven with a broad 
band source where the ?lter is of the band-pass kind. The 
center frequency is varied in accordance with the principal 
spatial pattern measure, and also the ?lter gain is adjusted 
in accordance with the average pattern intensity. It is also 
within the purview of the invention to provide a ?lter band 
width and symmetry about the center frequency which 
can also be varied according to appropriate pattern meas 
ures. 

These and other objects and advantages of my inven 
tion will more fully appear from the following descrip 
tion, made in connection with the accompanying drawings, 
wherein like reference characters refer to the same or 
similar parts throughout the several views and in which: 
FIGURE 1 is a block diagram of one form my com 

plete system can assume, such system including the 
analyzing, extracting and synthesizing portions of the cir 
cuitry; 
FIGURE 2 is a graphical representation of a set of e 

waveforms as in FIGURE 1 de?ning a spatial pattern 
which may be continuous and which changes with’time, 
the view characterizing this pattern in the form of a sur 
face plotted against distance, intensity and time; 
FIGURE 3 is a schematic view of the circuitry con 

stituting the common ?lter and speech ampli?er shown in 
the block diagram of FIGURE 1; 
FIGURE 4 is a schematic diagram depicting the fre 

quency spreader shown in FIGURE 1; 
FIGURE 5 is a schematic detail illustrating a speci?c 

form that one of the detectors and post detection ?lters 
of FIGURE 1 may assume; 
FIGURE 6 is a schematic diagram illustrating a second 

form that the post detection ?lters of FIGURE 1 may 
assume; 
FIGURE 7 is a schematic diagram representing one 

form, primarily of symbolic signi?cance, that the spatial 
pattern extractor may take; 
FIGURE 8 is a schematic diagram depicting a second 

form that the spatial pattern extractor of FIGURE 1 may 
constitute; 
FIGURE 9 is a schematic diagram depicting a third 

form that the spatial pattern extractor of FIGURE 1 may 
constitute; 
FIGURE 10 is a block diagram denoting a fourth em 

bodiment that can be used as the spatial pattern extractor; 
FIGURE 11 is a subdivided block diagram illustrating 

the synthesizer or decoder utilized in the over-all speech 
processing system of FIGURE 1; and 
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FIGURE 12 is a schematic diagram corresponding to 
the block diagram of FIGURE 11. 

Referring ?rst to FIGURE 1, the entire system there 
depicted has been denoted by the reference numeral 20. 
An input device 22, such as a microphone or tape deck, 
serves as the means for delivering an appropriate electrical 
signal that has been transduced or converted from the 
speech, the frequency bandwidth of which is to be com 
pressed. The input device 22 is coupled to a common 
?lter 24 and the output from the ?lter 24 is fed to a fre— 
quency spreader 26 to which are connected a bank or 

10 

plurality of recti?ers 28 which in turn are connected to a 
similar number of post detection ?lters 30. 

Before proceeding further, it will be helpful to point 
out that the speech analyzer portion of the system 20 is 
in some ways similar to vocoders, such as that described 
in Dudley Patent No. 2,151,091 granted Mar. 21, 1939. 
However, the frequency spreader 26 and the post detec 
tion ?lters 30 dilfer from those employed in the vocoder. 
As already indicated, the frequency spreader 26 is com 
posed of ?lters that are disposed logarithmically in fre 
quency and which possess a constant center-frequency-to 
bandwidth ratio at the half-power level of about two or 
possibly slightly less since the value is not especially 
critical. 

Also, as earlier indicated, the various ?lter bands for 
the set of band-?lters constituting the frequency spreader 
26 are extremely overlapping, as will become better un 
derstood when referring to FIGURE 4. 

Thus, the various ?lters constituting the spreader 26 
may be thought of as making a kind of weighted spec 
trum analysis, even though somewhat indirectly, of the 
speech to be encoded. As with the vocoder, the output 
from each ?lter within the spreader 26 is recti?ed by the 
various recti?ers 28 and ?ltered again in tle ?lters 30. 
While any number of recti?ers 28 and ?lters 30 may be 
used, 10 such recti?ers and 10 such ?lters have been found 
satisfactory in actual practice. The result is that a set 
of relatively slowly varying waveforms e1, e2 . . . em 
(or eN where N is the number of ?lters 30 actually used) 
in part represent temporal variations of energies of in 
dividual spectral bands. It will be appreciated that the 
system or group of signals e1, e2 . . . e10 constitutes the 
bandwidth compressed speech to the extent that individual 
e’s are slowly varying and that they are similar to one 
another. 

It will ‘be understood that, all other things being equal, 
the fewer the number of unique e waveforms, the smaller 
the bandwidth. Also, all other things being equal, the 
more slowly varying are the e waveforms, the smaller is 
the bandwidth. Consequently, the complete set of 2 wave 
forms de?nes a spatial pattern which may be continuous 
and which changes with time. FlGURE 2 is a charac 
terization of the resulting pattern in the form of a surface 
or envelope designated by the reference numeral 36, this 
envelope having distance, intensity and time coordinates. 
It can be explained that the ?ltering of the e signals 
derived in FIGURE 1 acts to reduce noise along the time 
dimension of FIGURE 2. Further ?ltering is left to a 
subsequent point in the system as will later be discussed. 
Having referred to the common ?lter 24 only gen 

erally, it is believed that a schematic circuit showing one 
form that the ?lter 24 may assume will be helpful. This 
circuitry is depicted in FIGURE 3 and the reader will be 
immediately oriented by reason of the input device 22 
being shown speci?cally as a microphone. The common 
?lter has two purposes: (1) to provide adequate speech 
ampli?cation as in any common speech ampli?er; and (2) 
to provide a special frequency selective characteristic. The 
frequency characteristic is meant to simulate the standard 
human audiometric curve of threshold, a mathematical 
approximation for which is: 
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4 
where f is frequency in cycles per second. It will be 
obvious that many designs for achieving this transfer func 
tion or one roughly similar to it (where accuracy is not 
critical) are possible. The ampli?er-?lter shown in FIG 
URE 3 is so straight-forward that its detailed description 
is hardly necessary. The output from the ampli?er driver, 
of course, is connected directly to the frequency spreader 
26. 
The frequency spreader 26 is detailed in FIGURE 4. 

It will be observed that the system 29 shown in FIGURE 1 
has been depicted with ten channels of recti?cation and 
?ltering action so the circuitry of FIGURE 4 is set up so 
as to show these ten channels. Each channel, of course, 
produces one of the previously-mentioned e waveforms 
subsequent to detection and ?ltering. It will be of assistance 
in understanding the role played by the spreader 26 to 
have listed the various component parameters along with 
the resonant frequencies for each channel: 

Resonant 
No. Frequency, L1 (hy.) Cr (#f) C: (fan) C; that) 

c.p.s. 

0. 135 0. 00185 106 39 
0. 214 0. 00296 168 68 
0.339 0. 0047 265 100 
0. 54 0. 00747 423 150 
0. 855 0. 01185 669 270 
1. 35 0. 0187 1, 000 390 
2.14 0. 0296 1, 680 680 
3. 59 0. 047 2, 650 1, 100 
5. 4 0. 0747 4, 230 1, G00 
8. 55 0.1185 6, 990 2, 700 

In addition to the components L1, C1, C2, and C3, 
there are adjustable resistors R1 and the value of each 
resistor R1 is constant throughout the various channels, 
being 5,000 ohms, so as to yield a resonant circuit Q of 
1.7. A moderately different value for each resistor R1 
yields a modi?ed Q value if such is desired; the particular 
value is not critical over a moderate range. Still additional 
resistors, these being ?xed resistors, are labeled R2 and 
R3 and have ohmic values of 220K and 560K respectively. 
Each channel is connected to a detector and ?lter cir 

cuit as shown in FIGURE 5. Each such combination -con— 
tains a vacuum tube 60 which has in its plate circuit the 
primary of a transformer 62. 
The secondary of each transformer 62 is connected to 

a diode bridge circuit 64, there being one such bridge cir 
cuit 64 in each recti?er designated generally by the refer 
ence numeral 28. 
The type of post detection ?lter 30 shown in FIG 

URE 5 is low-pass so that the bandwidths of the relevant 
e waveforms are materially decreased and the residual 
fundamental components in voiced speech sounds are 
adequately removed. The bandwidth of the ?lter shown 
in FIGURE 5 is approximately 15 cycles per second. 
By direct experimentation, I have discovered that the 

post detection ?lter 301? shown in FIGURE -6 yields e 
waveform temporal variations for actual speech that are 
not greatly distorted from those resulting from the use of 
?lters, such as the ?lter 30, shown in FIGURE 5. But 
the special nonlinear ?lter 30a in FIGURE 6 has a band 
width of only about 2 cycles per second, this considerable 
reduction being made possible because the ?lter response 
embodies both the value of the input signal and its rate of 
change, where the latter acts to compensate for frequency 
distortions which would otherwise occur. The diode 78 
in FIGURE ‘6 prevents the ?lter output from ever be 
coming negative, which would be contrary to the nature 
of corresponding variations in the animal nervous sys 
tem. With the post detection ?lter shown in FIGURE 6, 
even ignoring considerable redundancy between adjacent 
e waveforms produced in FIGURE 1 (‘which redundancy 
is accounted for using area, centroid, and width measures 
as will later be described), the total bandwidth of a 10 
section analyzer is indicated as being only about 20 cycles 
per second. 
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Encoding the several e waveforms may be done in a 
number of ways embraced by the present invention. The 
important point to be borne in mind is that it is desired 
to obtain pattern measures of the central moment kind. 
In this regard, we are desirous of acquiring signals in 
accordance with area and centroid, as well as certain 
higher order moment measures. The terminology will be 
clear if We consider a cross section along the distance 
intensity plane of FIGURE 2 (i.e., at a given instant of 
time). The result is a curve of intensity versus distance 
‘which usually has the shape of a single bump going to 
Zero at the ends. This pattern may be described in terms 
of measures which are particularly well suited to a simple 
bump shape. The total area de?ned by the distance-in 
tensity curve is one such measure, denoted A. The me 
chanical centroid is another, where this measure can also 
be visualized as the point of balance of a paper card cut 
in the shape of the distance-intensity curve. The width 
of the bump is another measure, and its asymmetry (lop 
sidedness) is yet another. These several measures (cen 
troid 5, width 0', and asymmetry) are the central moment 
measures that are well known in mechanics. 
The area is praportional to the sum of all of the volt 

ages from the several ?lters contained in the frequency 
spreader 26. A simple set of equal resistors may be con 
nected to the output from the post detection ?lters 30, 
these resistors being in turn connected to a common sum 
ming point, so as to acquire the area measure A. 

Again with a similar set of resistors, if the conductance 
values be tapered linearly from One end of the frequency 
spreader to the other, the summed voltage is proportional 
both to area and centroid value, as A5 or A (L-ZE), where 
5 measures pattern center of gravity from one end of the 
frequency spreader ?lter array, and L-E is the corre 
sponding value measured from the other end. An elec 
tronic division of this signal by the area measure provides 
the centroid directly. When two tapered resistance arrays 
are employed, one of which measures centroid from one 
end of the frequency spreader 26 and the other from the 
opposite end thereof, the difference between these two 
arrays gives centroid measured from the center of the 
pattern, with proportionality also to intensity as before. 
As indicate-d in FIGURE 7, the spatial pattern ex 

tractor 32 utilizes two tapered arrays of the type alluded 
to in the paragraph above, as well as one array of equal 
resistors R0 which yields pattern area A. The ?rst tapered 
array is composed of resistors 92-98. Actually, a 10 sec 
tion channel has been utilized and there would be 10 such 
resistors although only four have been pictured‘. To 
render the discussion as general as possible, it will be 
referred to with the thought in mind that N detector 
outputs are to be summed (even though we have selected 
N to be 10) and that the resistor 92 has a value equal to 
R/N, the resistor 94 has a value equal to R/(N-l), the 
resistor 96 a value equal to R/ (N -2) and the resistor 98 
having a value equal to R. The second array is composed 
of resistors 100-106. In this instance, the resistor 100 
has a value R, the resistor 102 a value R/2, the resistor 
104 a value of R/ 3 and the resistor 106 a value of 
R/N. The array involving the resistors 92-98 yields cen 
troid value 5 with multiplier of area A. The value for 5 
is measured from the end of the array at which the volt 
age e1 is obtained, this being the end which involves the 
use of the resistor 92. The centroid L-E is measured 
with the other array, more speci?cally, the end thereof 
which includes the resistor 106. 
Whereas the acquisition of continuous area data is 

self-evident, the determination of the centroid independ 
ently of area is not so direct. Several methods have been 
devised for achieving the electronic division of A5 by A 
as mentioned above to give 5. 

Continuing with the description of FIGURE 7 and 
the particular extractor 32 there depicted, it will be per 
ceived that a servo-mechanism is utilized for the succinct 

20 

25 

40 

60 

65 

70 

75 

6 
explanation of how the signals from the resistor arrays 
92-98 and 100-106, respectively, are processed to pro 
vide the centroid measure 5. In this regard, there is a 
potentiometer comprised of a resistor 108 which is con 
nected between the commoned ends of the resistors 
92-98 at one end thereof and to the commoned ends of 
the resistors 100-106 at the other end thereof. The po 
tentiometer further includes a wiper arm 110 that is 
movable along the resistor 108. Through the agency of a 
resistor 112, an error signal is derived which is sensed 
by a motor control ampli?er 114, The output from the 
ampli?er 114 is fed to a motor 116 coupled to a shaft 118 
which drives the hub 120 to which the wiper arm 110 is 
attached. Also attached to the same hub 120 is a 'wiper 
arm 122 of a second potentiometer, the second potentiom 
eter having a resistor 124 which is engaged by the wiper 
arm 122. The resistor 124 is energized via a battery 126. 
Hence, the position of the wiper arm 122 is in accordance 
with the centroid measure 5 and such a signal can be 
sensed at terminal 128. In other words, the position of 
the shaft 118 is proportional to the centroid and this 
position is converted to an electrical signal via the poten 
tiometer composed of the elements 122, 124. Obviously, 
in order to follow speech signals, the servo-system must 
be relatively fast, ‘but this is within the state of the art in 
view of the narrow bandwidth realized through the use 
of the ‘post detection ?lter 30 illustrated in FIGURE 5. 
Another circuit arrangement which can be used to ex— 

tract 5, this time by phase comparison, is shown in FIG 
URE 8. This circuit has been labeled 32a. A transistor 
chopper designated generally by the reference numeral 
134 is employed for the purpose of chopping the wave 
forms for A and A5, delivered to terminals 132 and 130, 
respectively. The two un?ltered sine wave chopper funda 
mental components are added after +45 ° phase shift 
for one and -45° for the other; this addition is performed 
at 136 and provides the necessary addition in phase quad 
rature. Along with ampli?cation at 138, the added wave 
form is ?ltered so as to remove all harmonics of 5,000 
c.p.s., thereby leaving only fundamental components. The 
composite sine wave is then passed through several preci 
sion clipper ampli?ers 144 of the kind used in quality 
phase meters. The zero crossing points of the clipped 
waveform are maintained independent of amplitude. The 
clipped wave is ?nally demodulated in a phase-sensitive 
demodulator indicated generally by the reference numeral 
154 that is synchronized with the original modulating 
frequency of the chopper 134 through a phase adjustment 
means 152. Thus, the centroid 5 is extracted and made 
available at the terminal 156. 

I have also employed a logarithmic computing device 
in what I think may be a unique circuit con?guration to 
obtain the ratio A5/A=E. It is well known that the log 
arithm of a voltage may be obtained with a resistor 
diode series circuit. With two such circuits operating on 
different voltages V; and V2, there result voltages pro 
portional log V1 and log V2. Subtracting these two log 
arithms gives log ( V1/ V2). The practical dif?culty with 
this procedure is relative stability between the two diode 
circuits. I have succeeded in time sharing a single diode 
by using a chopper. Not only does this avoid the selec 
tion of closely matched diodes, but it also permits the 
small ratio signal to be A.-C. ampli?ed thus avoiding the 
need for stable D.-C. ampli?ers. Finally, the use of mod 
ulation permits use of synchronous demodulation so that 
output polarity resolves the usual ambiguity in loga 
rithmic ratio computers as to which of the two input 
signals is the larger. 
The nature of the logarithmic circuit is evident from 

FIGURE 9 which circuit has been labeled 32b. The two 
(positive) inputs are chopped and applied to a diode 
logarithmic computer located at 146. The peak-to-peak 
computed voltage is the desired log ratio, and the wave 
form can be ampli?ed in a standard A.-C. ampli?er 148. 



3,387,093 
7 

Finally, detection can be with a phase-sensitive detector 
such as a synchronized chopper or a ring demodulator. 
Or, if the indication of V1>V2 or V2> V1 is not important, 
a simple peak-to-peak detector can be employed. 

Application of the logarithmic method to centroid ex 
traction results from using A5 for V1 and A for V2 to 
give log 5. Using proper dimensional scaling and over the 
typical range of 5.7 excursions for normal speech, log 5 
may be a nearly linear function of 5. 

Yet another technique, this being for the purpose of ‘ 
extracting pattern centroid and width, is shown in block 
form in FIGURE 10 and has been assigned the reference 
numeral 320. This modi?cation is considerably different 
from the three previously discussed, and of itself is a 
novel electronic instrumentation technique. Each ?ltered 
e waveform from FIGURE 1 is applied to one input of a 
multiplier 158. The other input to each multiplier 158 is 
in the form of a band of noise. The noise source has been 
indicated by the numeral 160 and the noise is ?ltered at 
162 before being delivered to the second input of each 
multiplier 158. Each of the multipliers 158 is associated 
with a different band of noise in order that a regular 
progression is provided. Thus, e1 associates with a rela 
tively narrow noise band centered at a given frequency, 
whereas e2 would be associated with a band of noise 
having a center frequency greater than the ?rst-mentioned 
center frequency and so forth. All the outputs from the 
multipliers 158 are added at 164. This results in the pro 
vision of a single waveform which has a frequency spec 
trum whose shape is similar to the shape of the spatial 
pattern array of e voltages. It is assumed for convenience 
that this spectrum has a total bandwidth that is appre 
ciably less than the average frequency. 

Continuing with the description of FIGURE 10, the 
single sum waveform from the adder 164 is next acted 
upon by a standard limiter-discriminator detecting system 
166. The output from the discriminator 166 (which 
should be of the cycle-counting type so as todepend only 
upon Waveform zero crossings) has a frequency that is 
representative of the average frequency of the spectrum, 
which frequency is proportional to the centroid of the 
spatial pattern of the e signals. After ?ltering with a low 
pass ?lter 168, the centroid measure 5 is made available 
at terminal 170. Because noise bands are added in the 
system, the output from the discriminator 166 is more or 
less noisy, there being random ?uctuations superimposed 
upon the value representing 5. A measure of this random 
ness is achieved with an averaging A.-C. detector circuit 
172 driven through a high-pass ?lter that may be con 
sidered as being included in the detector 172. The output 
from the detector is connected directly to a terminal 174 
and it is at this terminal that the width measurement, 
designated a, is indicated. It will be appreciated that nor_ 
mal variations of 5 inherent in speech are not transmitted 
via the detector 172, thereby rendering the detector re 
sponsive only to pattern width. Finally, it should be 
evident that area A is simply obtained With a broadband 
detector 176 which is connected between the adder 164 
and the discriminator 166. The area measurement A is 
provided at termnial 178. 

Describing now the synthesizer 34, it will help to pro 
vide a block breakdown of the general block shown in 
FIGURE 1. This has been set forth in FIGURE 11. As 
can be seen from FIGURE 11, the synthesizer 34 includes 
a broadband source that provides sounds that are gen 
erated separately and independently of the measures. The 
broadband source is connected to a tunable band-pass 
?lter 182 having the terminals 170 and 174 connected 
thereto in order to provide frequency control and pattern 
width control, respectively. The ?lter 182 is connected 
to an equalizer 184 and the equalizer in turn is connected 
to a multiplier 186 having the terminal 178 connected 
thereto. The equalizer may or may not be present and 
can be located after the multiplier as well as before it. 
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The controlled sound subsequent to the controllable ?lter 
182 produces a spatial pattern similar to that due to the 
original speech from which pattern measures were de 
rived. Thus, the output from the multiplier 186 when fed 
to a speaker 188 provides an intelligible reproduction of 
the original sound. 

It can be pointed out that the sound source 180 may 
have a variety of qualities. In one, pure broadband noise 
can be applied to the controllable or tunable ?lter 182. 
There can be embedded in this noise a few harmonics of 
low frequency periodic sound in order ot provide a voiced 
quality to the speech. Presence of low frequency periodic 
sounds can in part be determined by the centroid measure, 
there being such sounds more often on the average for 
large 5 values (low average pattern frequency content). 

Other approaches to the design of the controllable ?lter 
exist from that depicted in FIGURE 12. The primary 
requirement is that su?‘iciently rapid variations be pos 
sible. The circuit shown in FIGURE 12, which has been 
used with success, consists of a feedback ring of ?ve tri 
ode vacuum tubes 190 interspersed with ?ve pentode vac 
uum tubes 192. Grid bias control of the pentodes 192 
varies the loop gain which in turn varies the center fre 
quency of a pass band in part of the ring through which 
the separately generated noise passes. The triodes 190 act 
as cathode followers to avoid screen degeneration of the 
pentodes so that larger maximum loop gain can be 
achieved. The electronic multiplier 186, as already indi 
cated, is used to give gain variations according to the area 
measure. A set of simple ?lter functions in cascade pro 
vides whatever frequency equalization may be required so 
that centroid control varies only the average frequency 
of the generated sound and not its amplitude (as meas 
ured in the original analysis system). Although not 
shown in FIGURE 12, FIGURE 11 indicates that two 
electronically controlled ?lters in cascade or in parallel 
can be used. With two bands, purposeful band misalign 
ment can be used for bandwidth control. In this way, the 
pattern width measure can be employed in the synthesis 
in addition to area and centroid. 
By way of recapitulation, important features included 

in the present invention embrace a set of ?lters which are 
employed in the frequency spreader 26 whose individual 
pass bands are distributed uniformly along a logarithmic 
frequency scale. Additionally, these ?lters are extensively 
overlapping and are also asymmetric with a sharper cut 
off below the center frequency than above it. 

Further, a detection system is utilized in each ?lter in 
the frequency spreader 26 which may or may not have 
lead compensation. Approximately equivalent behavior 
‘may be realized when ?ltering and possibly also lead com 
pensation is applied only to certain slowly varying meas 
ures rather than to each of the e signals in FIGURE 1. 
With response intensity presumed to be pattern area, over 
all steady state behavior emulates the human threshold 
curve in hearing. 
A system of slowly varying measures is employed in the 

invention, especially the central-moment system for 
specifying the intelligibility in speech sounds. Several 
schemes for extracting these measures have been de 
scribed. 

Slowly varying measures, especially the area-centroid 
width combination, can be used for speech recognition 
and classi?cation in my system so as to implement, for 
example, automatic recognition of spoken words. 
The slowly varying measures referred to herein are 

used for controlling a signal consisting of a band of noise 
derived from the source 180 with or without embedded 
harmonic components, which signal produces a similar set 
of measures in an analog ear as does the original speech. 
The resulting signal produces synthetic speech and com 
prises a narrow band speech system. 
The use of my invention for bandwidth compression 

has been emphasized here. It is pointed out that study of 
the several pattern parameters also implements research 
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into automatic speech recognition because each word as 
sociates with a unique ?nite-duration set of pattern 
measures. My analyzer simulates some of the functional 
processing mechanisms of the human ear-brain system, 
but not all. In fact, for bandwidth compression as 0p 
posed to recognition, it is important to not model all of 
these mechanisms. The human observer listens to synthetic 
speech and effects the usual kinds of processing in his own 
brain; if certain of these are also involved in the produc 
tion of synthetic speech, a repetition of processing would 
occur, once in the synthesizer, and again in the observer’s 
brain. Synthetic speech produced using some of these 
duplicative mechanisms would therefore not sound 
natural. 

I have studied some of the processing mechanisms 
which are appropriate for use in speech recognition which 
are not employed in speech synthesis. One of these is 
mutual inhibition. The detectors in FIGURE 1 are caused 
to inverse gain control both themselves and their neigh 
bors. The result is partly a controlled gain characteristic, 
but more importantly, there results a sharpening of spatial 
patterns so as to make desirable speech sounds easier to 
recognize in a noisy background. Also, there are certain 
adaptive mechanisms which adjust the gain of the channel 
which carries the centroid measure so that varying en 
vironmental background noise will not prevent use of 
?xed memory devices in automatic recognition. In addi 
tion, I believe that pattern width is augmented by rate of 
change of pattern area. This provides for a sustained 
sound which changes abruptly from one level to another 
a consonant like distinction. 
Although the functioning of my speech processing sys 

tem is believed readily understandable from the informa 
tion herein presented, nonetheless reference can be made 
to two co-pending patent applications for additional 
clari?cation. The ?rst of these applications is entitled 
Electronic Analog Ear, Ser. No. 245,697, ?led Dec. 19, 
1962, in the names of John L. Stewart, the present ap 
plicant, William F. Caldwell, and Ewald Glaesser, now 
Patent No. 3,294,909. The second application having a 
bearing on the present subject matter is my application 
for Sound Analyzing System, Ser. No. 310,394, ?led 
Sept. 20, 1963, now Patent No. 3,325,597. 
The analyzing ?lter in my invention was designed to 

duplicate some of the characteristics of the human 
cochlea, or inner ear. Instead of the analyzing ?lters de 
scribed here, it is permissible to use instead an analog 
ear system of ?lters as described in the patent application 
entitled, Electronic Analog Ear, cited above. The major 
functional difference between the present ?lters and those 
provided ,by an analog cochlea is that in the latter case 
the ?lters are arranged along a delay line so that a signal 
of a given frequency experiences increasing phase lag as 
it excites ?lters of progressively lowering frequency. When 
using an analog cochlea, it may be necessary to adjust 
the common ?lter as compared with that shown in FIG 
URE 3', whereas the gains of the several analyzing ?lters 
in FIGURE 1 are equal, those of ?lters in the analog 
cochlea may taper somewhat. 

It will, of course, be understood that various changes 
may be made in the form, details, arrangements and pro 
portions of the parts without departing from the scope 
of my invention as set forth in the appended claims. 
What is claimed is: 
1. A speech band-width compression system comprising: 
(a) means for converting speech into an input electri 

cal signal, 
('b) a plurality of band-pass ?lters connected to said 

converting means for continuously covering the 
speech spectrum, 

(c) said ?lters having extremely overlapping frequency 
bands such that any frequency component of said 
electrical signal falls within the frequency band of 
each of more than two of said ?lters. 

2. A speech bandwidth compression system in accord 
ance with claim 1 in which: 
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(a) said ?lters are disposed logarithmically as to fre 

quency. 
3. A speech bandwidth compression system in accord 

ance with claim 2 in which: , 
(a) said ?lters have a center-to-bandwidth ratio at the 

half-power level of approximately two. 
4. A speech ‘bandwidth compression system in accord 

ance with claim 1 including: 
(a) means connected to said ?lters for providing at 

least one slowly varying measure representative of 
intelligence contained in said speech. 

5. A speech ‘band-width compression system comprising: 
(a) means for converting speech to be processed with 

an input electrical signal, 
(b) a plurality of bandwidth ?lters connected to said 

converting means for continuously covering the 
speech spectrum, 

(c) said ?lters being disposed logarithmically as to fre 
quency and having extremely overlapping frequency 
bands so that any frequency component in the signal 
being processed contributes appreciably to the out 
put from more than two of said ?lters, and 

(d) means connected to the outputs from said ?lters 
for changing said outputs to at least one slowly vary 
mg measure. 

‘6. A speech ‘bandwidth compression system in accord 
ance with claim 5 including: 

(a) means for extracting a spatial pattern signal from 
said last-mentioned means, and 

(-b) means connected to said extracting means for syn 
thesizing the extracted signal to reconstitute said 
speech into intelligible form. 

7. A speech bandwidth compression system comprising: 
(a) means for converting speech into an input electri 

, cal signal; , 

(b) a plurality of band-pass ?lters connected to said 
converting means for continuously covering the 
speech spectrum; 

(c) said ?lters being disposed logarithmically as to fre 
quency and having extremely overlapping frequency 
bands such that any frequency component of said 
electrical signal falls within the frequency band of 
each of more than two of said ?lters; 

(d) [means for rectifying the various outputs from said 
?lters, and 

(e) a plurality of post detection ?lters for providing 
a set of relatively slowly varying waveforms. 

8. A speech bandwidth compression system comprising: 
(a) means for converting speech into an input elec 

trical signal; 1 

(b) means in circuit with said converting means includ 
ing a plurality of band-pass ?lters disposed logarith 
mically as to frequency and having extremely over 
lapping frequency bands such that any frequency 
component of said electrical signal falls within the 
frequency band of each of more than two said ?lters; 

(0) means connected to said last-mentioned means for 
providing a set of relatively slowly varying wave 
forms; 

((1) extractor means for providing spatial pattern sig 
nals from said Waveforms, and 

(e) means for synthesizing said pattern signals to pro 
vide a reconstituted speech signal of an intelligible 
character. 

9. A speech bandwidth compression system comprising: 
(a) an input device for providing a transduced elec 

trical signal from the speech to be processed; 
(b) a common ?lter connected to said input device for 

providing a frequency characteristic simulating the 
standard human audiometric curve of threshold; 

(0) a frequency spreader connected to said common 
?lter including a plurality of band-pass ?lters dis 
posed logarithmically as to frequency and having 
exceedingly overlapping frequency bands; 
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(d) a recti?er connected to each ?lter of said frequency 
spreader; 

(e) a low-pass post detection ?lter connected to each 
recti?er so that the bandwidths of the voltage wave 
forms delivered thereto are materially decreased; 

(f) means for extracting spatial pattern signals from 
the output signals from said post detection ?lters, and 

(g) means for synthesizing said pattern signals to pro 
vide a reconstituted speech signal of an intelligible 
character. 

10. A speech bandwidth compression system in ac 
cordance with claim 9 in which said extracting means 
includes: 

(a) two tapered resistance arrays and one equal re 
sistance array, 

(b) said tapered arrays providing a measure involving 
centroid and area, and said equal array providing a 
measure involving only area. 

11. A speech bandwidth compression system in ac 
cordance with claim 10 in which said extracting means 
further includes: 

(a) a potentiometer in circuit ‘with said tapered arrays 
for providing an electrical signal representing only 
centroid. 

12. A speech bandwidth compression system in ac 
cordance with claim 9 in which said extracting means 
includes: 

(a) a phase comparison means for extracting the cen 
troid value. 

13. A speech bandwidth compression system in ac 
cordance with claim 12 in which said phase comparison 
means includes: 

(a) a resistor-diode series circuit for producing loga 
rithmically proportional voltages, and 

(b) a chopper for time sharing said resistor-diode 
circuit. 

14. A speech bandwidth compression system in ac 
cordance with claim 9 in which said extracting means 
includes: 

(a) a multiplier for each of said post detection ?lters 
having one input connected to the output of the post 
detection ?lter with which it is associated; 

(b) a broadband noise source; 
(c) a ?lter for each multiplier having its input connect 
ed to said broadband noise source and its output 
connected to the other input of one of said multi 
pliers; 

(d) means for adding together the output-s from said 
multipliers to provide a single waveform having a 
frequency spectrum whose shape is similar to the 
spatial pattern array of the voltages from said post 
detection ?lters. 

15. A speech bandwidth compression system in ac 
cordance with claim 14 including: 

(a) a limiter-discriminator detecting circuit connected 
to said adding means, and 

(b) a low-pass ?lter connected to said limiter-dis 
criminator detecting circuit for providing an output 
signal having a value representing the centroid. 

16. A speech bandwidth compression system in ac 
cordance with claim 15 including: 

(a) an averaging detector connected to said adding 
means for providing an output signal having a value 
representing area. 

17. A speech bandwidth compression system in ac 
cordance with claim 16 including: 

(a) an averaging detector connected to said limiter 
discriminator circuit for producing an output signal 
having a value representing width. 

18. A speech bandwidth compression system in ac 
cordance with claim 17 in which said synthesizing means 
includes: 

(a) a broadband noise source; 
(b) a tunable band-pass ?lter connected to said last 
mentioned broadband noise source; 
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(c) said tunable band-pass ?lter also being connected 

to said low-pass ?lter and said last-mentioned averag 
ing detector; 

(d) a multiplier having one input connected to the 
output from said tunable band-pass ?lter and its other 
input connected to said ?rstamentioned averaging 
detector. 

19. A speech bandwidth compression system in ac 
cordance with claim 18 including: 

(a) a speaker connected to the output of said multiplier. 
20. A speech bandwidth compression system com 

prising: 
(a) means for converting speech into an input electrical 

signal; 
(b) a plurality of band-pass ?lters connected to said 

converting means for continuously covering the 
speech spectrum; 

(c) said ?lters being disposed logarithmically as to fre 
quency and having extremely overlapping frequency 
bands; 

(d) means for rectifying the various outputs from said 
?lters; 

(e) a plurality of post detection ?lters for providing 
a set of relatively slowly varying waveforms; 

(f) a common ?lter interposed between said converting 
means and said band-pass ?lters, the frequency char 
acteristic of said common ?lter simulating the stand 
ard human audiometric curve of threshold having 
a mathematical approximation for relative power 
equal to 

(f/500)2 Jay]: 1 16 
1+(f/500)2 ‘ 1+(f/8000)2 

where f is frequency in cycles per second. 
21. A speech bandwidth compression system com 

prising: 
(a) means for converting speech into an input electrical 

signal; 
(b) a plurality of band-pass ?lters connected to said 

converting means for continuously covering the 
speech spectrum; 

(0) said ?lters being disposed logarithmically as to fre 
quency and having extremely overlapping frequency 
bands such that any frequency component of said 
electrical signal falls within the frequency band of 
each of more than two of said ?lters; 

(d) means for rectifying the various outputs from said 
?lters, and 

(e) a plurality of post detection ?lters for providing 
a set of relatively slowly varying waveforms, the 
bandwidth of each of said post detection ?lters being 
approximately 15 cycles per second. 

.22. A speech bandwidth compression system com 
prising: 

(a) means for converting speech into an input elec 
trical signal; 

(b) means in circuit with said converting means in 
cluding a plurality ‘of band-pass ?lters disposed loga 
rithmically as to ‘frequency and having overlapping 
frequency bands; 

(0) means connected to said last-mentioned means 
for providing a set of relatively slowly varying 
waveforms; 

(d) extractor means‘ for providing spatial pattern sig 
nals from said waveforms, said spatial pattern sig 
nals being in accordance with area and centroid, and 

(e) means for synthesizing said pattern signals to pro 
vide a reconstituted speech signal of an intelligible 
character. 

23. A speech bandwidth compression system com 
prising‘ 

(a) means for converting speech into an input elec~ 
trical signal; 

(b) means in circuit with said converting means in 
cluding a plurality of band-pass ?lters disposed loga 
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rithmically as to frequency and having overlapping 
frequency bands; 

(c) means connected to said last-mentioned means for 
providing a set of relatively slowly varying wave 
forms; 

((1) extractor means for providing spatial pattern sig 
nals ‘from said waveforms, said spatial pattern signals 
being in accordance with area, centroid and width, 
and 

(e) means for synthesizing said pattern signals to pro 
vide a reconstituted speech signal of an intelligible 
character. 

24. A speech bandwidth compression system com 
prising: 

(a) means for converting speech into an input elec 
trical signal; 

(-b) a plurality of band-pass ?lters connected to said 
converting means for continuously covering the 
speech spectrum; 

(c) said band-pass ?lters being disposed logarithmically 2 
as to frequency and having extremely overlapping 

14 
frequency ‘bands such that any frequency component 
of said electrical signal falls within the frequency 
band of each of more than two of said ?lters; 

(d) a common ?lter interposed between said convert 
5 ing means and said band-pass ?lters; 

(e) means for rectifying the various outputs of said 
band-pass ?lters; and 

(If) a plurality of post detection ?lters for providing a 
set of relatively slowly varying waveforms. 
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