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ABSTRACT 

The transmission of speech, through difficult channels 

is more easily accomplished if the complicated speech 

waveform can "be simplified. One method of simplification 

Is to "infinitely clip" the speech to a rectangular signal 

which preserves only the original zero-crossings. 

Early research with clipped speech and clipped, 

differentiated speech is extended to clipped, twice 

differentiated speech and an "enriched" mixture of two 

clipped derivatives of different order. The two new 

systems produce a higher quality signal than the earlier 

methods, the "enriched" speech approaching typical 

communications quality. Data is presented comparing the 

intelligibility of these four systems. 

A scheme for preserving simultaneously the exact 

times of both zeros and extremals is discussed in detail 

and experimentally investigated. The intelligibility of 

time-quantized, second-order clipped speech is studied, 

and certain statistical parameters of the clipped signals 

measured. These da.ta indicate that a three-to-one 

reduction in bit rate over telephonic PCM is possible 

while still preserving tolerable intelligibility. 
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1. Background 

1.1 Early Experiments with Clipped Speech 

Electrical transmission of a spoken message requires a 

conversion of the acoustical disturbance into an electrical 

signal, transmission of this signal, and reconversion to an 

acoustical output. For the communications engineer, the 

problem of interest is the- preservation of tolerable 

intelligibility os the signal encounters distortion, random 

noise, and linear filtering on its trip from the transmitter 

to the receiver. 

Primitive (but widely used) communications systems 

vary a parameter of the electrical transmission signal 

linearly with the acoustic signal, as in the telephone or 

in an FK system. More sophisticated systems may exploit 

the time quantisation allowed by sampling the acoustic 

signal at the Nyquist rate and the amplitude quantisation 

permitted by user insensitivity to generate a transmission 

signal containing finite sequences of variation between 

only two electrical levels. At the receiver, this 

"digitised" signal is converted into a reasonable approx¬ 

imation of the original acoustic pattern. In all of these 

systems, the final goal is to reproduce for the user an 

acoustic output which faithfully follows the variations of 

the input. 

Problems begin to appear when the transmission signal 

must be passed through an extremely noisy channel, or one 

which is very narrow in bandwidth. Modern information 

theory concepts have shown that the problems of noise 

immunity and bandwidth reduction can be unified into the 



problem of reducing the number of transmitted bits per 

second needed to specify a speech sample. With a fixed, 

number of bits per second to transmit, the system designer 

can trade off noise immunity, bandwidth, complexity, and 

encoding delay in an appropriate manner. A more fundamental 

approach is to include the speaker and listener as 

psychological components in the overall system and ask. the 

question, "How can the speech waveform be simplified? V/hat 

can be discarded without impairing its usefulness?" 

World War II experiments conducted to measure the 

effect of overload distortion revealed that speech which 

had been subjected to the extreme form of amplitude 

distortion known as "infinite clipping" still retained much 

of its intelligibility. An "Infinite clipper" operates on 

a speech waveform f(t) to produce a rectangular output, 

This process Is illustrated in Figure 1.1. 

In the late 1940's, an intensive experimental program 

was conducted by Lickllder et al. at the Harvard Psycho- 

differentlators, RG Integrators, and clipping circuits said 

tested all non-canceling permutations (clipped and integrated, 

differentiated and clipped, clipped, etc.). In addition, 

unprocessed speech was presented for comparison. In each 

test, the subject was presented the processed speech sample 

through earphones and was required to write down the words 

f 1, f(t)> 0 

-•^References, indicated by superscripts, will be found at 
the end of the report. 



f (t) 
o- 

infinite 
clipper 

' f(t) 

UH 

Figure 1.1: Infinite clipper and its operation 
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being spoken. Each test consisted of the presentation of 

50 monosyllabic, legitimate English words from phonetically 

balanced lists compiled specially for such articulation 

testing by J. Egan.'5 To illustrate the effect of 

learning on the articulation scores, twenty-fire consecutive 

tests were run with each subject for each type of processing. 

Of the ten permutations of filtering and clipping 

tested, four tightly contained groups of curves resulted. 

Figure 1.2, based on Licklider's data, shows the general 

behavior of these four groups. Group 1 represents 

unprocessed speech, differentiated speech, and integrated 

speech. Group 2 contains differentiated and clipped; and 

differentiated, clipped, and integrated speech. Group 3 

represents clipped and integrated; clipped; and clipped and 

differentiated speech. Finally, group 4 shows the results 

for integrated and clipped; and integrated, clipped, and 

differentiated speech. It is clear from these curves that 

it is advantageous to differentiate before clipping. 

Furthermore, clipped speech can be ''learned," 'with articu¬ 

lation scores ultimately approaching those of unprocessed 

speech (with the exception of group 4). In evaluating this 

data, it must be remembered that the use of monosyllabic 

test words makes for an extremely difficult test, as 

witnessed by the imperfect scores for unprocessed speech. 

V/ord articulation scores of around would represent 

sentence intelligibility in the high 90’s, and would be 

quite adequate for many situations. Naturally, the clipping 

process produces speech which sounds harsh and raspy, but 

most Important, it retains much of its intelligibility. 
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Figure 1.2 Intelligibility of clipped speech (after 

Licklider-*-). 
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As would be expected from the unity crest factor 

(ratio of peak to rms signal) of infinitely clipped speech, 

such speech is extremely useful when the listener is 

required to listen through high noise levels, When the 

signal-to-noise ratio falls below about 5 db, the clipped 

speech actually becomes more intelligible than its unclipped 

counterparti Actually, "soft clipping," or volume 

compression, has been used for years in radio communication 

for just this purpose. 

A bandlimlted speech sample contains an infinite 

number of degrees of freedom, for while it can be 

unambiguously specified by a finite number of samples at 

the IJyquist rate, the amplitude of each sample is subject 

to unbounded variation. Even after infinite clipping has 

reduced the signal levels to tiro discrete values, the 

resulting signal still requires an infinite number of bite 

to specify it uniquely. This results from the fact that all 

of the information in the signal is now contained in the 

variation of the time gaps between successive zero- 

crossings* In order to bound the information content of 

such a sample of clipped speech, it is necessary to time- 

quantise the occurrence of zero-crossings, that is, limit 

their occurrence to a finite set of possible times. 

It would be expected that the intelligibility of time- 

quantised, infinitely clipped speech would increase with 

increasing quantizing frequency. This is precisely the 

result demonstrated by Licklider in a paper published a 

few years after those previously cited.^ After partitioning 

the time axis into equal "quanta" determined by the 
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quantizing rate, Lichlider tested two different decision 

rules. According to rule A, the output switched at the end 

of an interval if one or more zero-crossings of the input 

signal had occurred during that interval. Under rule 3, 

the output switched if and only if an odd number of input 

zeros had occurred during the interval, then the quantizing 

rate is high, and the intervals therefore small, the 

probability of 

the interval is 

essentially the 

A oi^tput tends 

more than one Input zero occurring ’within 

small, and the A and B outputs are 

same. With larger intervals, however, the 

toward a square 'wave of period equal to two 

quanta, while the B output still preserves some information¬ 

hearing variation. Figure 1.3 illustrates the two r;.?les. 

Speech which had been once RC differentiated was time- 

quantized under both rules at various rates and presented to 

subjects for articulation tests similar to those already 

outlined. Figure 1.4 shows the resulting variation of 

intelligibility with quantizing frequency. As expected, 

rule A is inferior to rule B at all rates, but approaches 

the latter in the limit of high quantizing frequency. 

These early experiments indicate that by accepting a 

significant, but not critical, loss of intelligibility 

is possible to reduce the extremely complex variations 

the speech waveform to a finite binary sequence. For 

example, the B output in Figure 1.3 can be represented 

, it 

of 

by 

the binary number 100011001000. Furthermore, as the user 

becomes more familiar with the processed speech, articulation 

scores rise to approach those of normal speech. 

Before pursuing the possible exploitation of these 
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perceptual observations, it will be Interesting to digress 

for an examination of some theoretical aspects of infinite 

clipping. 

1.2 Exact Specification by Complex Zeros 

It is obvious that a bandlimited time function f(t) 

cannot be uniquely specified by the location of its real 

zeros, that is, by the solutions of f(t) = 0, Some 

insight into this weakness of the sampling of zeros is 

given by examining the average or expected rate of zero- 

crossings. Consider the case of a ’'red” noise signal 

produced by passing white, Gaussian noise through a perfect 

loupess filter cutting off at W cycles per second. The 

noise signal is now bandlimited in (0, ¥). According to 

the sampling theorem, 2W independent samples per second are 

required to specify the signal. The average rate of zero- 

crossings per unit time for the m derivative of this 

signal has been shown to be*' 

R(m) « 2V/1/
2m‘rl 

v 2m+3 

In particular, the zero density of the signal itself 

(m 55 0) is /T 
2¥-y 3 < 2W. 

This deficiency of zeros precludes any possibility of 

determining the noise signal from its zero crossings, and 

in general, the zero density will always be less than the 
m 

Eyeu1st rate, 

That the situation Is not completely hopeless was 

demonstrated in a fascinating paper by Bond and Cahn.° 
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The authors introduced the concept of complex zeros of a 

bandlimited function and demonstrated that the function 

can be determined solely from the location of these zeros, 

which occur in the limit at the tfyqulst rate. 

Let f(t) be strictly bandlimited in (0,17), and let 

V(f) be its double-ended Fourier transform (obtained by a 

suitable limiting process since f(t) is necessarily 

infinite in extent). Mow consider the complex function 

W 

f(z) - |v(f) e27I^faaf 
, ~W 

obtained by replacing the variable t with the complex 

variable s = t + Ju. The function f(t) is now f(s) 

taken along the real axis. Moreover, f(z) can now be 

described by the location in the (t, Ju) plane of its 

complex zeros. These zeros will either lie on the t-axis, 

or else off the axis in conjugate pairs. The zeros, real 

and complex, occtar in the limit at the Uyquist rate, and 

so the function can be expressed by 

OO 

f(z) « f (0) ) | (1 - 2. ) 
n - s zn 

where f(0) ^ 0 and zn « R^e^®n is the location of the 

tb n zero. 

R ^ R n n+1 

and 

11m = 217. 

Bond and Cahn illustrate the behavior of the complex 

zeros by considering 
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f(t) = VQ + \T
X Bin 2Wt, 

a sine '.rave plus a DC bias. For zeros are 

real, conversing into double zeros on the real axis when 

and move off 

For the real double zeros split again 

axis in complex conjugate pairs, indicating 

that the time function no longer intersects the t~axls. 

For the simple f(t) demonstration signal given above, 

the calculation of the zn is relatively straightforward. 

For more interesting signals, however, the complexity grows 

rapidly. Consider, for example, 

f(t) = sin wt + V-j sin 3wt. 

The calculation of zn requires in this case the solution 

of two simultaneous transcendental equations. These can 

be reduced to two simultaneous fifth-order equations, but 

the complexity is still overwhelming. 

Because the complex zeros cannot be physically 

detected, but must be calculated, and because the resulting 

calculations are frighteningly complicated for all but the 

most trivial signals, the sampling of complex zeros has 

little practical value. The complexity and time delay are 

simply intolerable for any useful communication system. 

1.3 Construction of Bandlimited Signals with Given Zeros 

The complex zero representation discussed by Bond and 

Calm requires the knowledge of all past and future real and 

complex zeros to specify the value of the function at any 

time. Recognizing the impractlcallty of this system, they 
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went on to consider a more useful problem— the construction 

of a finite sample of a bandlinited function with a {riven 

set of (real) zeros. 

Consider a T second interval, from -T/2 to T/2, of a 

function bandlimited at M cycles per second. As before, 

the function is assumed to be nonzero at t = 0. A finite 

expansion based on only the zeros within the interval will 

yield a high-order polynomial with gross distortion at the 

ends of the Interval. To get around this difficulty, real 

zeros are assumed to exist outside the interval, occurring 

at exactly the Kyquist rate. If IT is the largest integer 

not exceeding TW, the outside zeros are assumed to occur at 

t * + (N + n)/2W, n ** 1,2,3,.... Meanwhile, within the 

interval, there are a maximum of 2N real or complex zeros 

whose real parts lie in (-T/2, T/2). 

Let Dn ® tn - n/2VJ be defined as the migration of the 

zero, which occurs at time tn. Hote that for at least 

one tn there is no corresponding sample point, and no 

migration is defined. By appropriately weighting the 

resulting set of zero migrations, a train of sample pulses, 

S. . can be obtained. If these samnles are made to occur at n 
the Hyaulst rate and then lowpa.ss filtered at V«T cycles per 

second, the desired f(t) results. The weighting equation 

for the derivation of the Sn is quoted without proof: 

wirw--C 
vn £ 
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The required bandlimited function with constrained zeros is 

then given by 

Although an equation has been presented for converting 

a sequence of zero-crossings into a bandlimited signal with 

the same- zeros, the complexity is still too high for any 

the method, several important disadvantages remain to 

prevent its application to speech communication over binary 

channels. 

First of all, like the complex zero representation from 

which the above equation was derived, the value of the 

constructed function at any point depends on knowledge of 

all zero-times, or zero migrations. This introduces a 

delay into the communication process at least as large as 

the speech sample operated on. Such a delay v;ould be 

extremely undesirable in two-way communication. 

The time-delay problem could be partially solved by 

partitioning the speech sample into short blocks, each block 

to be operated on as a separate interval. This would 

shorten the delay and the decoding complexity, but would 

introduce continuity errors at the junctions of consecutive 

blocks. This distortion would most likely appear as a buzz 

superimposed over the constructed speech, occurring at the 

block chopping rate. 

In addition to the time-delay problem, there is the 

question of receiver dynamic range. Since S grows large 

in the region of a long zero migration, a large elapsed 

f(t) 

Sivt ('2TT Wt - rpn) 

2 17 W C - 77 ‘d • 
n - —N 

practical application. Even discounting the complexity of 
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time between two zeros would lead to an excessive signal 

amplitude at that time. This situation would be quite 

common in speech. The problem could be countered by either 

amplitude clipping the constructed speech, or what is almost 

the same, "time clipping” the binary signal which contains 

the source zero-crossings. Time clipping would work this 

ways if, T seconds after the last zero-crossing, no zero 

had occurred, the binary signal would automatically 

complement. T would be set small enough to limit the 

required dynamic range, yet large enough to prevent 

excessive distortion. Both methods, of course, introduce 

distortion. 

1.4 Infinite Clipping for Bandwidth Compression 

With an infinite clipper, a bandlimited function can be 

converted to a binary signal. And now, with the equation 

developed by Bond and Cahn, a binary signal can be converted 

to a bandlimited signal. This presents an interesting 

possibility for bandwidth compression in speech by trading 

off the slight intelligibility loss of clipped speech for 

reduction of required bandwidth. 

In actuality, the tradeoff can be accomplished without 

the complications of the method of section 1.3* Consider a 

sample of clipped speech which is to be transmitted through 

a lowpass channel. An ideal infinite clipper, naturally, 

yields a signal with infinite bandwidth. However, suppose 

the speech sample to be sent is T seconds long and contains 

N zero-crossings. These zero-crossings partition the speech 

sample into W + 1 segments, each being the time between 
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successive zeros. A linear sweep generator can convert the 

N 1 times between zeros into N + 1 amplitude pulses 

proportional to the times tn+1 - t . A buffer memory can 

collect these pulses and re-issue them at their average 

rate of U/T per second. A smooth function bandlimited at 

N/2T cycles per second can now be passed through the sample 

points, transmitted through an N/2T lot.’pass channel, and 

the clipped speech reconstructed at the receiver by 

retracing the steps. 

The data of section 2.A indicate that a typical 

average rate of zero-crossings for male speech is about 

800 per second. By infinitely clipping and converting as 

outlined above, the speech could be compressed into a A00 

cycle/second lowpass signal. This compares with the 3500 

cycles/second occupied by a typical telephone channel. 

The time-delay problems cited in section 1.3 carry over 

to this bandwidth compression scheme as well, and a buffer 

of considerable size would be required to store and space 

the samples. Also, the system would have to sense and 

correct the ‘'average" rate of zero-crossings, since speech 

is by no means "stationary." A female voice can be expected 

to have a higher rate of zeros, and even with a single- 

speaker, the local "average" is subject to wide variation. 

The wider the expected variation, the larger the buffer 

storage must be, and hence, the longer the encoding delay. 

Similar buffering problems were encountered in a 

different speech system proposed by Mathews at Bell 

Laboratories. He simulated on an IBM 704 a scheme whereby 

only the time and amplitude locations of minima and maxima 
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7 
of the speech wave were transmitted.1 The buffering problem 

in the two cases is similar, and his measured average delay 

time of 1 second may be taken as representative for the 

bandwidth compression scheme discussed above. Needless to 

say, a delay of this magnitude is undesirable for two-way 

c oinrnun i c at ion. 

1,5 Generation of Signals with Given Times of Extremal Events 

The c-arly experiments of Licklider et al., cited in 

section 1.1, indicate that infinitely clipped speech, and 

infinitely clipped, once differentiated speech retain much 

of their intelligibility. Since the operation of infinite 

clipping destroys all the Information in a signal with the 

exception of the times of zero-crossings, it seems apparent 

that the times of zero-crossings and the times of minima 

and maxima, respectively, are important information-bearing 

elements in the speech wave. The early experiments further 

showed that the signal containing only the. times of minima 

and maxima (extremals) was decidedly more intelligible 

than that containing only the times of zero-crossings. 

Two questions immediately present themselves: 1) Can 

the intelligibility be increased by generating a signal 

which contains simultaneously both the times of zeros and 

the times of extremals of the original speech? 2) Can the 

intelligibility be enhanced by transmitting the zero-times 

of derivatives higher than the first (for example, the times 

of inflection points in the original speech wave)? 

Examination of the second question will be deferred until 

sections 2.2 and 2.3. This section will deal with the 
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problem of generating the signal proposed in the first 

question. 

If a finite sample of speech f(t) is subjected to 

infinite clipping, a rectangular wave results which switches 

at times t°, i = 1,2,..., corresponding to the times of 

zero-crossings in the original signal. Likewise, 

differentiating and clipping produces a set of switching 

times t“ corresponding to the times of minima and maxima 

of f(t). 

In general, if there are n zero-crossings in f(t), 

n-, local minima and maxima, tig inflection points, and so 

forth, repeated differentiation terminated in infinite 

clipping will yield m sets of event times: 

i — 1,2, ... ,n^ 

j B 1J2, ... ,n-^ 

= |t: f(t) = 0^ 

t^ = £t: df/dt = 0( 

t 
m-i 

k 
j t: dmf/atni"'= oj k = 1,2, ,n. 

JLS J O Cf il £?; tj 

no £ nl i n2 4 * *' * 

Assuming that all of the t® are di 

set and among, the different sets, 

number of which lie between 

stinct, both within a 

it is then clear that the 

the times LIH and t 
m 
3+1 

must be odd and at least equal to one. 

Two infinite clippers, one of them preceded by a 

differentiator, 

and n-j_ points 

can present the receiver with nQ points 

tij. The problem is nov; one of constructing 



a signal, any signal, with the same and 1 
r 

Figure 1.5 illustrates a simple graphical solution to 

the problem. The signal is built up on a set of five 

levels: 0, +E, and +2E. All the zero-times, t?, are shown 

as clots on the 0-level. The t^ which occur immediately 

after odd t? are placed alternately on 2E and E, whereas 

those following even t? are placed alternately on -2E and 

-E. Connecting lines can now be drawn as shown in the 

figure, yielding the desired signal. Here, however, a 

minimum or maximum is given by the change in the sign of 

the slope rather than by a zero of the slope, since the 

piece-wise linear signal is not differentiable in the true 

sense at t^. 

So long, as the signal construction is confined to 

drawing lines on paper, the method outlined is both simple 

and effective. It yields a signal with the required zero- 

crossings and the required minima and maxima. Unfortunately, 

it is not applicable to a communication system in which the 

tf and tlj are arriving sequentially in time. The straight 

line segment connecting two points cannot be "drawn" until 

the second point has arrived. To wait for the second point 

to arrive and then adjust the slope of the line segment 

accordingly complicates the situation considerably, and 

worse yet, introduces that ever-present demon, time delay. 

An error in the construction of the desired signal is 

defined as either introducing a zero or extremal which did 
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i 

Figure 1.5 A graphical solution to the problem of 
preserving event times. 
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not exist in the original f(t), or ignoring one which did 

exist. If a certain minimal error rate of false ancl missed 

zeros can be tolerated, a simple, instantaneous procedure 

becomes available. 

Using the notation for the infinite clipping operation 

defined in section 1.1, and letting f'(t) = df{t)/dt, the 

signal ^ 

Fx(t) = ) f'Tt
1 )dt1 

“* o 

consists of a jagged triangular wave vfnose extremals occur 

at the proper times The clipping operation has clipped 
J 

the slopes of the piece-wise linear signal to +1. For a 

speech wave, F (t) is zero mean, and the probability of its 

straying far from the axis is small. Likewise, the signal 

F <t) » fTtT 

is a rectangular wave, whose levels have been clipped to 

+1, containing the t° Information. FQ(t) is simple 

"clipped speech." 

How consider the signal formed by the weighted su: 

the two signals, one containing the V the other the 
of 

F0(t) + AFx(t). 

This synthesis is shown in Figure 1.6. Can the weighting 

factor, A, be adjusted so that Fs(t) contains the same t° 

and t^j as the original speech, f(t)? A numerical answer 

would require complete knowledge of the statistical 

distribution of the times between zeros and the times 

between extremals. Such data is not readily available, and 
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Fisure 1.6: Synthesis of F (t) = F (t) ■> AF (t) 
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even if it where, there is no guarantee that the minimum 

error value of A would yield the most intelligible speech. 

The weighting factor, then, should be determined empirically 

on the basis of maximum Intelligibility. However, certain 

qualitative observations can be made at once which will 

show the futility of trying to minimise the rate of error 

events. 

For values of A on the order of 1, the (t) integral 

will often exceed 1 and thus cancel out some of the zeros 

given by F (t). It will also introduce many false zeros. 

To minimize the rate of error zeros, then, the strategy is 

to make A very small compared to 1. The t*j will always 

come through correctly. This shows the futility of error 

rate optimization, since the resulting wave is nothing more 

than the F (t) rectangular signal with a small amount of 
o 

triangular perturbation. This attenuation of the extremal 

information destroys the whole purpose of the construction! 

Obviously, the acquisition of extremal information requires 

suffering a small error rate, and the proper weighting factor 

must be decided by the listener. However, the simplicity of 

the system and the fact that it presents both zero-crossing 

information and extremal times, makes it worthy of 

investigation. Section 2.1 reports the performance of this 

scheme 



2. Experimental Procedure and Results 

2.1 Preservation of Event Times 

In section 1.5 it was postulated that a signal 

containing both the zeros and the extremals of a speech 

wave, without regard to the amplitude at the extremes, 

would be significantly more intelligible than a signal 

containing either one alone. To test this speculation, 

a system was built to convert speech to the required signal 

F (t) of section 1.5. 

The clipped speech component, F (t), was generated by 

passing speech through a Schmitt trigger designed to switch 

at aero volts. The trigger circuits used had a residual 

hysteresis of about 30 millivolts, small compared with the 

one or two volt peal: speech signal. The differentiated, 

clipped, integrated speech was generated by a second 

Schmitt trigger and RC integrators and differentiators. 

The differentiator was a single section, 100 microsecond, 

6 db/octave hlghpass filter; the integrator was a single 

section, 2.1 millisecond, 6 db/octave lowpass filter. 

Digital buffer amplifiers immediately after the Schmitt 

triggers allowed manipulation of the weighting, factor, A. 

The two signals thus generated were resistiveiy mixed and 

presented to a Harmon-Kardon A1000T power amplifier and 

speaker. The signal source was male speech FK recorded at 

15 inches/second on an Ampex FR1300 tape recorder. At this 

speed, the FK demodulator acts as an effective 5 kilocycle/ 

second lowness filter. Figure 2.1 shows the experimental 

arrangement• 
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Speech was presented to the system, and samples mere 

captured on a Tektronix 564 storage oscilloscope to check 

that the signal did indeed resemble the sketches in 

Figure 1.6. , 

As expected, the quality of the processed speech 

increased as the weighting factor, A, was increased from 

zero. Unfortunately, however, the best quality was obtained 

by eliminating the F (t) component entirely (corresponding 

to making A infinite)! The speech quality at any 

intermediate value of A was so far inferior to F-,(t) 

alone that it was decided that the exact times of zeros and 

extremals are not the critical factors in speech 

intelligibility. Because this zero and extremal preserving 

mixture was of such obviously low quality, it was decided 

not to carry out extensive articulation tests. 

Oddly enough, it was discovered that removing the EC 

integrator from the F^(t) generator and placing it after 

the resistive mixer noticeably improved the speech quality. 

Differentiating each component one more time produced 

another dramatic inrorovement. The resulting signal, 

C ‘ 
)(f1(t*) + AT 

1 *(t*)) at*, 

consists not of a rectangular plus a triangular 

but of two triangular components, without regard 

signal, 

to the 

reproduction of the exact times of extremals This "enriched" 

clipped speech was of such high quality that it seemed to 

justify extensive study (discussed in section 2.2). 
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2.2 Experiment I: High-order and "Enriched" Clipped Speech 

The early experiments v;ith clipped speech showed that 

clipping preceded by differentiation produced a higher 

quality signal than mere clipping alone. This suggests 

the possibility of further increasing the quality by 

clipping multiply-differentiated speech. Of course, the 

process cannot be continued indefinitely since each 

successive differentiation and clipping gives full importance 

to features of the speech wave which are less dominant in 

the original signal. Still, there is no a priori reason 

to suppose that the optimum number of pre-differentiations 

xs one. 

Informal listening tests with the second and third 

derivatives of speech indicated that the clipped second 

derivative was of a decidedly higher quality than the other 

clipped signals. The clipped third derivative, on the 

other hand, introduced so much distracting "noise" and 

raised the pitch frequency so drastically that it was 

dropped from consideration. 

The apparent high quality of the second-order clipped 

speech and. the "enriched" clipped speech suggested that a 

subjective comparison be made between these systems and 

those of Licklider’s early experiments. The testing method 

used -was the same as that employed by Licklider, namely, 

the Egan articulation tests which were mentioned briefly 

in section 1.1 (see also the Appendix). Five different 

signals were compared: 
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Speech. ( S ). Undistorted speech, bandlimited at 
5 kilocycles/second, was used for comparison and 
control. 

"Enriched11 clipped speech, ( F* + F*1 ). This signal 
was formed by adding; together infinitely clipped first 
and second derivatives of the speech wave in equal 
parts, integrating with a 140 microsecond time-constant, 
and bandlimiting at 4200 cycles/second. The unity 
weighting factor and the other constants were not' 
particularly critical, and were arrived at by three 
subjects before the actual tests on the basin of 
maximum quality of the resulting signal. 

Second-order clipped speech. ( F** ). This signal was 
formed by clipping the second derivative of the speech 
wave, integrating with a 66 microsecond time constant, 
and bandlimiting at 3500 cycles/second. 

First-order clipped speech. ( F‘ ). This signal was 
formed by differentiating and clipping speech, integrating 
with a 66 microsecond time constant, and bandlimiting 
at 3500 cycles/second. 

Zeroth-order clipped speech. ( F ). This signal was 
formed by infinitely clipping speech, integrating with 
a 140 microsecond time constant, and bandlimiting at 
3500 cycles/second. 

In all cases involving differentiation, the time constant 

’was 100 microseconds, the same as was used by Licklider. 

The bandlimiting in each case was performed by the SIvL 302 

variable electronic filter, which is flat to the corner 

frequency (rather than 9 db down) followed by an 18 db/octave 

rolloff. The initial signal in each case was male speech 
r 

recorded in a sound-proof room with an Electrovoice 676 

dynamic cardloid microphone placed about 8 inches from the 

speaker^ mouth. The microphone output was amplified by a 

Grass P511R preamplifier before being, sent to the various 

processing units. After processing, the different speech 

samples were FM recorded on instrumentation tape at 

15 Inches/second-on an Ampex FR1300, seven channel tape 

recorder. The use of FM recording allows the preservation 
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of the correct waveshape, and the high recording speed 

used yielded a 5 kilocycle/second recording bandwidth. 

Figure 2,2 shows the experimental arrangement. 

The Egan .articulation tests consist of twenty lists 

of fifty English, monosyllabic words each. Each list is 

phonetically balanced and is meant to be as difficult to 

transcribe as any other list in the group. The lists and 

words in this "213-50" series are designated by numbers, 

so for example 2B50-13-9 refers to the ninth word in the 

thirteenth list. 

In their original form, each Egan word list is given 

in alphabetical order. To eliminate this artifact (and 

make things more difficult for the subject), the words In 

each list were read in a scrambled order, namely (reading 

down): 

31 41 22 8 23 
36 14 4 p 9 28 
15 32 20 18 2 
40 19 10 33 39 
25 27 24 38 44 

1 34 6 7 4 
50 16 37 26 11 

, 48 49 29 47 3 
42 30 46 45 13 
17 12 35 5 21 

The test con sisted of 500 word s in all, two list: 

each of the five speech types. The subjects sat in a 

sound-proof room, and the test was presented from the 

through a pair of Superex ST-S, wideband earphones driven 

by a Harmon-ICardon A10007 power amplifier. The words in 

each, list were recorded about 4 seconds apart, as timed by 

a make-shift strobe lamp, and a 1000 cycle/second tone was 

recorded before and after each list. The subject had access 
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Figure 2.2: Set-up for Experiment I test tape. 



to a volume control and was given time to adjust it before 

beginning the actual trials. 

The format of the test was as follows: 

"Before beginning this experiment, you may wish to 
adjust the volume control in front of you for a 
comfortable listening level. This may be cone at any 
time. Ten lists of fifty words each will be read to 
you, and you should write down in order the words as 
you hear them. Each of the test words is a single 
'syllable, legitimate English word, and the speech has 
been electronically processed in various ways. You 
should make an entry for every word, and you should make 
a good guess if you're not sure what the word was. In 
the event that you absolutely cannot guess the word, 
leave a dash. There will be a tone before and after 
each list. Sufficient time is allowed between words 
to allow you to print them legibly. This is not a test 
of speed. Do you have any questions? (pause) The 
first list will begin after the tone. 

{Tone. Signal S, list PB50-1. Tone.) 

(Tone. Signal F’, list PB50-2. Tone. ) 

(Tone. Signal F, list BB50-3. Tone.) 

(Tone. Signal F”, list PB50-4. Tone .) 

(Tone. Signal F' + F”, list PB50-5. Tone. ) 

(Tone. Signal S, list PB50-6. Tone.) 

(Tone. Si giial F', list PB50-7. Tone. ) 

(Tone. Signal F, list PB50-8. Tone.) 

(Tone. SiGpial F", list PB50-9. Tone .) 

(Tone. Signal F’ + F", list PB50-10. Tone. ) 

This is 
: you fo: 

trie end 
r your t 

of the test. We would like to 
ime and for helping us delve 

deeper into the dark depths of scientific research. 
This has been a recorded message." 

The entire test ran about forty minutes, and the 

subjects were given a break at the halfway point if they 

wanted one. Since each type of signal was presented 100 

times, the articulation score is the number of words 

transcribed correctly. Homonyms and obvious spelling 
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errors were counted as correct, but there was usually little 

doubt as to whether or not a given word had been correctly 

perceived. 

This test was administered to five technically naive 

subjects, two male, three female. Figures 2.3, 2.4, and 

2.5 show the individual and combined results. In all cases, 

the "enriched11 speech meets or exceeds by a. substantial 

amount the scores for the other processed samples. In 

only two cases does F* 1 exceed F‘, although the means for 

the two are quite close together, and all the subjects 

preferred the quality of F** to F*. It must be kept in 

mind in evaluating these systems that the above data 

represents only the first two points on the curves of the 

type shown in Figure 1.2, no time having been allowed for 

"learning" the new types of speech. It would be expected 

that the "enriched" and second-order speech would rise in 

intelligibility with continued testing, as in Figure 1.2. 

Also, as mentioned before, the Egan articulation tests are 

extremely difficult, as witnessed by the control scores 

for undistorted speech. Sentence articulation scores will 

always exceed word scores by a considerable margin. Perhaps 

a more pragmatic testamonial to the quality of the systems 

tested is that, during the recording of the test tape, 

Instructions and miscellaneous comments were passed bach 

and forth from the sound-proof room to the control center 

with no difficulty whatsoever! 

Nevertheless, where there is little opportunity for 

continuous exposure to the processed speech, as in a home 



TRIAL SUBJECT S F’+F’' pt ! F’ F 

1-1 BL 95 82 75 73 68 

1-2 LK 93 86 63 78 69 

1-3 EMH 97 84 72 75 63 

1-4 ET 96 79 79 70 65 

1-5 SH 99 83 73 79 64 

SIGNAL MEM STD. DEV. 

S 96.0 2.00 

F’-J-F* ’ 82.8 2.31 

pi i 72.4 5.27 

F* 75,0 3.28 

F 65.8 2.31 

Figure 2.3* Experiment I results 
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Figure 2.4: Experiment I individual profiles. Ordinates 
represent per cent word articulation. 
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per cent word 
articulation 

signal 

Figure 2.5: Experiment I combined results. Means are 
framed by horizontal bars indicating 
standard deviations. 
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telephone application, it seems that the "enriched*1 system 

is preferable. For applications such as commercial 

communication links, where the operators have an opportunity 

to familiarize themselves with the sound of the speech, the 

F* * and F* systems wotild be about equally intelligible, 

the F** producing a slightly higher quality speech. 

2.3 Experiment I±: Time-quantized, Second-order Clipped 
Spee ch 

The merits of time quantization were discussed in 

Chapter 1, and Figure 1.4 of section 1.1 shows the results 

of quantizing once differentiated speech. Since the results 

of section 2.2 indicated that twice differentiated, clipped 

speech produces a more pleasant listening quality, an 

experiment was run to test time-quantized, second-order 

clipped speech. It would be expected beforehand that a 

curve of articulation score versus quantizing rate would 

have the same general appearance of Figure 1.4, with 

allowances for the higher average rate of zeros. 

The time quantization was performed by presenting an 

F*' signal to a triggerable flip-flop as shown in Figure 2.6. 

The F* * signal and its complement were applied to the input 

gate resistors, and the trigger input was driven by a pulse 

generator operating at the quantizing rate. This corresponds 

to the "D" method of quantization outlined in section 1.1. 

The quantized output and its complement appear at the 

collectors of the flip-flop transistors. A Computer 

Measurements Company model 726B digital frequency counter 

used to adjust the. quantizing rate. After quantizing, vro o 
W C;U 
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Figure 2.6: Time-quantized, second-order speech generator 
for Experiment II test tape. 



the signal was bandlimited sharply at 2700 eycles/second, 

a procedure arrived at by pre-trial experimentation on the 

basis of highest speech quality. 

A test tape was prepared, identical in format to that 

used in Experiment I. hew lists of words (PB50-11 to -20) 

were used, but the instructions and procedure were the same 

as before. The actual testing sequence was: 

(Tone. p' « at 
—* 
D 

Tone. ) 

(Tone. pj > at 8 

(Tone. pi i at 12 

(Tone. pi t at 16 

(Tone. pi i CU 30 

(Tone. pi i 0 -A 5 

(Tone. Fi i C u 10 

(Tone. pi i 2.0 14 

(Tone. pi i at 20 

(Tone. pi t at 60 

kilo ou an t a/s e c o: 

ko/s e c ond, list 

kq/second, 11s t 

kq/second, list 

kq/second, list 

kq/second, list 

kq/second, list 

kq/second, list 

kq/second, list 

kq/second, list 

d, list PB50-11. 

PB50-12. Tone.) 

PB50-13. Tone*) 

PB50-14. Tone.) 

PP350-15. Tone.) 

PB50-16. Tone. ) 

PB50-17. Tone. ) 

PB50-18. Tone, ) 

PB50-19. Tone. ) 

PB50-20. Tone. ) 

Because only fifty test words were presented at each 

quantizing frequency, the articulation score is twice the 

number of words correctly received. The interlacing of 

quantising rates was used as a control against short term 

le arnin g effects. 

The test was presented to two subjects, both few 

who had previously taken the test of Experiment I. I 

2.7 and 2.8 summarise the results, which suffer soisex 

from the small sample size. Figure 2.8 reveals a "k? 

male, 

figures 

mat 

in the articulation scores at about 14 kiloquanta/second. 

The circle below the curve at 60 kiloquanta/second is the 
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vi .loqu anta/secc snd 
TRIAL SUBJECT D 5 8 10 12 14 16 20 30 60 

II-l MT 0 54 64 58 58 74 76 70 78 86 

II-2 SH 0 32 50 68 68 70 72 66 76 82 

AVERAGE 0 33 57 63 63 72 74 68 77 84 

Figure 2.7: Experiment II results. 

per cent word 
articulation 

50 

10 20 „ 30 40 

kiloquanta/second 

50 60 

figure 2.8: Word articulation versus quanti: frequency, 
second-order clipped speech (Experiment Ii). 
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mean of the F'1 scores from Experiment I. The increase 

in performance is most likely due to the increased 

familiarity with clipped speech which the subjects gained 

by having previously taken the Experiment I test. 

The dip in the curve at 20 kiloquanta/second is hard 

to explain. One disconcerting hypothesis is that list 

PB50-19 might simply be more difficult than the others. 

This would tend to discredit all the other data. However, 

the careful construction of the lists employed by Egan, 

plus the fact that the dip is only one isolated instance, 

seem to work against this theory. A more imaginative 

speculation is that the quantizing process in some way 

cleans excess noise from the clipped signal. This would 

account for a peak at the "optimum cleansing frequency," 

superimposed over an otherwise monotonic curve. This 

hypothesis, however, is not supported by the earlier work 

with once differentiated speech. Finally, a disturbance 

or artifact during that section of the test could account 

for the dip. Careful inspection of that section of the 

tape revealed no irregularity. Further testing with a 

large number of subjects would probably make the dip 

disappear, but unfortunately such a procedure was beyond 

the persuasive abilities of this experimenter. 

The conclusion, then, is that time quantization 

certainly can be applied to second-order clipped speech, 

vrith the intelligibility beginning to level off at about 

14 kiloquanta/second. 

At the conclusion of this series of tests, the 

Experiment I and Experiment II test tapes were transferred 



to standard w-inch magnetic tape at 7« inches/second. On 

this demonstration tape were also recorded samples of 

conversational speech representing the different systems 

tested. 

2.4 Experiment III: Zero-densities and Source Entropies 
of Clipped Speech 

To obtain a quantitative indication of the advantages 

of clipped speech communication systems, it is necessary 

to know the statistical properties of the clipped signals. 

The most important parameter is the average or expected 

number of zero-crossings per unit time. 

An experiment was conducted to obtain this information 

for zeroth, first, and second-order clipped speech. The 

source signal consisted of newspaper text read in a normal 

conversational manner by a male speaker. The P, F1, and 

P'* signals were obtained as before, but without post-clip 

filtering (so as to preserve each zero and its sharp 

risetime). The signals were then sampled for precisely 

one second and tallied on an electronic counter. The 

counter reading at the end of each count then represented 

one-half the number of crossings during that second, since 

the counter responds to the crossings of only one polarity. 

Samples were taken at a rate of about twenty per minute, 

equally spaced, Including the short "dead times" between 

phrases and sentences. One hundred fifty-six samples were 

taken for each of the three signal types. Figures 2.9 

through 2.12 show the resulting densities of the rates of 

zero-crossings, with the curves drawn to equal areas. The 
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Figure 2.9: Measured density of rate of /; 
zeros, F. 
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.10: Measured density of rate of 
zeros, F1. 

ii 
t 
] 

sf —;—4. 
C: 

0-) 
<-■! 

w 
V., 

V 
\ 

i 

o 
CM 

£ 

JL 

O o 

T
H
O
U

 5
A
N
0
S
 
O
F
 

T
-
£
M
S
f
 
5£
CO
H'
/>
 



46 

? 

Figure 2.11: Measured density of rate of 
zeros, FT1. 
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Figure 2.12: Measured densities of rates of 
zeros, F, F* , and F*1. Smoothed, 
equal area curves. 
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measured means for zeroth, first, and second-order clipped 

male speech v:ere 807, 1549, and 3018 crossings/second, 

respectively. The small peaks at low rates reflect "dead 

time" counts. 

It is interesting to compare these measured data with 

the theoretical means predicted for Gaussian noise. Figure 

2.13 shows a least-squares fit (2W ** 2550 cycles/second) of 

Rice’s equation, which was mentioned in section 1.2. The 

fit is extremely poor; the measured curve has an increasing 

slope, whereas the Gaussian noise fit has a decreasing 

slope. This should serve as a sufficient deterrent to 

anyone contemplating the use of a Gaussian noise model for 

representing speech. In terms of zero-crossings, speech is 

much "noisier" than Gaussian noise. 

By employing a simplifying assumption, it is possible 

to bound the source entropy of time—quantized, second- 

order clipped speech. The critical assumption is that the 

processed signal behaves as a zero-memory binary source, 

that Is, a transition at the end of any quantum occurs with 

a fixed probability independent of previous transitions. 

For the purpose of evaluating upper bounds, this probability 

Is the mean rate of zeros di%'ided by the quantizing rate, 

provided this ratio is less than one-half. If the ratio 

exceeds one-half, assume the worst by letting the probability 

be precisely one-half. This procedure is nowhere near a 

least upper bound, since it does not allow for zeros 

erased when more than one occur within a quantum. 
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Figure 2.13: Least-squares fit of Rice’s equation for 
Gaussian noise to measured speech, data. 
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Figure 2.14 shows (curve B) the absolute "worst case" 

upper bound on quantised P’ *. Curve C is an educator] 

guess at the result if erased zeros are considered. Mote 

that the effect of erased zeros diminishes at high 

quantizing rates, where very little erasure occurs. 

A shows for comparison the entropy of the signal ob 

Curve 

tained 

if the transition at the end of a quantum occurred 

independently with probability one-half* Hote that any 

statistical regularity in the signal ignored by the zero 

memory assumption could only serve to lower the estimated 

upper bounds. 

It is now possible to compare the clipped signal 

systems with conventional modulation methods. Consider, for 

example, a conventional PCM speech system. A typical PCM 

system, such as used for long distance telephony, sarnies 

the speech wave 8000 times per second. Each sample is 

amplitude quantized to one of 52 logarithmically tapered 

amplitude levels, specified by a five bit number. This 

entails the transmission of up to 5 x 8000 = 40,000 bits/ 

second. The actual source entropy will be far less, of 

course, but it is customary to call this a 40,000 bit/second 

8 
system. By comparison, the F11 clipped signal system 

operating at a quantizing rate of 14 kiloquanta/second 

entails the transmission of one bit 14,000 times per second, 

a savings of almost a factor of three over 52-level PCM! 

The price paid for this saving Is, of course, a decrease 

In speech quality. Such a price would indeed seem high to 

a housewife in a home telephone application, but not to the 

commercial radio operator forced to communicate over the 
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Figure 2.14: Upper bounds on the source 'h 
entropies of quantized, ~~ ^ 
second-order speech. i. 

<. V- 
^ tc 

&' ^ 
v* 
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toughest of channels. And, in contradiction of the usual 

tradeoff philosophy, the hit rate reduction is achieved 

with encoding equipment far less complicated than that 

needed for PCM. 

The "enriched" clipped signal system requires the 

transmission of more bits per second than the second-order 

system because it is essentially the parallel transmission 

of two different signals. Quantized, second-order speech 

requires only one bit per quantum, indicating transition or 

no transition. At the end of a quantum of quantized, 

"enriched" speech, on the other hand, there are four possible 

events: no transitions; an P* transition alone; an F’1 

transition alone; or* both F’ and F* ’ transitions. These 

four events require two bits per quantum to specify, 

yielding at worst a 28,000 bit/second system. It is entirely 

possible that the event of both an F* and F** transition 

occurring in a single quantum would be rare enough that, 

say, the F’ transition could be ignored. This would allow 

the use of a trinary encoding alphabet, which might be 

advantageous in some applications. In any event, the quality 

of the "enriched" signal is so high that the saving compared 

with 40,000 bit/second PCM is obtained almost "free." 
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3. Conclusions 

Early experiments with zeroth and first-order, Infinitely 

clipped speech were extended to second-order speech and 

"enriched” speech (a weighted, filtered sum of first and 

second-order). Zeroth, first, and second-order speech, and 

"enriched" speech form a hierarchy of increasing speech 

quality. Despite the higher quality and unanimous preference 

for second-order speech as opposed, to first-order, the 

Intelligibility scores for the two were about the same. The 

intelligibility of "enriched" speech, on the other hand, 

was markedly higher than the other systems studied. Although 

learning trials were not conducted, a previous study suggests 

that the intelligibility improves significantly through 

repeated exposure to the processed speech. 

A scheme to preserve the exact times of zeros and 

extremals in the speech wave was tried, but failed to 

improve on the quality of first-order speech alone. This 

suggests that the critical information-bearing elements in 

clipped speech are not the exact times of zero-crossing 

events, but rather their local rate or pulse repetition 

frequency, which is directly related to the frequency 

spectrum. The failure of the time-preservation approach 

can be explained by the ear’s insensitivity to phase 

information versus spectral amplitudes. Another compression 

scheme, the formant vocoder, employs a more careful spectral 

synthesis (at the expense of equipment complexity), and is 

currently seeing some application.^ 

The intelligibility of time-quantized, second-order 

speech improves with Increasing quantising frequency, but 



begins to level off at about 14 lriloquanta/second. A 

clipped signal speech system operating at this rats allows 

about a three-to-one reduction in the bit rate compared 

with 32-level PCM, In addition, the encoding and decoding 

equipment needed for clipped signal transmission is much 

simpler than that needed for PCM. 

A hidden advantage of the clipped signal method is 

that all of the speech amplifiers and modulators in the 

system can be replaced by switching circuits, the post¬ 

clip filtering being performed at the loudspeaker Itself. 

This means that linear amplifiers can be replaced, with 

efficient, highly reliable, temperature stable circuits 

with very few parts. The clipped signal approach also 

provides a direct, simple solution for carriers v?hich are 

difficult to modulate linearly, such as optical beams. 

Any of the clipped signals may be transformed into a 

compressed bandwidth signal by converting (with a linear 

sireep generator) the times between zeros into amplitude 

pulses, buffering, and re-issuing the pulses at their 

average rate. The pulse train can then be lowpass filtered, 

transmitted, and re-sampled, suffering only the introduction 

of an arbitrary phase angle. The bandwidth of the transmitted 

signal is one-half the average irate of zeros. Such a 

scheme applied to zeroth-order clipped speech would yield 

a 400 cycle/second lowpass signal. The price paid for this 

compression is equipment complexity and time delay required 

by the buffer. This delay increases with the variance of 

the rate of zeros, and would be on the order of one second. 

Such a delay makes the bandwidth reduction system undesirable 
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for normal two-way conversation, except in the case of 

deep-space communication, where the delay would be small 

compared to that already required for signal propagation. 

Quantized, "enriched" speech requires two bits per 

quantum to specify the four possible transition events. 

However, by ignoring the rare case of both first and second- 

order transitions in a single quantum, a trinary encoding 

alphabet could be employed to some advantage. 

The low fidelity of the clipped signal systems, with 

the possible exception of the "enriched" speech, would 

probably not appeal to the average home telephone user. 

But in situations where professional communications 

operators must combat difficult channels with a simple, 

effective system, the clipped signal approach certainly 

deserves consideration. 
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4. Appendix: The Egan Articulation Tests 

The Egan articulation tests were developed at the 

Harvard Psycho-Acoustic Laboratory precisely for the 

purpose of measuring the usefulness of speech transmission 

systems. A great deal of selection and testing went into 

the construction of the lists, the final aim being to make 

any list as difficult as any other. Each list is 

"phonetically balanced," containing equal measures of 

critical consonent and vowel sounds. 

Reproduced below, to illustrate the nature of the test 

words, is a copy of a typical list (PB50-1). The list is 

shown in the original alphabetical order, not in the 

scrambled order used in the present research: 

are hunt 
bad is 
bar mange 
bask no 
box nook 
cane not 
cleanse pan 
clove pants 
crash pest 
creed pile 
death plush 
deed rag 
dike rat 
dish ride 
end rise 
feast rub 
fern slip 
folk smile 
ford strife 
fraud such 
fuss then 
grove there 
heap toe 
hid use (yews) 
hive wheat. 
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