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This invention relates generally to the processing of 
speech waves or signals, and pertains more particularly 
to a method and system in which certain portions of a 
speech or voice signal are selected as being representative 
of the intelligence contained in the wave or signal. 
The present invention will be better understood, it is 

believed, if two prior art attempts in the ?eld of speech 
processing are ?rst referred to. One of these schemes is 
known as Nyquist sampling where the sampling is con 
ducted at a repetition rate at least twice as great as the 
highest frequency in the sampled signal. Filtering of the 
sample pulses can in such a situation provide a close 
reproduction of the sampled waveform. However, voice 
processing by Nyquist sampling requires a pulse repetition 
rate of approximately 7,000 pulses per second, assuming 
a band-width for the speech wave of 3,000 cycles per 
second. 
The second noteworthy attempt concerns clipped speech 

work where it has been recognized that the intelligibility 
of a speech is contained primarily in the zero crossings 
of either speech or differentiated speech. Therefore, it 
has become possible to utilize a pulse transmission ar 
rangement in which pulses are transmitted only at times 
of zero crossings. Such a technique decreases the total 
pulses required for the transmission of speech to approxi 
mately 2,200 pulses per second. The principal di?iculty 
with this type of system, however, is that the quality of 
the output or reproduced speech is greatly degraded. 
With the present speech processing system, that is em 

ploying what has been termed selective amplitude sam 
pling, a sampling is made of the instantaneous magnitude 
of the voice wave which is in the form of a transduced 
electrical signal, the sampling being only at times of 
zero slope of the signal; in'tother words, at times of 
maxima or minima. While the envisaged sampling tech 
nique and detection system requires the same number 
(approximately 2,200‘) of pulses as those needed in the 
clipped differentiated speech procedure alluded to above, 
the quality obtainable with our invention compares favor 
ably with unaltered speech. Stated somewhat differently, 
the present invention reduces appreciably the number of 
samples from that required by Nyquist sampling, yet does 
not seriously degrade the quality. 

Accordingly, one important object of the invention is 
to provide a speech processing system in which the intelli 
gibility and quality of the voice are maintained to the 
extent that there is only a slight degradation of these 
characteristics relative to the original speech wave. 

Another object is to provide a voice processing system 
employing simple and inexpensive apparatus, it being an 
aim to use less complex circuitry for sampling and detec 
tion than in existing techniques for sampling rate reduc 
tion. 

Another object of the invention is to provide a system 
of the foregoing type in which the duty cycle is approxi 
mately thirty percent of conventional voice-pulse systems, 
thereby providing either a decrease in the power required, 
an increase in channel capacity, or a decrease in the neces 

sary bandwidth. 
Yet another object of the invention is that the processed 

voice lends itself readily to being coded. 
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Other objects will be in part obvious and in part pointed 

out more in detail hereinafter. 
The invention accordingly involves a speech processing 

concept which will be exempli?ed in the construction 
hereafter set forth and the scope of the application which 
will be indicated in the appended claims. 

In the drawings: 
FIGURE 1 is a block diagram of a single polarity sys 

tem embodying therein the teachings of the invention; 
FIGURE 2 is a graphical representation of a typical 

voice waveform or transduced signal and also a resulting 
detected output signal produced with the present system, 
and 
‘FIGURE 3 illustrates a plurality of voltage waveforms 

or signals occurring at various processing points in the 
system depicted in ‘FIGURE 1, a fragmentary portion of 
the transduced signal of FIGURE 2 having been utilized 
and from which the other signals of this ?gure are derived. 

Referring now in detail to the drawings, the exemplary 
system of FIGURE 1 comprises a pickup transducer in 
the form of a microphone 10 which is connected to an 
audio ampli?er 12. The ampli?er signal is fed to a 
band-pass ?lter 14 where the speech is ?rst limited to the 
2004000 c.p.s. band. It is the voltage waveform from the 
?lter 14 that will hereinafter be referred to as the trans 
duced signal. A typical voice waveform or transduced 
signal appears in FIGURE 2 and has been assigned the 
reference numeral 16. ‘It will be observed that the signal 
16 includes various maxima and minima, certain of the 
time spaced maxirna having been designated at Ida, 13b, 
18c and 18d with the intervening minima having been 
denoted as 20a, 20b and 200. These same ‘zero slope 
portions are also pictured in the fragment of the signal 16 
appearing in FIGURES 3. it has been found that these 
zero slope portions contain considerable intelligence, and 
as the description progresses it will be seen that these 
portions serve as the samples utilized in the speech proc 
essmg. 
As can be seen from FIGURE 1, the output of the 

?lter 14 is divided, one path of the signal 16 being directly 
to an adder 22 and the other path being via a processing 
route now to be described. 

It will be discerned that the upper path or route includes 
therein a differentiating circuit 24 in which the transduced 
signal 16 is differentiated to produce a signal 26 which 
is shown immediately below that fragment of the signal 
16 from which it is derived. It will be appreciated that 
the differentiated signal 26 passes through zero when the 
transduced signal 16 is either at a maximum or a minimum 
value as indicated by the reference numerals 18a, b, c, d 
and 20a, b, c. The differentiated signal 26 is fed to an 
in?nite clipper designated generally by the reference nu 
meral 2,8. The in?nite clipper, it may be explained, pro 
vides a high grain followed by symmetrical clipping. vIllus 
tratively, the in?nite clipper may include a ?rst peak 
clipper 20, an ampli?er 32, a center clipper or amplitude 
discriminator 34, a second peak clipper 36, and an ampli 
?er 38. It will soon become apparent that low level 
noise passed by the differentiator 24 should be eliminated 
from the system and this is accomplished by the amplitude 
discriminator v34., the use of this center clipper or dis 
criminator also having the desirable effect of providing 
a pulse count reduction as will be more readily understood 
later on. Stated somewhat differently, a minimum signal 
is required to produce certain pulses yet to be described. 
This minimum signal can be referred to as a threshold 
level, a level that may be adjusted to provide minimum 
degradation and quality. The output from the in?nite 
clipper 28 bears the reference numeral 40, this signal also 
appearing in FIGURE 3. 
Next to be referred to is a zero-crossing pulse generator 
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indicated generally by the numeral 4-2. The function of 
this generator is to produce a positive voltage pulse of 
predetermined height and width each time the signal 40 
from the in?nite clipper 28 passes through zero. It will 
be understood that these zero crossings coincide with 
those of the differentiated waveform 26. While the 
height and width of the pulses to be generated are obvi 
ously susceptible to variation, solely as a guide it might ' 
be explained that pulses of 6.0 volt magnitude having 
0.6 ,usec. width have been utilized and found satisfactory. 
The desirability of the center clipper or amplitude dis 
criminator 34 should now be evident, for one would not 
wish that the zero-crossing pulse generator 42 be triggered 
into operation by extraneous low level signals not oc 
curring at the previously mentioned maxima 18a, [2, c, d 
and minima Eda, b, c. 
The zero-crossing pulse generator includes in the exem 

pli?ed instance a modi?ed Schmitt trigger circuit labeled 
44. By “modi?ed,” it is merely meant that the circuit 
differs from a conventional Schmitt trigger circuit by rea 
son of an inductor in circuit with the free plate thereof. 
It is the function of the in?nite clipper 28 to provide a 
signal 46 of sufficient magnitude and shape for operating 
the Schmitt trigger. 
The output from the circuit 44- has been indicated by 

the numeral 46. Inasmuch as the signal 4-6 includes both 
positive and negative pulses, the generator 42 also has 
incorporated therein a negative peak clipper 48 in shunt 
with a negative peak inverter Stl. The unit 48 simply pro 
vides a free path for all positive pulses contained in the 
signal 46, these being labeled 52 in FIGURE 3, and at 
the same time blocking passage of negative pulses via this 
path. The unit 50, as its name implies, inverts the nega~ 
tive pulses contained in the signal 46 so that they ap 
pear as positive pulses 54 (FIGURE 3). By virtue of a 
dual cathode follower type of adder 56 the pulses 52 
and 54 are channeled over a common route, the pulse 
train or signal now being indicated as 58 in FIGURE 3. 
These are the positive voltage pulses of predetermined 
height and width previously alluded to when ?rst refer 
ring to the role to be played by the zero-crossing pulse 
generator 42. It should be understood, though that these 
constant amplitude pulses occur at times of zero crossings 
of the differentiated wave or signal 25 and hence occur 
at the already alluded to various maxima and minima of 
the transduced signal 16. 
The pulses 58 are now combined with or added to the 

signal 16 through the medium of the previously mentioned 
adder 22 to produce a composite signal 60 as also shown 
in FIGURE 3. It will be noted that the adding together 
of the voice signal 16 and the pulses 58 to produce the 
signal 6% results in the signal of} having the same con 
?guration as the original signal 16 except at times of 
maxima and minima when a large amplitude positive pulse 
or spike appears, those pulses occurring at the time of 
maxima being denoted by 62a, 62b, 62c and 62d and 
those occurring at the minima being designated by the 
numerals 64a, 64b and 640. 
By means of a base clipper 66, the wave or signal 60 

is stripped of all voltage components having a magnitude 
less than that of maximum voice amplitude (the largest 
unnumbered maximum of the transduced signal 16) de 
livered to the adder 22. This leaves discrete positive 
pulses 68a, 68b, 6%0, 68d, 65c, 68]‘ and 68g which con 
stitute the usable amplitude sampling of the speech being 
processed, these pulses é?a-g containing most of the in 
telligence originally present in the segment of the signal 
16 from which said pulses have been derived. In other 
words, the remaining signal 63 comprises a succession of 
positive pulses 68a—g occurring at times of maxima and 
minima of the signal 16 and having heights which are 
linearly related to these maximum and minimum values. 
To detect the information available in the signal 68, a 

boxcar circuit 70 is utilized. So called “boxcars” have 
been extensively used in radar applications; therefore, if 
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detailed information is desired, reference may be made 
to the Massachusetts Institute of Technology Radiation 
Laboratory Series, vol. 24, published by McGraw-Hill 
Book Company, Inc. in 1950. The boxcar circuit ‘70 
holds or maintains the approximate amplitude of each of 
the pulses 68cz-g until the occurrence of the next one. 
Such action is shown generally in FIGURE 2 in the form 
of the voltage signal 72 which has been derived from the 
signal 16 over a longer interval than the fragmentary por 
tion of the signal 72 that has been presented in FIGURE 
2. At any rate, it is believed evident that the boxcar 70 
causes each pulse 68a—g in the succession of pulses to 
persist until the arrival of the following such pulse and 
so on, this being characteristic of boxcar circuitry. Thus, 
the pulse 68a will be held during a period labeled 7412, 
the pulse 68b over a period labeled 7412, the pulse 680 
through a somewhat longer interval bearing the numeral 
74c and so on as indicated by the various references 74d, 
742, 74]‘ and 74g. 
The collective signal 72 is fed to a band-pass ?lter '76, 

this ?lter corresponding to the previously mentioned ?lter 
14. The ?ltered output signal has been illustrated only 
in FIGURE 3, being assigned the reference numeral 78. 
A comparison of the input and output waveforms l6 and 
73 shows that the system introduces a relative phase shift, 
but the relative amplitudes of the frequency components 
are closely approximated. Thus, While the system does 
not reconstruct the exact waveform, it does retain the in 
formation necessary for the transmission of intelligibility 
and quality after appropriate amplification by an audio 
ampli?er 8t) and playout by a transducer in the form of a 
speaker 82. 
From what has been presented, it is believed that our 

system and its attendant method of operation will be 
readily understood. Quite brie?y, the transduced signal 
16 is amplitude sampled at times of substantial maxima 
and minima. This is accomplished basically by the dif 
ferentiator 24, the zero-crossing generator 42 and the 
adder 22. After stripping the signal 60 of that portion of 
the waveform below a predetermined level the resulting 
signal 68 is fed to the boxcar circuit 76 for detection pur 
poses. 

As many changes could be made in the above construc 
tion and many apparently widely different embodiments 
of the invention could be made without departing from 
the scope thereof, it is intended that all mattter contained 
in the above description or shown in the accompanying 
drawings shall be interpreted as illustrative and not in a 
limiting sense. 

It is also to be understood that the language used in the 
following claims is intended to cover all of the generic and 
speci?c features of the invention herein described and all 
statements of the scope of the invention which, as a mat 
ter of language, might be said to fall therebetween. 
What is claimed: 
1. A speech processing method comprising the steps of 

differentiating a transduced voice signal to produce a de 
rived signal having zero crossings during the times that 
the transduced signal is at a maximum or minimum, said 
transduced signal having substantially the same wave form 
as the original speech generating a rectangular pulse hav 
ing a certain height at each of said zero crossings, adding 
said rectangular pulses to said transduced signals to pro 
vide resulting signals, and maintaining the approximate 
value of each resulting signal until the arrival of the next 
resulting signal to produce a detected output signal. 

2. A speech processing system comprising means for 
producing a transduced voice signal, said transduced sig 
nal having substantially the same wave form as the origi 
nal speech means for differentiating said signal, means for 
generating a pulse of predetermined magnitude each time 
the signal from said differentiating means passes through 
zero, means for combining said pulses with said trans 
duced signal, and means for detecting the signal from 
said combining means. 
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3. A speech processing system in accordance with claim 
2 including means for removing a base portion of pre 
ferred magnitude from the signal produced by said com 
bining means before detection thereof by said detecting 
means. 

4. A speech processing system comprising a pickup 
transducer for producing a voice signal, a band-pass ?lter 
connected to said transducer, a differentiator connected to 
the output side of said ?lter for providing a differentiated 
signal having zero crossings at the times of maxima and 
minima of said transduced signal, an amplitude dis 
criminator for removing those portions of said differen 
tiated signal having a magnitude less than a desired value, 
a zero-crossing pulse generator for producing a pulse of 
a given magnitude for each zero crossing of said differ 
entiated signal, an adder connected to the output side of 
said ?lter and to the output side of said pulse generator 
for adding said pulses to the ?ltered voice signal, a base 
clipper connected to said adder for stripping the output 
of said adder of voltages having a magnitude less than 
that of the voice amplitude to said adder to provide se 
lected amplitude signals having heights linearly related 
to the values of said ?ltered transduced signal at said 
times of maxima and minima, a boxcar generator con 
nected to said clipper for holding the approximate ampli 
tude of each selected amplitude signal until the occurrence 
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of the next selected amplitude signal, band-pass ?lter 
connected to said boxcar generator for ?ltering the output 
of said boxcar generator, and a speaker connected to the 
output side of said last-mentioned filter. 

5. A speech processing system comprising means for 
producing ampli?ed sampled signals from a transduced 
voice signal at times of substantial maxima and rninirna 
which includes ?rst means for di?erentiating said trans 
duced signal to provide a differentiated signal, second 
means for generating constant magnitude pulses at the 
zero crossings of said differentiated signal, and third 
means for adding said pulses to said transduced signal 
at the time of said maxima and minima, said transduced 
signal having substantially the same wave form as the 
original speech, the system further including a boxcar 
circuit for maintaining the approximate value of each 
sampled signal until the occurrence of the next such 
signal. 
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