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Abstract:
The results of signal processing as applied to SSB systems is described in this paper.

In the preliminary phases of the research, certain procedures, designs, and definitions are established: 1.
An articulation test procedure 2. The definition of a measure of signal-to-noise ratio useful for
peak-limited systems 3. General equipment and experiment designs as related to SSB signal processing
A review of processing as applied to audio signals is presented and the equivalence of intelligibility
scores for fixed- and variable-volume listening conditions is cited. Linear processes of power-spectrum
equalization and differentiation are shown to provide minor intelligibility increases for λ defined at
audio. For λ defined at narrow-band and in conjunction with finite degrees of clipping at audio, DSB,
and SSB these linear operations generally give rise to intelligibility degradation. Intelligibility
considerations for an audio AVC unit are presented; the results indicate that, under certain conditions,
the AVC unit provided nearly the same intelligibility increases as 12 db of audio clipping.

The three most fundamental (and accurate) intelligibility estimates were made for: audio, DSB, and
SSB clipping with λ defined at narrow-band. Of these, SSB clipping provided the most significant
increase (for a given signal peak value) and at the same time more fully preserved signal quality. It is
shown, for example, that for a given noise level, 60% intelligibility can be maintained by using an SSB
signal which has been clipped 36 db and has a peak value 12 db below that of an unprocessed signal.
The interdependent and iterative combinations of the three clipping operations yielded advancements in
intelligibility estimates; however, in no case did they exceed those derived from an equivalent amount
of SSB clipping.

The final consideration of this investigation was a reduced-X signal condition and its effect upon the
intelligibility estimates for audio and SSB clipping. For both audio and SSB, the reduced-X signal
yielded lower intelligibility scores. It appears that a parametric relationship of the form C max=
λ+δ,&dealta;≈ db exists for maximum clip- ping; greater amounts of clipping decrease intelligibility
scores for a given amount of noise. 
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ABSTRACT

The results of signal processing -.as applied to SSB systems is des
cribed in this paper.

In the preliminary phases of the research, certain procedures, de
signs, and definitions are established:

1, An articulation test procedure
2, The definition of a measure of signal-to-noise ratio useful 

for peak-limited systems
3» General equipment and experiment designs as .related to SSB 

signal processing

A review of processing .as .applied to audio signals is presented 
and the equivalence of intelligibility scores for fixed- and variable- 
volume listening conditions is cited. Linear processes of power-spec
trum .equalization and differentiation are shown to provide minor■intel
ligibility increases for X defined at audio. For X defined at narrow- 
band and in conjunction with .finite degrees of clipping .at audio, DSB, 
and SSB these linear operations generally give rise to intelligibility 
degradation. Intelligibility•considerations .for an audio AVC unit are 
presented; the results indicate that, under certain conditions, the AVC 
unit provided nearly the same intelligibility increases as■12 db of 
audio clipping.

The three most fundamental (and accurate) intelligibility esti
mates were made for: audio, DSB, and SSB clipping with X defined at
narrow-band. Of these, SSB clipping provided the most significant in
crease (for a given signal peak value) and at the same time more fully 
preserved signal quality. It is shown, for example, that for a.given 
noise level, 60% intelligibility can be maintained by using an SSB sig
nal which has been clipped 36 db and has a peak value 12 db below that 
of an unprocessed signal. The interdependent and iterative combina
tions of the three clipping operations yielded advancements in intel
ligibility estimates; however, in no case did they exceed those derived 
from an equivalent.amount of SSB clipping.

The final consideration of this investigation was a .reduced-X 
signal condition and its effect upon the intelligibility estimates for 
audio and SSB clipping. For both audio and SSB, the reduced-X signal 
yielded lower intelligibility scores. It appears that a parametric re
lationship of the form C = X + 5, 5 s= 8 db :exists. for maximum clip-max
ping; greater amounts of clipping.decrease intelligibility scores for a 
given .amount of noise.



SPEECH-SIGNAL p r o c e s s i n g  a n d  a p p l i c a t i o n s  t o s i n g l e -s i d e b a n d

I. .INTRODUCTION

1.1. History and Background
The process of communication .is -fundamental to the existence of 

our society as we know it today. As used in the general sense, the 
term communication- is broadly inclusive; humans communicate with one 
another-in myriad ways. In the case of human-to-human communications, 
the spoken word is probably the most important vehicle of information, 
although the communicative process may be carried on by appealing to 
any of the senses.

For many years researchers have placed a firm concentration,.on 
auditory speech signals; and, .as a result, have .gained an.immeasurable 
amount of information concerning the speech production and speech detec
tion mechanisms.- .Initially, such information was of primary concern to 
psychologists and linguists. .However, with the advent of rapidly ex- . 
pending telephone networks-in the 1920's, engineers became aware of the . 
problems,of transmitting.aural.signals and turned to previous knowledge. 
For example, in 1922 Stewart.proposed "An Electrical Analog of the Vocal 
Organs"; Crandall and MacKenzie (1922) analyzed the energy distribution 
of speech. Later, Steinberg .(,1929) and .Khudsen (1929) considered the 
effects of echoes, phase distortion, and reverberation on the intelligi
bility of speech. Martin (1930) initiated bandwidth studies; Dudley's 
"The Vocoder" (1939) embodied fundamental concepts which are in wide use 
in present bandwidth-reduction schemes.

World War • II provided a great impetus to research investigations 
concerned with speech intelligibility. Many significant results were ■ 
obtained during this period. Of particular interest to the war effort 
was, of course, the improvement of intelligibility of speech in'the 
presence of noise for military applications. Some contributors during 
this era were Egan et al (19^3), -Egan and Wiener (1946), Smith (1946), 
French and Steinberg.(194?), Pollack (1948), and Licklider and Pollack
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(19^8). These investigations confirmed that a speech signal and the 
characteristics of the human ear are such as to tolerate remarkable 
amounts of alteration or processing of the signal without giving undue 
loss of intelligibility.

Since 1950, the acquisition of knowledge concerning speech pro
duction, processing, transmission, and reception has been directed in 
five general areas:

1) Signal processing related to communication systems
2) Bandwidth conservation
3) Oral machine control and machine translation of languages
4) Equipments
5) Linguistics, speech, psychology

The first four areas have been of interest to engineers and scien
tists in the general field of communication. Research in the second, 
third, and fourth areas has been typified by advancements in time and 
frequency domain vocoders, digital-computer simulation of speech (David, 
Mathews, MacDonald, 1958), auditory recognition (David, 1958), and com
plex systems for military and civilian communications networks. The 
first area, of particular interest to the author, has acquired addi
tions such as speech peak clipping (Martin, 1951; Kahn, 1957J Wathen- 
Dunn and Lipke, 1958); the evaluation of processing devices and more 
sophisticated system evaluation techniques.

1.2. Signal Processing Related to Communication Systems

Communication systems range in complexity from a simple conversa
tion between two humans standing face-to-face to the most highly com
plex electronic devices covering a span of thousands of miles. Even 
with this latitude of complexity, a speech communications system is 
generally construed to be composed of a transmitter, a receiver, and an 
inter-connecting channel. System requirements then determine the com
plexity of each of the system components.

Due to its high ratio of peak-to-average values, a speech signal is 
not generally well-suited for transmission over a given communication



-3“

system. The question arises then: -."Can a certain form of processing 
make a speech signal more suitable for transmission?" Fortunately, re
searchers have recognized this problem and have found that speech sig
nals possess certain elements which are not essential to the psycho
acoustic process of speech recognition. However, no one has been able

r

to show precisely the totality of what elements are essential or why.
On a piecewise basis it has been shown that certain bands of frequencies 
in the spectrum of a speech signal are not required for recognition; it 
has also been shown that a severe restriction of peak excursions of a 
signal will not seriously impair its intelligibility. So without real 
definition, researchers have undertaken the task of mapping auditory 
speech signals to a domain where they are manageable to the,point of 
(hopefully) preserving only the information-bearing characteristics. 
Circuit and system components have been designed to preserve these 
characteristics, with constraints applied by the ultimate receptor of 
the signal.

In the communicative process, the receptor of a speech signal is a 
human being (barring a few possibilities such as voice-controlled ma
chines). If a signal is to be useful, it must be intelligible; signal 
intelligibility'is a relative measure of the effectiveness of the trans
mission of the signal with a given set of system parameters. Unfortuna
tely, there exists ho instantaneously-reading meter which displays in-', 
telligibility as a function of signal-to-noise ratio, speaker clarity ' 
and enunciation, system bandwidth, signal envelope preservation, or the 
listener's ability to hear. The Only■available'meter, if"it may be 
called such, for the determination of single-word articulation scores 
is a test using a team of listeners." Certain limitations and perturba
tions of speech signals are observed by a team of normal, well-trained 
listeners. From this point, one possibility is for the listeners to 
write down what they hear; these written results compared to a standard 
key will define articulation (or intelligibility) score.
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Recent conditions of overcrowding the spectrum space have prompted 
numerous investigations of bandwidth compression techniques. Perhaps 
due to the concern regarding this spectrum crowding, certain aspects of 
signal processing as applied to analog speech signals in communication 
systems have been slighted or perhaps even overlooked. The application 
of more sophisticated combinations of speech processing techniques does 
not seem to have been generally accepted or widely recognized as a valid 
possibility of improving system performance. On the contrary, most 
present military specifications for voice communications equipment 
specify rather rigid tolerances on linear response and a uniform speech 
pass-band, though some include provisions for a nominal amount of peak 
clipping. This situation is somewhat surprising in view of the pos
sible improvements in system performance which might be obtained at nom
inal costs through the application of more sophisticated processing 
techniques.

1.3« A statement of the Research Problems

Signal processing is a mapping operation. Presumably in an actual 
system this mapping must be performed by devices which retain at least 
part of the information-bearing characteristics of the signals. For the 
case of single-sideband (SSB) communication systems, there has been no 
concerted effort to determine: what degree of processing may be per
formed, or what effect processing in one part of the system has upon 
signal characteristics in another part.

As a result of definition and physical restrictions, signal pro
cessing may be categorized into the following types:

I. Linear
II. Instantaneous non-linear
III. Slow operations on averages
IV. Fast operations
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■A process of- P(V) is linear if for every.' pair of variables and 
V2 and for each pair of constants 'k̂  and kg the following relation holds:

.PCk1Vi .+ .k2v2) = ̂ k1 P(V1) +- k2 P(V2) . (i-a)

Examples of linear processing are: spectrum tilts, frequency.transla
tion, and equalization of the power spectrum. Type II processing re
quires that there .exist an output signal which is uniquely defined for 
each input signal and is independent of the past history of the input 
(no memory); peak clipping.is an example of.such processing. ■ Type III 
effects changes in signal characteristics as dictated.in some unique 
way - by the mean or average of the signal; an example is automatic gain 
control. Type IV processing is contingent upon fast operations■which 
are dependent upon-the harmonic content of the signal. Note that each 
of these processes may be considered an analog signal operation:' the 
input.and output signals of these processing devices.are describable by 
equations of similar form on a one-to-one basis. .The vocoder, by this 
definition, is not an analog operation.

- For purposes of this investigation, the better of.two processes 
will be taken as that which yields the highest intelligibility score for 
given signal bandwidth and noise corruption. Further criteria such as 
"quality" and "naturalness" of the processed .signal as presented to the 
receptor will not be of primary concern.

Obviously, .it. was impossible to investigate all combinations of 
processes applicable to all systems. This study was delimited to an 
investigation of various linear and non-linear operations on analog 
speech signals in a representative, peak-limited, SSB system; the in
trinsic effect of these operations upon the psycho-acoustic process of 
speech recognition was of primary concern. Only combinations of Types 
I, .II, and III processing were considered.

In order to study signal processing as applied to SSB systems, it 
is necessary to define certain signal and system models to which

/
/
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fundamental constraints may be applied. To effect this end, basic de
finitions, derivations, assumptions, and theoretical considerations are 
outlined in Chapter 2. Most of this information is not new, but it 
forms a logical basis for the experimental design presented in Chapter 3» 
The results of the study are given in Chapter 4, and a discussion based 
upon these results is presented in Chapters 5 and 6. In general, cir
cuit diagrams and descriptions, lengthy derivations, and subsidiary 
data are placed in the appendixes following the literature consulted.
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2. DEFINITIONS, DERIVATIONS, AND THEORETICAL CONSIDERATIONS

Signals and systems may generally be classified into major groups, 
with relatively precise group definitions. In order to clarify divers 
discussions of signal processing as applied to SSB systems that follow, 
certain classifications, definitions and assumptions are necessary.

2.1. Properties of Speech Signals

As initially derived from the human voice-production mechanism, 
speech is a continuous, single-valued function of time having a dc 
component.* A speech signal is limited in frequency range and consi
dered to be a broadband** signal. The peak-factor (defined as the ra
tio of the peak to rms values) of a speech signal is about 15 to 20 db. 
In general, the peak excursions of the signals are unsymmetrical (even

Figure 2-1. An Oscillogram of the word "add" 
band-limited from 300 to 3000 cps.

* The "breath" bias due to exhaling while speaking normally.
**Defined in Appendix B.
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if the dc component is neglected) and a sample of finite duration con
tains a finite power. These properties become evident after considera
tion of the "time-domain picture" of the word "add" as shown in Figure
2-1. It is convenient for the communications engineer to consider an 
analog speech signal as an electrical waveform, representative of the 
sound-pressure waveform, with a frequency characteristic restricted to 
the baseband (typically 300 to 3000 cps). Obviously, the analog signal 
no longer contains the dc component.

2.2. Speech Transmission Systems

The process of modulation is an inherent part of signal transmis
sion. A modulation may be effected in a variety of ways which yield a 
variety of signal types. Some familiar types of modulation are:

1. Amplitude
2. Double-sideband, suppressed carrier (DSB or D)
3. Single-sideband (SSB or S)
4. Phase
5. Frequency
6. Pulse Code

With due regard to the attendant problems of other methods of modu
lation, the delimitation to consider only an SSB system was made for the 
purposes of this investigation; however, some of the results obtained may 
be applicable to other methods.

The ideal process of generating an SSB signal is a linear fre
quency-translation to the domain of a narrow-band signal. In practice, 
translation may be effected by one of the following methods:

1. Filter
2. Phase
3- Quadrature Function (QF)

The first two methods have been recognized and used extensively; Weaver 
(1958) has pointed out advantages of the QF method. The decision to 
use the filter method of SSB generation for this study was made after
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considerable time and effort were expended in the design of a QF gene
rator. Although more degrees of freedom of signal processing are pos
sible using the QF method, tone and unwanted-sideband suppression were 
inadequate for purposes of a predictable laboratory system. Circuit 
diagrams and a comparison of QF and filter system responses are given 
in Appendix C.

2.2.1. SSB: Filter Method

The basic SSB generator, shown in the block notation of Figure 2-2,

e(t) Balanced d(t) ^ Filter s(t) _
Modulator SSB

J COS COgt

Figure 2-2. Filter Method of SSB Generation

may be analyzed in the following manner. Assume a series representation 
for the input signal. The input is then given by

e(t) = E  U1 cos ((Dgt + ^i), (2-1)

The balanced modulator forms the product:

d(t) = e(t) cos cô t = cos cô t |e a^ cos (cô t + 

d(t) = -g E a^ |cos (cOgt + o^t + ^  + cos (cOgt - cô t ? (2-2)
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The two cosine functions of (2-2) are the sidebands of a DSB signal. 
Assuming the filter selects the upper sideband,

s(t) = ^ E  a^ cos (a>ct + m^t + 0^). (2-3)

Note that (2-3) has the same form as (2-l); hence s(t) is the analog 
of e(t) under a change of variable oL = o)c + cô . Note that each ax 
was linearly translated in frequency to occupy the spectral line 
(ox + mQ)• -̂n the actual case, an SSB filter (for example a Collins
mechanical filter, characterized in Figure 2-6) will not have a uniform 
phase characteristic and the 0^ will be modified. This does not change 
the implications of analogy and linearity.

2.2.2. Linearity of Frequency Translation

The jth and kth components of a signal and their transforms can be 
written:

Form:

ej(t) = a. cos (aj.t J J + ^ )

ek(t) = Sk cos (tî t

8j(t) = T =

Il-P T nek(tj] = c =k

?[ej(t) Ii

O-p>+

C [â  cosi (co t + Oi.t O J

T[e.(tl] + TCek(t7]

(2-4)

(2-5)
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But (2-4).and (2-5) are true for. all j and kj hence, by (l-l) frequency- 
translation is a linear process (transformation). ......

Frequency; translation is. a completely,reversible process. ■„ ■ The ; .
. power spectrum and amplitude function* of a .signal are..invariant with 
frequency translation and uniform phase shift (Weaver,^1958)• ■The enver 
lope and.amplitude function ar,e identical for a narrow-band -signal, , 
whereas the envelope•of 'a broadband■signal has -little meaning.

.2.3» Signal-To-Noise Ratio

The term "signal-to-noise ratio",.per se, will not be used in this 
report. In order to avoid possible confusions, a variable X - is defined:

E
;X = 20 Iog10 - ̂  , (2-6)

where E^ is the signal peak value and E^ .is the rms value of the cor
rupting white noise; E and E are of equal.bandwidth. Since the prime

3? -

■ consideration of this study was■ -peak-limited systems, the standard de
finition of signal-to-noise ratio was unacceptable. A peak-power con
straint of a-system implies a peak-limitation of-the narrow-band modu- 
.Iating-function. Since there is no fundamental relationship.between the 
peak and RMS values of a short-time speech sample, utilization of.the 
classical S/N would .have been ineffectual.-

An interesting fact is that signal, peak-value.(RF) is variant with 
a frequency, translation from baseband to narrowband;.that is, APV exists. 
An-intuitive implication of APV.may. be shown: by-an’example. ■ Signal fre- 
-quericy components which are harmonically related at - baseband are of near
ly the same frequency at narrowband. Consequently, it is impossible for

*Definedas the. root of the sum of squares of the quadrature functions.



-12-

the spectral components to add in identically the same way; hence, the 
peak value must change with such a translation. In general, if PV 
changes, X changes and AX. exists. Since APV is a function of signal 
phase relationships, frequency translation, and signal processes (even 
in the linear case) it provides a useful control in the preparation of 
test materials and the evaluation of certain signal processes.

When linear processing and constant bandwidth are maintained, the 
changes in FV, X, and PF* (expressed in db) are identical:

AX = APV = APF

This may be seen from the following:

AX = X-̂

= 20

= 20

= 20

AX = APF = ZXPV (in db) Q. E. D.

- Xz-

log w *l°g £ Js > (where k is a gain constant)
n 2

E E V E  P1 n 2 s
log E E k E PVi

P2 n 2 s
E k E
P1 2 ]
g—  - 20 log k:„e2 s

FV = AFV 2

PF1 - PF2 = APF

-------------------- E
*Peak factor (PF) is defined as 20 , where E^ and E^ are peak
and rms signal values, respectively. s
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2.4. Signal Processing

2.4.1. Applicability
As applied to a generalized communication system shown in Figure

2-3, signal processing may be effected in one of the following ways:
1. Signal operations in the original spectrum space (baseband).
2. Translated signal operations

In the system of Figure 2-3, the baseband frequencies occur at both the

Output

Noise

ReceiverOutput
Stage(s)Modulator Channel

Figure 2-3. Generalized Communications System

input and the output. In many systems the modulator and output stage 
are combined and may contain numerous possibilities for the application 
of processing. Processing may in general be achieved at the input and 
output of the channel. For an SSB system, a reference to Figure 2-2 
and equation (2-3) indicates that signal processing may be applied to:

1. Original audio signal
2. DSB prior to filtering
3. SSB
4. Receiver output
When a speech signal is considered a random function of time, the 

a^ of (2-l) through (2-3) are random variables. Variations of the â  
(or ^i) may be effected by the utilization of a linear device whether 
the signal is in original or translated spectrum space. A prediction 
may be made as to the new a^ and 0^ from the amplitude and phase
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characteristics of the linear device. For non-linear processing, how
ever, there is no convenient method of mathematical analysis suitable 
for speech, and experimental investigation is warranted.

2.4.2. Processing Devices

With the possible points of application of signal processing in SSB 
communication systems enumerated, the question arises: what kind of pro
cessing at each of these points might produce a desirable result as con
cerns the system output signal? The general classifications of process
ing devices to be used were: linear, instantaneous non-linear, and slow
operations on averages (types I, II and III processing). Theoretically 
there are an infinite number of devices which would fall into these 
three categories. However, prior knowledge derived from the work of 
other investigations (of baseband speech signals) indicates that only 
certain processes may be expected to produce desirable results. Such 
processes include linear filtering, spectrum tilts (integration and dif
ferentiation), clipping, and automatic volume control.

Only fundamental explanations of the basic processing devices will 
be made here. More detailed descriptions of analysis, design, and op
eration are presented in Appendix D.

2.4.2.I. Clipper

Licklider (1946) has pointed out that one of the fundamental infor
mation-bearing components of a speech signal is the temporal axis-cross
ing pattern. A peak-clipping device obviously does not change this pat
tern since, in the vicinity of the zero axis, the clipper is essentially 
a linear device. The peak clipper is an example of Type 2 processing, 
and an idealized transfer characteristic is given in Figure 2-4.*

*An analytical approximation to a clipper characteristic is given in 
Appendix D. Predictive spectrum-spreading considerations are also pre
sented.
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Figure 2-4. Idealized Clipper Characteristic 

A clipper may be defined in terms of its terminal conditions:

e2(t) = e^(t) when s e^(t) S

e2(t) = K1 when e^^t) < K1

e2(t) = K2 when e^ft) fe Kg ,

where K1 and K2 are the predetermined saturation levels of the clipper. 
A clipper produces a distortion such that the amplitude of the signal 
never exceeds a given level. There is a limit, however, since extreme 
clipping and post-amplification can increase background noise level to 
the point where the speech signal is no longer useful.

Clipping, as an example of non-linear processing, has been dis
cussed extensively in the literature. For example, curves in Wathen- 
Dunn and Lipke (1958) indicate that, for 12 db of audio peak-clipping, 
the carrier power of an AM communication transmitter could be reduced 
7.6 db when clipping increased the sideband power by 8.5 db (for a 
given value of intelligibility). Hence, although intelligibility is a



-16-

prime measure of any communication system, the peak-power capability 
of the transmitter will generally be a system constraint. Clipping re
duces the peak factor of speech (as does automatic volume control, an 
example of type 3 processing to be discussed later); clipping increases 
the bandwidth of the signal and original system bandwidth must be re
stored by filtering.

For the remainder of this report, the block notation for a clipper 
will be that shown in Figure 2-5, where the subscript n refers to the 
degree in db of symmetrical peak clipping. The superscript will be a, 
d, or s to denote clipping at audio, DSB, or SSB levels, respectively.

Figure 2-5- Peak Clipper in Block Notation

2.4.2.2. Linear Filters

The symbol "F" will be used to denote a band-pass filtering opera
tion at audio frequency. The actual filters used were 600-ohm, M-de
rived sections designed to give a 300 to 3000 cps bandwidth, closely 
approximating the bandwidth of Collins F 25O-Z5 SSB filters. SSB mech
anical filters will be designated Fs in order to distinguish them from 
tuned processing filters at narrow-band (F®). A double-bandwidth mech- 
anical filter, F , (Collins 25OA67) was used to provide a double-band
width signal with adequate skirt rejection. Amplitude and phase char
acteristics of these filters are given in Figure 2-6. These particular 
filter designs were chosen as typical of filters encountered in actual 
SSB systems, (it is important to realize that a translation to the do
main of a different narrowband signal would not change the implications 
of this study. This is true since the envelope and amplitude functions 
of a narrowband signal are invariant with frequency translation (Weaver,
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Characteristics of Filters:
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1958). Consequently, ^55 kc mechanical filters could have been used, 
assuming identical phase characteristics., or another translation to HF. 
could have followed the narrowband processing.)

In block notation an SSB clipping operation followed by reduction 
to bandwidth takes the form of Figure 2-7, where e^ is a 3 kc narrow- 
bandwidth signal; e^ is the clipped version of e^; e^ is the same band
width as e^ but contains additional frequency components (intermodula
tion). For example, say e^ contains translated versions of 500 and

e
- 0 Cs ICVJ Fsn m ■£>

Figure 2-7. SSB Clipper Followed by a 3 kc Mechanical Filter

1200 cps: if the translation frequency is 250 kc, the lower sideband
Ce1) has components 249*5 kc and 248.8 kc. Assume that the clipper may 
be approximated by a 3rd-order nonlinearity (e^ = k^e^ + k^e^ + k^e^); 
the output of the clipper will then contain frequency components (in kc) 
249.5, 248.8, 499.0, 497.6, 748.5, 746.4, 250, 500, 750, plus sums and 
differences. The mechanical filter will remove all components not in 
the desired range 247.0 to 249.7 (approximately). Thus the components 
of e^ will be: 248.8, 249.5 (the two original components), and 248.1
(497.6 - 249.5).

The integrator and differentiator are examples of type I process
ing devicesv An integrator is often referred to as a "spectrum tliter" 
with a frequency response characteristic falling at the rate of 6 db per 
octave; in essence it is a low-pass filter. The differentiator is often 
called a "spectrum tilter" with a frequency characteristic rising at the
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rate of 6 db per octave. Figure 2-8 gives a schematic diagram for a 
simplified electrical integrator.

I
eo

i
Figure 2-8. Electrical Integrator

If V = O at t = 0, then c
Ej(S)

l(s)
R + k

where E^(s) and l(s) are the transforms to the complex frequency domain 
of e^(t) and i(t), respectively.

E0(S) I W  Ei(s)
Cs I + sRC ‘

If e R C » l ,  RC » i  = ̂  = (T = i),

E^(s) Ei(Jos)
then Eo(s) = gRC = • (2-7)

For a value of RC large with respect to the longest time increment of 
the signal, the output voltage is proportional to the integral of the 
input signal. (2-7) also indicates that, for a fixed Ei (hence e ^  and 
an octave increase in frequency, E^ decreases by a factor of 2 (or 6 db). 
It is on this basis that an integrator is often referred to as a spectrum 
"tliter".
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An electrical differentiator may be considered the dual of the cir
cuit shown in Figure 2-8 with a characterizing analysis analogous to the 
foregoing. Circuit diagrams of the actual integrator and differentiator 
are given in Appendix D; amplitude characteristics of these devices are 
presented in Figure 2-9«

.1 .3 I 3 10
Frequency (kc)

.1 .3 I 3 10
Frequency (kc)

Figure 2-9- Amplitude Characteristics of the Integrator and Differentiator

The spectrum equalizer accentuates the low- and high- frequency 
components of a speech signal so that its power spectrum is constant.* 
This was accomplished by means of a double integrator (l2 db per octave 
tilt) effective below 500 cps and differentiator active above 500 cps.

Symbolically the differentiator, integrator and equalizer will be 
denoted by T^, Tf, and E, respectively. Degrees of these types of pro
cesses are not implied.

2.4.2.3- Automatic Volume Control

The amplitude compression device used in this investigation was an 
AVC employing variable attack levels and decay times. The attack time 
was of the order of 3 milliseconds. The circuit diagram and transfer 
characteristic are presented in Appendix D. The shape of the transfer

*Shyne (i960)
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curve was a function of.gain and.threshold control,,both of which were 
held constant for this investigation. Amplitude response was indepen
dent of decay, time; the unit was useable for.audio signals only. The 
symbol "V" will be used to denote the AVC operation.-

This chapter has been devoted to definitions, derivations, and 
theoretical considerations. • Various properties of speech signals and 
transmission systems were presented; a definition was made of the para
meter X,,which is a-measure of signal-to-noise ratio useful for peak- 
limited systems. The chapter was concluded by a discussion of the ap
plicability of several signal processing devices.
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3- EQUIPMENT AND EXPERIMENT DESIGN

"Human element" considerations dictate the necessity of experi
mental intelligibility evaluation. This is accomplished by presenting 
test materials to a trained group of "articulation test team" listeners. 
Preparation of test materials for the test team requires a representa
tive system and special processing devices with parameters and func
tions scaled to enhance laboratory investigation. The purpose of this 
chapter is to outline the factors relating to equipment and articula
tion test design; a sample recording procedure is included.

3.I. System

For later explication of relatively complex recording details, the 
notation regarding SSB system components will follow that given in 
Figure 3-1 for the filter method. In the generalized SSB processing 
system, the blocks represent:

Pa - Audio processing (if any)
DG - DSB generator
P^ - DSB processing (if any)
Fs - SSB filter to derive SSB* signal m
Ps - SSB processing (if any)
F5 - SSB filter to reduce processed SSB* signals to original 
m bandwidth
N - Noise source
CH - Simulated channel
R - Receiver (frequency translation to audio spectrum space)

*In a strict sense of definition, these signals are not true SSB signals 
if processing is present at either D or S. In these cases, the "SSB" 
signals are not simple, frequency-translated versions of the input sig
nal; hence, in cases where ambiguity might exist, the notation SSB will 
be used for these hybrid signals. Note that the foregoing remarks do 
not apply for Pa.
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Audio

Audio,

Figure 3-1. Filter Method of SSB Generation and Processing

a). b).
Figure 3-2. Spectral Studies of the SSB System (No Processing) 

Vertical full scale: 40 db
Horizontal scale: I kc/division with zero corresponding
to 250 kc.
a) . DG output with white noise input
b) . SSB spectrum after Fs of signal in a).
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For simplicity, subsidiary equipment is not included in this block dia- . 
gram. In this investigation the same frequency standard (buffered by 
cathode followers) was used for both frequency translations to negate 
the possibility of frequency branslational error.*

The design of the representative SSB system is exemplified in 
Chapter 2 and in Appendix C. Additional information regarding actual 
system performance is given in Figure 3-2 with white noise as input to 
the DG of Figure 3-1- The spectrum of the DG output is given in Figure 
3-2a. This study was made with a Panoramic Products Panalyzor. Note 
that the vertical scale is in db. Although it is not indicated in this 
figure, carrier suppression was of the order of 40 db. If the output of 
the DG of part a) is applied to a mechanical filter, the SSB signal of 
Figure 3-2b results. Note that the upper sideband .frequency components 
have been attenuated more than 40 db. Horizontal, scale for these fig
ures is approximately I kc per division.

1

3.2*. The Articulation Test

■ At this point it is important to realize that.the evaluation of a 
representative system transmitting aural speech signals infers the deci-r 
sion-makihg process in the human mind regarding intelligibility. The 
purpose of.this section is to point out the intricacies involved in the 
preparation, administration, and scoring of an articulation test.

3.2.1. Equipment .

Intelligibility data was obtained by use of the articulation test 
facility (described by McGoy, 1958) installed in a room shrouded with 
drapery material to minimize reverberations and annoying external noises.

*Nickerson (195b) pointed'but the effect of this parameter on the intel
ligibility of speech.
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The facility included a tape transport and power amplifier for presenta
tion of speech materials to the subjects. Each of the twelve listener 
positions was equipped with a volume control (which could be disabled 
from the master console for presentation of speech materials at a fixed 
volume level). The subjects listened to the speech materials with 
PDR-8 headphones using large foam earpads.* Ampex 350 and 601 tape re
corders were used for preparation and presentation of pre-recorded test 
materials for the listener positions.

3.2.2. Test Materials

The results of a past investigation (Nickerson, Miller, and Shyne, 
i960) indicated that three of the voice materials tested— Fairbanks,
Navy Command Words and Phonetically Balanced Word Lists— resulted in 
similar intelligibility scores at specific noise levels. Therefore, 
selection of one of these voice materials for use in this study de
pended upon other factors. The Fairbanks Word Lists were selected pri
marily because the rate of presentation was twice that of the similar 
lists (i.e., the NCW and PB word lists were presented at a rate of one 
word every five seconds, while the Fairbanks words were presented at a 
rate of one word every two and one-half seconds). It appeared expedient 
in terms of time required and reduction of listener boredom to utilize 
the Fairbanks word lists.

The Fairbanks Rhyme Test was developed at the Speech Research 
Laboratory, University of Illinois. It is of the recognition type with 
stimulus words drawn from a vocabulary of 250 common monosyllables 
(fifty sets of five rhyming words each). Each test list of fifty words 
consists of one word from each of the rhyme sets and is identified by a 
list number. The 100 test lists used in this study were recorded by

*A frequency characteristic for the headsets is given in Appendix E-l.
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Mr. R. KZLumpp of the U. S. Navy Electronics Laboratory (NEL), San Diego, 
California. The stimulus words are presented two and one-half seconds 
apart preceded by the preface word "write" (not considered to be a part 
of the stimulus material). Stimulus materials are presented 8 db above 
normal speaker effort as afforded by continuous monitoring of a B&K power 
level tracer. (The B&K trace is similar to a VU meter response).

Since the X adopted for this investigation was based upon signal 
peak value, the peak value of each test word was of primary concern. 
Measurement of the "peak list word" (PLW - the word or group of words 
with the largest peak value in that list) for the 100 lists of test 
material used in this investigation indicated less than 2.5 db variation 
with the exception of Lists 11 and 56. Variation of word peak-values 
for List 7^ (chosen at random) was found to be in the order of db. 
Figure 3-3 presents the audio (dashed lines) and SSB (solid lines) word 
peak-values for List 7^ with the lowest word as reference. Both audio 
and SSB peak values are presented, since a given word will not have the 
same peak value after frequency translation from baseband to narrowband, 
even with no gain change. Figure 3-^ indicates the PLW values for each 
of the 100 lists of test words; the lowest word on each reel was norma
lized to 0 db. Since PLW values throughout the 100 lists differ only by 
approximately 2.5 db, an entire reel of test material can be calibrated 
for peak value by means of any list. This introduces an error less than 
or equal to 2.5 db for any specific list. With the assumption that a 
2.5 db error would not appreciably effect the results of testing, it was 
possible to calibrate the PLW for a given condition with one list and use 
the following lists without recalibration to record tests at various X 
conditions.

3.2.3. Test Team

The articulation test team was composed of married and unmarried 
women of college age who were found to have normal hearing. An all-
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Word ft Word

I. PARK

2. SAME

3. LUCK

4. SENT

5- TOP

6, H G

7. ROD

8.

9. DOCK

10. FINE

11. LAW

12. VILE

13- RAGE

14. BANG

15- TORN

16. FIGHT

17. MEN

18. WAKE

19. NEAT

20. RIP

21. RID

22. LED

23- KICK

2k. MINK

25* CAST

26. HIT

27- SOLD

28. RUST

29- FIUj

30. TIRE

31. SET

32. BACK

33- SORE

34. SIN

35.

36.

37.

38. WELL

39- DATE

to.

41.

42.

43-

44.

45.

46. PEEL

47. LOOK

48. PAY

49. HOT

50. COIL

Relative Peak Value (db)
A .

List # Highest 
Peak Value

POP
VILE

3- SOD
4. LOT
5. GOT
6. PAW
7. HOP
8. LAW
9. POP
10. ROCK

Reel I 11.
If.

LIGHT
LACK

13. BUCK
14. LOCK
15. DOCK
16. GOT
17. LOT
18. DOCK
19. LOCK
20. COD
21. FIGHT
22. HOP

Reel 2 % LOCK
PILE

25. POP
26. LOCK
27. HOP
26. ROCK
29. COCK
30. CAST
31. GOD
32.

g :

BUST
ROCK
RUST

Reel 3 COCK
GOD

37: COP
38. POT
39. BACK
to.- DUCK
4l. GOD
42. TILE
43. BUCK
44. LUCK
45. COD
46. GOD

Reel 4
il:

SACK
BACK

49. POP
50. RUST
51. LIGHT
52. RUST
53. BACK
54. LOT
55. SIDE
56. GOD
57.
58. TOP
59. POT

Reel 5 60. COD
HIDE

62. LACK
63. HOT
64. DUCK
65. LOCK
66. LOCK
67. HOP
68.
69.
70.
71. LACK

POP
73- LOT
74.
75. JACK
76. LOT
77. COCK
78. IOCK
79. LACK
80. HOT
81. POP
82. LOCK
83. GOD

Reel 7 84. WIDE
8s, ROCK
86. HIVE
87. LOCK
88. LOT

COD
90. TOP
91. COCK
92. HOP

95. FIGHT
96. ROCK
97. TOP
98. COCK
99.Reel 8 100.

Relative Peak Value (db)

F ig u re  3 -3* R e la t iv e  Peak V a lues o f  Words o f  L i s t  7%. F ig u re  3-k« Peak L i s t  Words f o r  L is t s  I  -  100.
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woman test team proved to be more attentive than a mixed group. Nor
mal hearing was determined by means of an Otometer test.

Otometer tests were given each applicant individually in a quiet 
room shrouded with sound absorbent material. An Ambco model 600 D 
Otometer was used to test team members hearing at 0.5> 1> 2, 3, and 
6 kc. Members were then chosen on the basis of their hearing test with 
audiogram scores; no team members were allowed to have hearing losses of 
15 db or greater. Figure 3-5 shows "typical"- and "worst"- case audio- 
grams for the thirteen test team members.

After selection, the test team members were subjected to two prac
tice sessions of two and one-half hours each. After the two practice 
sessions the test team was considered to be "ready" for articulation 
testing; however, a subject with a cold was not utilized. Figure 3-6 
presents intelligibility scores of control lists* for the first five 
test sessions (including the training period). Note that the learning 
process was essentially complete by the end of the second training 
session.

Articulation tests were administered by project staff members 
familiar with the recording and reproducing aspect of the test material. 
A typical test session consisted of 40 to 44 lists of 50 words each. 
After an initial comparison of fixed and variable volume levels (see 
Chapter 4), subjects were instructed to adjust their individual volume 
controls to a comfortable listening level, and to change the level if,a 
given test condition so warranted. Further, the subjects were to write 
down what they thought they heard; blank spaces were left on the answer 
sheets for cases of no recognition. A typical subject response sheet is 
shown in Figure 3-7-

*Control lists were provided at the beginning and end of each test ses
sion for comparison of data from session to session and to point out any 
evidences of tiring. These controls consisted of unprocessed speech 
materials with white noise corruption.
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Test team answer sheets were scored by means of a separate group of 
four people who compared the subjects' conclusions to master word lists. 
The percent intelligibility for each test condition was the number of 
correct words divided by the total number of words times 100$. A typi
cal test score sheet is shown in Figure 3-8*J individual listener scores 
(number correct out of $0 possible words in a list) are entered for the 
particular test conditions with mean values given in the right hand 
column.

An effort was made at all times to maintain the interest of the 
articulation test team. A reasonable hourly wage was paid for the time 
spent at test sessions. Test sessions were limited to approximately 
two and one-half hours with two ten-minute rest periods. Subjects were 
informed of the project goals and any new results. Control sheets with 
individual scores were kept from session to session so that a sense of 
competition was generated between members. Tours of the laboratory and 
the recording facilities were used to generate and maintain enthusiasm 
of the group.

3.3. Tape Preparation and Sample Articulation Test

All evaluations of processes in this investigation were performed 
using the X definition of signal-to-noise ratio of (2-6):

E
X = 20 Iog10 ̂  , 

n

*The first test condition, 8%, was an unscored control inserted in the 
latter testing phases to provide better testing stability. It allowed 
the subjects to "get adjusted" before the actual tests began; it was 
inserted after evidence indicated consistently low scores on the pre
control lists.
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where is the peak value of the given signal and E^ is the rms value 
of white noise measured by an average-reading, rms-calibrated VTVM 
(HP 4OOC). Such noise measurements are in error (from true rms) by 
approximately I db; this is verified in Appendix E-2. E^ was deter
mined by use of a Tektronix 515A Oscilloscope; calibrated by means of 
the HP 4OOC VTVM such that full-scale deflection was obtained for the 
desired peak-to-peak value of the PLW of the calibration list. Note 
the difference between this definition of peak value and that defined 
as "that value which is exceeded 0.1*36 of the time". In all cases the 
definition of X assumes equal bandwidths of signal and noise.

Consider a representative recording set-up, NPC^F^ (n db of SSB 
clipping, no other processing), as shown in block notation in Figure 
3-9* The audio signal is reproduced by the Ampex 601 recorder from the 
NEL test tapes.* This signal is translated to narrow-band by means of

ATT-2
ATT-I

Figure 3-9. Representative Recording Set-up for n db of SSB Clipping, 
No other Processing.

*Test-tape X was determined experimentally as approximately 45 db. Ex
cept for the X27 conditions of Chapter 4, these "clean" test materials 
were not further corrupted prior to clipping.
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the DG, and F removes the upper sideband. The SSB clipper.is cali
brated by means of the preceding amplifier and attenuator and the post 
F^ removes the higher-order frequency components produced by clipping. 
Recalibration after post-filtering is accomplished by use of the APV 
attenuator. Filtered noise is introduced into the channel by the GR 
139Q-A Random Noise Generator and the filter, F^. The resulting noisy 
signal is translated back to audio by means of the receiver. The re
ceiver output is then recorded by the Anipex 350 for presentation to the 
articulation test team at a later time.

The SSB clipper was designed for clipping levels up to 24 db per 
unit with 50 my peak input corresponding to 6 db of clipping. Calibra
tion was accomplished at 50 mv peak so that the same scale on the HP 
400C meter could be used for noise measurement and oscilloscope cali
bration. The amplifier at the input of the clipper was used to obtain 
6 db of clipping with (n ^ ^ -6) db of attenuation. Any desired clipping 
level n^ (ru < Pmqy) could then be obtained by setting the attenuator at

 ̂nmax”nj ̂ '
Since a clipper has a constant maximum output, the amount of peaking

due to post Fs was measured in the following manner: m
1. ATT-I was set at Qmay (0 db of clipping)
2. The signal level was set at 50 mv peak at the mixing pad for the 

FLW of the test list (APV ATT = o).
3. ATT-I was then set to (n -n.) to obtain n db of clipping.max j j
4. The AFV attenuation necessary for calibration to 50 mv peak at 

the mixing pad, with n. db of clipping present, is the peaking 
due to post filtering.^ This is referred to as the Z5FV value for 
n. db of clipping.

Since the amount of peaking due to post filtering is a function of 
translation and processing (as well as filter characteristics), APV pro
vides a valuable quality and accuracy check on recording procedures. Re
plication of identical processes normally produced APV values with I db 
or less variation. The typical plot of APV values for IF C^F^ is shown in 
Figure 3-10.
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SSB Clipping (db)

Figure 3-10. Peaking (AFV) Due to Filtering After SSB Clipping

The mixing pad was especially designed with internal signal and 
noise attenuators so that values of X could readily be established. 
Calibration was accomplished with no attenuation of either signal or 
noise, so that full-scale oscilloscope deflection could be obtained and 
same-scale oscilloscope calibration and noise measurements could be 
made with the HP 400C meter. After this X = O  calibration = l), 
the noise was attenuated 27 db to produce X = 27. Attenuation of 
in 6 db steps produced X = 21, 15, 9, and 3.*

^Initial articulation tests were accomplished by holding signal con
stant and changing noise to effect divers X. It was found, however, 
that the changing level of masking noise was perturbing to the subjects 
and required more sophisticated manipulations of volume controls from 
test to test. For this reason the signal level was altered (in 6 db 
steps) to change X.
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Since all calibration procedures used the PLW, all other words in 
the list had a X condition of lesser degree (worse noise level). The 
same effect occurred in clipping: only the ELW was clipped the speci
fied amount. Sampling of List (Figure 3-3) indicates the difference 
between the minimum peak word and the PLW. However, good processing 
tends to minimize the variation in peak excursions of the transmitted 
signal, and thus reduces the X error present for words other than the 
PLW.

Consider List Jh used for C^. Only the PLW would be clipped 6 db; 
all other words a lesser amount. Specifically, nearly 30$ of the words 
would not be clipped at all. On the surface then, it appears that clip
ping would have no effect on these words; however, the channel X for - 
such words would be increased (numerically). This is shown in Appen
dix E-3.

3.4. Signal Tableaux

Chapter 2 and the foregoing sections of this chapter have been 
devoted to the definition and explanation of the various properties 
and uses of signal processing as applied to a representative SSB com
munication system. At this point, perhaps some insight into the pos
sible results of certain processes may be gained by the examination of 
actual signal samples, viewed in the representative system. We have 
already seen the time domain graphic of an audio signal in Figure 2-1, 
but what is the form of a narrow-band version of an audio signal? Con
sider Figure 3-Ha. This is an oscillogram of the word "poem-fate"* as 
an SSB signal (the "poem-fate" audio input signal is shown in Figure 
3-11b; it is bandlimited 300-3000 cps, F). In Figure 3-1 this signal

Qwould appear at the output of the first mechanical filter if p = p =O.

*The word "poem-fate" was chosen for content: initial plosive, long
vowel sounds, glide, fricative, and final plosive.



-36-

J. k. R=FCjuF^ I- H1̂ E j

Figure 3-11. Oscillograms of the word "poem-fate" for various system samples and processes. These oscillograms are to the same 
horizontal and vertical scales, and the SSB filters of Figure 3-9 were adjusted for unity gain. Rote that no direct correlation 
may be made between the baseband signals (b,e,J,k,l) and the narrow-band signals (a,c,d,f,g,h,i,), since frequency translation 
(and probably gain) was interposed.
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Note that in these oscillograms the units of the vertical and horizon
tal axes are amplitude and time respectively. Figure 3-Hc depicts the 
time-domain function of "poem-fate" as a DSB signal. Figures 3-H  d, 
e, f are clipped versions of a, b, c respectively, while g, h, i are 
SSB viewed at the output of a mechanical filter with d, translated e, 
and f as filter input. Notice that with unity sinusoidal gain in the 
F®, the output has a higher peak value than the input. The ratio of 
these output-to-input peak values expressed in db has been defined as 
AFV (compare d and g). The signals of g, h, i would be the SSB sig
nals applied to the power amplifier for transmission in an actual sys
tem, while j, k, I are the respective output signals of an SSB receiver. 
The narrow-band clipping of d and f was accomplished at 250 kc; these 
signals are not sharp clipper outputs, since peaking was introduced in 
the amplifier (4 me bandwidth) used to amplify the clipped signals.
Note that the clipper output for f was (inadvertently) smaller than d 
or e; hence i is smaller (relatively) than g or h.

The oscillograms of b, e, j, k, I are of broadband signals (base
band), while a, c, d, f, g, h, i are oscillograms of narrow-band sig
nals. Even with this disparity, note the similarities in envelope, 
even in the cases of relatively severe processing.

In a sense, the oscillograms of 3-11 are restrictive; they give 
no insight as to the relative amplitudes of frequency components. This 
problem may be surmounted by considering the sonagrams presented in 
Figure 3-12.* Sonagrams may be considered three dimensional: the
vertical and horizontal axes represent frequency and time respective
ly ; while shading is proportional to amplitude. The sonagrams a, b, 
and c of Figure 3-12 depict the same signals as the oscillograms of b, 
j and k respectively, of Figure 3-H* The sonagram of d depicts the

*The sonagrams were prepared by Mr. R. A. Houde, through the facili
ties of the Acoustics and Life Sciences Dept., Research Division, 
General Dynamics | Electronics.
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Figure 3-12. Sonagrams of "poem-fate" for:

a) An audio signal (IP)

b) Receiver output with

c) Receiver output with

d) Receiver output with
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receiver output with 36 db of audio clipping (no other processing).
Note that additional high-frequency components were introduced in the 
sonagrams b, c, and d, with the dominant form of the original audio 
signal still present. This addition of high frequency components was 
due to:

1. Intermodulation components generated by the clipping process 
which fall in the desired band.

2. Increased background noise at the output of the clipper.

In the case of SSB clipping, it is notable that this introduction of 
spurious products was not as severe as in the case of DSB clipping.
At this point the inference might be made that SSB clipping would pro
duce a less objectionable signal in terms of "tinniness" or harshness 
as compared to a signal derived using DSB clipping. In this regard, no 
direct comparison may be made between sonagram d and either b or c of 
Figure 3- U  since the audio clipping present was 36 db; however, high 
frequency components are again present and suggest "tinniness" and 
harshness of the received signal.

This chapter was devoted to the description of the equipment 
and experiment design. The design of a representative SSB system was 
outlined (in conjunction with Appendices C and D). An articulation 
test procedure was presented in conjunction with pertinent details of 
test equipment, test materials and test team. A presentation of re
cording details and precautions, a sample articulation test and a 
graphical signal analysis completed the section. We are now prepared 
to consider the experimental results of the study.
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il. DATA PRESENTATION AND INTERPRETATION

In the preceding chapters, the foundations have been laid for the 
consideration of signal processing techniques as applied to SSB systems 
This chapter will be devoted to the presentation and analysis of the ex 
perimental results which were obtained.

4.1. Data Reduction Sample

The data pertaining to the evaluation of a particular type of sig
nal processing as obtained from the articulation test team were in nu
meric form. The number of correct responses of one subject for a list 
of fifty words represents one sample score (N= l). Sample scores 
(doubled to obtain percentage intelligibility) for two different test 
conditions are:

W C24Fm' X
s 9:

I = 56,56,62,54,64,62,54,58,50,56,60,66,60,50,62,80,56,
54.60.76.44.38.72.32.42.54.40, 58,52,40,38,36,54,28, 
34,38,42,52,32,32,46,44,70,26,34,44,44,46,34,54,42,
66.46.52.42.52.62.52.40. (N = 59).

ipcX - 3:
2,2,0,4,2,0,0,0,0,2,4,6,6,2,0,0,2,2,0,10,2,2,4,2,2,
+ 34 0's. (N = 59).

These scores are plotted as frequency polygons in Figures 4-1 and
4-2. Note that the distribution of scores near the center of the in
telligibility range tends to approach the normal distribution, while at 
an extremal point they do not (this extremal "bunching" of points was 
also evidenced as intelligibility scores approached 100 per cent).

Considering such data, derived from an unknown population, it was 
necessary to make a choice of a measure of central tendency. The de
sirable characteristics of such a measure were assumed to be:
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1. Sampling stability •
2. The use of all sample scores .
3. Perspicuity .
4. Simplicity of computation.

Using these characteristics as criteria, it was decided to use the 
mean as a measure of central position. In this way relative standing 
cbuld be indicated in terms of the mean and this could be done without 
reference to the distribution of original scores. The mean is defined 
as:

S Xj.

where U is the total number of sample values and the Xĵ are the indi
vidual values of these intelligibility samples. The means for the 
above, examples are.50.0, 1.0, respectively; N = 59 for each case. For 
purposes of comparison, the mode and median of these examples are 5 >̂
52; and 0, ,0.5, respectively..

Later, ,it .will be of interest to'determine whether or not a sig
nificant difference exists between two given points on a graph. Sihpe. 
it was ,impossible to assume a particular distribution for any given 
sample, it was .necessary to employ a nonparametric test of significance 
when comparing the sample distributions represented by any two points 
of a graph. Since at least ordinal measurement was,achieved in the,data 
collection for this experiment, the Mann-Whitney U test (as, outlined by 
Siegel, 1956) was used to determine, whether two independent groups of 
sample scores, (for different parametric conditions) had been drawn from 
the same population. This test is applied specifically to.sample points 
of Figure 4-13; the method and computational details are given in,, 
Appendix G.

4.2. Test Results - :

The intelligibility scores for various system processes will be 
presented in essentially the same chronological order as they were
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derived. The study was divided into four basic parts:
1. Preliminary audio processing
2. Audio (premodulation) processing for SSB
3. Narrow-band processing for SSB
4. Iterative, interdependent and other combinational processes

If possible, an interpretation will be made as each set of data is 
presented; tabular data for N and x for each graphical presentation is 
given in Appendix F.*

4.2.1. Preliminary Study

The early efforts of the study were concerned with:

1. Audio processing (no SSB system was used)
2. 5 kc bandwidth signals '
3. X determination at audio (x )

All discussions in this section will be based on these restrictions.
The first question that arose concerned the required values of 

X to yield control intelligibility scores in a median range (say, 10 - 
90$ or 20 - 80$). Figure 4-3 shows the scores obtained on the first 
trial. (Note that these intelligibility scores are for single words as 
opposed to scores for continuous speech). The scores for X = O  were 
consistently zero, and the curve ranged upward and to the right as 
shown. This did not adequately depict the higher intelligibility 
levels, so X = 9, 15, 21, 27 was used on the second trial. The re
sults are shown in Figure 4-4.

An attendant problem in this original determination was the ab
sence of criteria1 to decide whether the test materials should be pre
sented to the test team members at a fixed volume level, or whether 
the team should be given the freedom to choose a comfortable listening

*For convenience the figure numbers of this chapter will correspond 
directly to the table numbers of Appendix F. For this reason Figures
4-1 and 4-2 are assigned the trivial Tables F-I and F-2.
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Flied Vol. ( r )

I Variable Vol. (*)

3 9 15 „ , t 21 27Xe (db)
Figure 4-4. Modified Control - X™ Presentation

Figure 4-5. K and TfE (x")

3 9 15 _ , x 21 27
Xa (db)

Figure 4-6. Sample Study of Audio Clipping, (xa).



level. The latter seemed reasonable since operators of most communi
cations equipment have the prerogative of choosing listening level. 
Fortunately, the data of 4-4* indicate essentially no change in scores 
from one form of listening to the other. Consequently, following this 
determination, the test team members were allowed to choose listening 
level on all test evaluations.

The equivalence of listener scores for fixed and variable listen
ing levels is particularly interesting when considering an incident 
which occurred: after the decision to use variable volume level, a
conversation was observed between two subjects. The general context 
of the discussion was that one subject used a "tin-ear" approach, 
while the other maintained a listening level which was barely audible. 
The surprising fact was that these two listeners obtained essentially 
identical scores for various types of signal processes at various 
noise levels, using their individual methods of listening.

Figure 4-5 presents data of intelligibility as a function of Xa 
for the equalization process (E) and the combination of linear pro
cesses T^E. Control scores are presented by the dotted curve as de
rived from Figure 4-4; this curve was included for comparison purposes. 
Note that the processed materials provided higher intelligibility 
scores at nearly every point of comparison; the difference between the 
processed and unprocessed cases tend towards zero as noise conditions 
improve. The Xa = 15 point for E appears spuriously high.

This test and others that follow are not to be taken as "final 
word"; in some cases, these are "indicator" tests inserted for the 
purpose of indicating trends or ranges. For example, the indicator 
test of T^E was based on a small N (N = 10).**

*The fixed volume levels were presented to the earphones of each sub
ject at approximately 80-db sound level (re .0002 dyne/cm2 rms).
**When N is small, the variability of mean scores can vary signifi
cantly from member-to-member of the test team and from test-to-test.
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A sample study of audio clipping is given in Figure 4-6; two de
grees of clipping, prior to clipping and control are presented.
The indications seem to be:

1. appreciably increases intelligibility scores at all X,
and in the 50$ to 80$ intelligibility range provides 6 db or 
more increase in signal power over unprocessed speech.

2. For good listening conditions, T^C^ approaches C^.*
3. At X = 9 the indication is that produces higher scores

than this might lead one to suspect that the X = 9
point for is higher than it actually should be.

The question might be posed: For an AVC circuit, do optimum
values of decay-time and amount of suppression exist? In order to ob
tain estimates to at least partially answer this question, the data of 
Figures 4-7 and 4-8 were obtained. First, with a constant attack level 
equal to 0.5 volts p-p (which may be referenced to the amount of sup
pression by means of Figure D-7) intelligibility scores were obtained 
for various values of decay-time. These data are presented in Figure 
4-7. The intelligibility scores tend toward a maximum in the left 
portion of these curves. So, somewhat arbitrarily, the decay-time for 
optimum performance was chosen to be 0.5 seconds for all X levels.
Then, holding this value of decay time, the data of Figure 4-8 were 
obtained by changing the input signal peak-value from test-to-test. 
Scores for the various X levels indicate that the choice of 0.5 volts 
peak-to-peak or Figure 4-7 was judicious.**

*Contrary to popular belief, this test (and others which follow) in
dicate that differentiation (Tr) prior to clipping does not increase 
intelligibility scores.
**Actually an indicative test matrix was run about this point.
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Figure 4-7. Intelligibility Test of Audio AVC for Maximum Irtput 
Voltage of 0.5 v peak-to-peak (xa).
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Figure 4-10. Intelligibility Estimates for CaF 3 kc Bandwidth 
(Xa). °



As a result of these 'data, the AVC parameters were fixed at 0.5' 
volts attack level and 0.5 seconds decay-time. The notation for the 
device in this condition will he V.*

Intelligibility as a function of 'X for the V process’ is given in 
Figure 4-9- Also included in this figure are combinations of V and 
Ca as indicated (taken from Figures 4-6 and 4-7). Again, these are 
indicator tests and Sf is quite small (for -VCapF, F = 24; for VC^F,
F = 8). However, the indication is that in the vicinity of the 70^ - 
intelligibility the AVC is nearly as effective as 12 db of clipping; in 
this range and up to approximately 85$ intelligibility,•the combination 
of clipping ahd AVC Affords higher scdres than either process alone.
An increased clipping level appears to further increase intelligibility 
scores. ' '

4.2.2. Audio Processes for SSB '

-The SSB system utilized for this investigation was of 3 kc band
width. For purposes of comparison to the clipping data presented in 
the preceding section and outlining the general implications of a

Qinarrower bandwidth, data for C were obtained for 3 kc signals and are 
presented in Figure 4-10. Fote that Xa is the parameter in this case, 
and that, as in the preceding clipping case, intelligibility scores 
tend to increase as either n or Xa increase. The parametric curves end 
at the n = 0 line; scores at these points are control (H?) scores since 
processing is zero. It appears that the points at n = 12 are low.

Aside -from the above possible errors, a comparison of the n = 12 
points of Figures 4-10 and 4-6 indicates a considerable disparity of

Q  ■ - . 'scores. For example at X = 15, 5 kc bandwidth yields an intelligi
bility score of 75.7$ (l = 75-7) and 3 kc bandwidth yields I = 46.1.

*Fote that for the determination of AVC parameters, the intelligibility 
scores were derived using single-word stimulus materials; it is proba
ble (perhaps certain) that these parameters would not be the same for 
continuous speech.
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Part of this difference may he attributed directly to a relative change 
in X of 2.4 db* due to bandwidth reduction. Since the rms value of the 
noise (En ) must be held constant, bandwidth reduction tends to make the 
noise condition more severe. Further loss of intelligibility must be 
expected since all frequency components in the 3000-5000 range have 
been removed.

Now consider audio processes as applicable in an SSB system. His
torically, this transition caused problems. Probably the most impor
tant was the consideration of where X should be defined for the system. 
In retrospect this seems like a trivial problem; however, a number of 
experimental evaluations were made with X defined at the receiver out
put. This seemed reasonable, since all the preceding tests were con
cerned with baseband signals. No particularly striking trends existed; 
and the data collected is of little value unless audio processing (say 
for a public address system) is to be effected by using an SSB system 
(it works). Actually, it was assumed for these tests that X was in
variant with linear frequency translation; but, as indicated in Chap
ter II, this is not true. The data for Xr will not be presented.

In an actual system, X is determined in the channel; the labora
tory system included a channel (although it was merely a piece of 
coaxial cable). Consequently, to adequately represent the actual 
state of affairs, X was determined immediately following the last mech
anical filter in the processing system. In order to represent selecti
vity of the receiver, the additive noise was band-limited with a filter 
having characteristics essentially identical to the last channel fil
ter.** X8 is thus defined.

With these considerations resolved, it is possible to proceed to 
consider Figure 4-11; this is one of the more important results of

*See Appendix E-4 for justification.
**See Appendix E-5-
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this investigation: premodulation clipping for SSB. Indicative intel
ligibility scores for the various X8 levels are plotted as a function 
of IPC^F8.* ** The "droop" at the higher clipping levels may be attri
buted to the insertion of distortion components by the clipper or to 
the increase of background noise level by the clipping operation. This 
notion was first advanced in the presentation of Figure 3-12. With 
42 db of clipping present, the receiver output signal sounded harsh and 
"tinny" (without noise) to the point where intelligibility could be im
paired. *•* An interesting point regarding the curves of Figure 4-11 is: 
consider the control score for X8 = 15 at approximately 30%; the X8 =
9 curve intersects I = 36 at approximately 19 db of clipping. Thus, 
the indication is that, for a given amount of additive noise, the peak 
(and rms) value of the channel signal for the unprocessed case must be 
6 db higher than the peak value of the channel signal derived after 19 
db of premodulation clipping. A more significant increase is indica
ted at the I = 65 level, where approximately 12 db of clipping (from 6 
to 18 db) has essentially the same effect as a 6 db X change. Notice 
that no direct correlation may be made between Figures 4-10 and 4-11; 
4-10 is concerned with baseband only, 4-11 has had X determined at nar
row-band so that even control scores will in general be different.

No attempt will be made to fit a smooth curve to the data points 
of Figure 4-11 or others that follow; the mean scores are presented as 
they were obtained.

The effects of differentiation prior to CaF8 will be given inn m
section 4.2.4.3.

*To review notation: NPC8F 8 indicates no processing prior to n db ofn m
audio clipping; bandwidth is restored at narrow-band using an SSB fil
ter.
**No quantitative tests were run on the "quality" of the speech sig
nals after processing. However, intuitive opinions were formed by the 
project staff members.
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DSB Clipping - n(db)

Figure 4-12. Intelligibility Estimates
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4.2.3- Narrow-band Processes
At narrow-band there exist two different possibilities for the in

sertion of non-linear operations* in an SSB system (filter method); 
these are:

1. The DSB signal level prior to filtering to SSB
2. The SSB signal level

Concerning the first, the question arose: what happens if clipping is
applied to the DSB signal prior to SSB filtering? No quantitative an
swers were available; but audio clipping improved intelligibility (to a 
point), so perhaps NPC^Fs would also. This is indeed true as evidenced 
by Figure 4-12, the second fundamental result of this investigation; 
again, N was fairly large. The indication is that intelligibility im
provements may be expected as the degree of clipping increases (except 
for severe clipping at poor listening levels). Again, the "droop" may 
be due to the reduced X and the insertion of intermodulation products 
caused by the clipper.

The third, and perhaps most interesting, fundamental result of 
this investigation is presented in Figure 4-13: I vs IPC^F^. These
curves are presented as estimates of intelligibility as a function of 
SSB clipping; (The symbol C3 implies F8 prior to SSB clipping).

Increases in intelligibility were sufficient for this process to 
warrant the addition of a X8 = 3 curve; otherwise the scales and curve 
markings are similar to Figures 4-11 and 4-12. The curves are essen
tially self-explanatory; however, a few pertinent points may not be 
obvious. For X8 = 21 the intelligibility score tends to decrease as

*Linear processes alone were not considered, since changes in the power 
spectrum of a signal at narrow-band may be effected at baseband: the
power spectrum translates linearly with frequency translation (see Sec
tion 2.2.2). This statement is valid for an SSB signal only if
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SSB Clipping - n(db)

EstimatesFigure Intelligibility
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clipping is increased from 36 to 48 db. If this decrease is signifi
cant (or even really the case) it may he attributed to the increase in 
signal noise level after clipping or the introduction of intermodula
tion components with the clipping process. The loss of signal quality 
due to clipping at SSB was essentially nil until the clipping level 
reached 18 to 24 db. At 36 db of clipping the distortion was evident 
but not nearly as severe as audio or DSB clipping of the same degree.

The test of significance mentioned earlier and outlined in detail 
in Appendix G indicates that significant differences in sample scores 
exist for certain pairs of points of Figure 4-13. For example, let Hq 
be the null hypothesis that the sample population of point I (n = 24,
X = 3) and the population of point 2 (n = 24, X =  9) have the same 
distribution; the alternate hypothesis is that the values" of 2 are 
(stochastically) larger than the values of point I. The Mann-Whitney 
U test reveals that Hq must be rejected at a significance level a S
0.00003. The computational form of this test of significance involves 
the use of the Z parameter (defined in Appendix G) and a conversion 
table. The limit of the table is |z| = 3*43, which has a one-tailed 
probability under Hq of p < .00003. Thus, the rejection region of Hq 
of the above example is conservative. The values of |Z..| and as- 
sociated values of p for several sample-point pairs of Figure 4-13 are:

Sample point pair i,j - M P
1 ,2 9-32 < .00003
2,3 8 .65 < .00003
3,4 6 .1 3 < .00003
5,6 7-35 < .00003
6 ,2 6.79 < .00003
2 ,7 3.73 < .00003
7,8 2.68 .0037
8,9 1.42 .0778

These data indicate that HO may be rejected at a = .00003 for
sample points 1,2; 2,3; 3,4; 5,6; 6,2; 2,7. For 7,8 and 8,9 the re 
gions of rejection are respectively: a > .0037 and a > .0778-
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The limited tests cited above justify (to an extent) the intui
tive evaluation of significant differences derived on the basis of 
sample (mean) point spacings in the intelligibility domain. The in
terpretations and discussions which follow, therefore, will make no 
further reference to tests of significance.

In order to exemplify the use of the data shown in Figure 4-13, 
let us assume a practical situation:

1. An SSB system has a peak power constraint
2. The channel noise is such that the intelligibility at the 

receiver output is in the vicinity of 60%.

Now 60$ intelligibility may be obtained by using unprocessed speech in 
the presence of a given amount of noise corresponding to X = 21. This 
same 60$ intelligibility may be obtained by using an SSB signal which 
has been clipped 36 db and has a peak value 12 db below that of the 
unprocessed signal; that is, 36 db of SSB clipping at X = 9 yields the 
same intelligibility score. Of course, this also assumes white noise 
as corrupting signal. This situation implies that if the average 
power constraint of a transmitter is at least 12 db below the peak 
constraint, the effective transmitter output power can be increased by 
12 db (approximately) if the SSB signal is clipped 36 db prior to 
transmission. Similar conclusions may be drawn by considering other 
segments of Figure 4-13. For an unprocessed signal at X = 15, the in
telligibility score is approximately 36$. Maintaining the same peak 
value and the same amount of additive noise, the addition of 36 db of 
SSB clipping yields an intelligibility score of approximately 86$.

Thus far, audio, DSB, and SSB clipping as applied to an SSB sys
tem have produced, at least in some ranges, increased intelligibility 
scores for constant X. It might be surmised at this point that com
binations of these processes might have an advantage over any single 
process. Further, these data have been given for signals which had X ~ 
45 db prior to clipping; hence an interesting consideration might be: 
How far do the intelligibility estimates of Figures 4-11, 4-12, and 
4-13 hold for a more-noisy, clipped signal? The implications of these
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statements and the effects of spectrum- tilts prior to clipping will he 
considered in later sections. -

4-. 2.4. iterative. Interdependent and Other Combinatorial Processes

4.2.4.I. Iterative Processes

In practice it is difficult to obtain over 24 db-of narrow-band 
clipping in one operation. This physical restriction gives rise to 
an increase in latitude of clipping operations at SSB. For example, 
the solid curves of Figure 4-l4 provide intelligibility estimates for
S 'X ='9, 15, when two narrow-band clippers are isolated with a mechani

cal filter. The first clipping operation produces a flat-topped wave, 
peaking occurs in the filter, the resulting wave is again clipped; a 
reduction to bandwidth in the last mechanical filter precedes signal 
introduction into the channel. ‘ The dashed curves of Figure 4-14 are 
the X •= 9, 15 curves of Figure 4-13; these are included for comparison 
purposes. Note that the total amount of clipping for corresponding 
data points of these curves is the same. For the X = 15 case, there 
is a small difference in intelligibility estimates; however, in the 
X = 9 case, the difference of intelligibility scores between the two 
processes is more marked. The points marked X = 3 and X = 21 are 
associated with the iterative-clip process with a mechanical filter 
ihterposed. The dotted curve of this.figure provides an indication 
of intelligibility scores when the mechanical filter between clippers 
of the former case is.replaced by a buffered tuned-circuit, with a Q 
of-approximately 37 at 250 kc. This curve closely resembles the curve 
for conventional clipping. S 'The iterative-clip process for the audio case at X = 15 is given 
in Figure 4-15 by the solid curve. The dotted curve of this-figure is 
the X3 = 15 curve from Figure 4-11. These data imply, as in the pre
ceding.case, that no advantage is gained by "splitting up" the clipping 
process.
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A series of indicator tests using small N (N 10) was run using 
unequal values of clipping in the iterative-clip process for SSB. For 
example, with the first clipper adjusted for n - 6, the second clipper 
was adjusted for n = l8, 2b, 30, 3 ,̂ (all Xs = 9)j no improvements in 
intelligibility scores were noted over the case where the clipping was 
performed in one step. Similar tests for the first clipping level at 
12 and 18 db indicated similar results.

k.2.b.2. Interdependent Processes

Earlier it was shown that audio, DSB and SSB clipping, when con
sidered individually, increased intelligibility scores in major por
tions of the clipping spectra presented. Since each of these clipping 
processes yielded a favorable result, this section will be devoted to 
the consideration of the interdependencies that may exist between the 
clipping processes at these levels. Figure l6 depicts such a result; 
the solid curve shows intelligibility estimates for various degrees of 
DSB clipping preceded by 6 db of audio clipping. The dotted curve of 
Figure 4-l6 is the X8 = 15 curve from Figure 4-12; that is, the intel
ligibility estimate for X8 = 15 and n db of DSB blipping only. The 
dashed curve is also taken from Figure 4-12, except that in this case 
the total clipping level is the same as for the case of 6 db of audio 
pre-clipping. The implication of this figure is that 6 db of audio 
pre-clipping increased intelligibility scores over the case where pre
processing was not used; however, the estimates did not appear to equal 
those obtained when the total clipping operation was performed at DSB.

A series of intelligibility indicator tests were run to determine 
the interdependencies that existed between DSB and SSB clipping in 
H3 CdFsCsFs for X8 = 9« Tests were run for n = 0, 6, 12, 18, 24 db. 
However, in all cases the intelligibility estimates ranged signifi
cantly below the intelligibility scores obtained if the total clipping 
level was achieved at SSB. Neither graphical nor tabular data are pre
sented for these tests.
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Figures 4-17, 18, 19 point out the interdependencies that exist be
tween audio and SSB clipping. Figure 4-17, for example, shows para
metric curves of constant level of SSB clipping with audio clipping- 
level as the independent variable. Note that, in three of the four 
parametric curves shown, an apparent maximum is produced: for C^q g 
(solid curve, circle identification) the maximum occurs at an audio 
clipping level of 24 db, making a total clipping level of approxima
tely 53 db. The apparent maximum for ^ appears at 6 db of audio 
clipping, making a total clipping of approximately 56 db. The maximum 
for Q occurs at in the vicinity of 6 db of audio clipping for a 
total of approximately 5° db clipping. It appears that the curve for 

^ is approaching a maximum at perhaps 18 db, making a total clip
ping level of approximately 57 db. Note in these cases that the in
telligibility scores begin to fall as the total clipping level is in
creased above certain levels, with these levels bracketed in the range 
of 50 to 57 db (approximately). One possible reason for this behavior 
is that such clipping levels actually represent clipping into the noise 
level of the system signals (recall that the X of the test tapes was of 
the order of 45 db).

The reason for the rather odd clipping levels in the above ana
lysis is that, after the test tapes had been recorded, an error in 
clipper calibration was discovered. The clipping error constants were 
determined for each clipping level, and the corrections were made on 
the parametric curves rather than to re-tape test materials (the re
cording of the test tapes for these interdependency evaluations was 
particularly time-consuming).

The information contained in Figure 4-l8 is similar to that of 
Figure 4-17, except that X3 = 15. In this figure the parametric 
curves are for SSB clipping of 16.6, 28.6, and 40.6 db. Note that a 
maximum was reached for the 40.6 curve at an audio clipping level of 
approximately 12 db; a total clipping level of approximately 53 db 
(again). The other two curves did not yet reach an indicated maximum
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and additional data points■could have !been taken in order to complete . 
the analysis of the maxima-trend.

The effects of 0, 6, and 12 db of audio pre-clipping to 36 of 
SSB clipping are shewn in Figure,4-19. The dotted curve (with 0 audio 
clipping) was taken from Figure 4-13 for n = 36. Figure 4-19 indicates 
that,- for relatively severe SSB clipping, an audio pre-clipping of 6 db 
reflects essentially no change in the intelligibility scores, while 
12 db of audio pre-clipping increases the intelligibility estimates at 
the lower X levels.

The data of this section seem to point out that most iterative 
processes are not as advantageous as a single clipping operation (par
ticularly when that single operation is performed at. SSB).

4.2.4.3* Linear Pre-Processing
In the early studies of this investigation it was found that dif- ■ 

ferentiation of the speech signal prior to premodulation clipping had 
no advantageous effect on intelligibility scores when X was maintained 
at audio (with 5 kc bandwidth). The same result is depicted in Figure 
4-20,- when X8 = 9, 15 is considered. The indication is that for rela
tively low degrees of clipping, the addition of the differentiation 
process may offset the effects of as much as 15 db of audio clipping 
(consider X8 = 15 at an intelligibility score of ■54̂ ). -

Figure 4-21 shows the effects of differentiation and equalization 
as pre-processes on the SSB-clip series. The solid curves of this fig
ure represent differentiated signals. The dashed curve represents an
E pre-process for X8 = 9, and the dotted curves are for the indicated 

s ' ' gamounts of C with no pre-processing. For X = 9 the ■; intelligibility
estimates for both T and E fall below the' estimates of C8 alone. For ■ r
Xs = 15 and the lower SSB clipping levels, the T^ process .did not yield 
an intelligibility gain; however, at the higher clipping levels (and 
consequently better -listening -.conditions), the T^. pre-proeeqs -indicates 
a gain over straight clipping. This is the only.point where this
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phenomenon occurred during the course of this investigation.
The effect of the T pre-process on iterative clipping is shown in 

Figure 4-22 for various X levels. For this case, T^ appears to offer 
no advantage.* The data for the dotted curve of Figure 4-22 were taken 
from Figure 4-19.

4.2.4.4. Reduced Signal X

All of the preceding tests were conducted using test materials 
with an unprocessed X of approximately 45 db. Since all signals in 
physical systems do not have X = 45 or better, it was decided to run 
a brief indicator series of tests to determine the effects of a reduced 
signal X condition.

In order to investigate these effects, white noise was added to 
the materials from the original test tapes to an extent that the re
sulting signal had X =  27 db. The resulting purposely-corrupted sig
nal was recorded as a reference; these materials hereafter will be re-

2 7ferred to (as though they had been processed) as X . These "new" test 
materials were then used as the system input signal; the degrees of 
clipping and channel X were defined using the peak values of this "new" 
signal.

For the case of audio clipping (xS), the X ^  condition showed an 
appreciable decrease in intelligibility estimates for given degrees of 
clipping: this is indicated in Figure 4-23. The solid curves are the

*The process of differentiation emphasizes signal high-frequency com
ponents; this tends to make the speech sound more "crisp". When dif
ferentiation precedes severe clipping, this crispness does not appear 
desirable since the clipping process followed by bandpass filtering al
so tends to make the speech sound more "crisp" and "tinny". It may be 
that this increase in the "tinny" quality of the speech signal result
ing after differentiation and clipping (regardless of where the clip
ping was performed) was a contributory factor in the decrease of in
telligibility scores.
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2 7X conditions followed by n db of audio clipping, while the dotted 
curves are the audio-clip series for X8 = 9, 21 from Figure 4-11. Lit
tle ambiguity exists in this figure except, perhaps, for the point n = 
24, X8 = 9- The X27 condition appears to be high (at least it doesn’t
seem to fit the trend). Although the data was not obtained, it would

2*7 sbe interesting to see if the IP and X curves intersect for X = 9, as 
is indicated by the proximity of points of these two curves at n = 42 
and 48 db.

27The solid curve of Figure 4-24 shows the effect of X condition 
for C8. There seems to be little doubt what the trend is in this par
ticular case as regards crossovers at large n. It is significant to

27note in this figure that the maximum intelligibility score for the X 
case occurs at n = 36 db, or for a clipping level 9 db above the test 
material X; recall that Figure 4-l8 indicates an apparent maximum at a 
total clipping level of approximately 53 db, which is approximately 
eight db above the X of the test materials. This might indicate that 
there exists a parametric relationship between the maximum permissible 
clipping level and the X of the speech materials which are being clip
ped; this relationship might be of the form Cmftv, = X + 6, where 5 — 8 
db. However, neither time nor funds allowed an extension of the inves
tigation to include this aspect.

This completes the presentation of the experimental data obtained 
as a result of this investigation. In the early phases, a considera
ble amount of time and attention were devoted to the aspects of an AVC 
unit, and the original intent was to complete the data series with an 
inclusion of the AVC unit in conjunction with various degrees of clip
ping at various system signal levels; again, however, time and funds 
did not permit. Certain other implications concerning the SSB pro
cessing parameters, like the AVC, will be presented in the section on 
suggestions for further research, after a statement of conclusions.
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5- DISCUSSION; INTERPRETATIVE LIMITATIONS

The. interpretation of .data as set forth in the previous chapter, 
can "best he classified as reasonable estimates of the intelligibility 
scores associated with several signal processing techniques. The es
timates are based on a summation of data gathered.from a number of 
trials. In some cases, thq intelligibility estimates, were based on 
relatively large number of trials; the outstanding examples.in this 
category are data presented for controls, audio clipping, DSB clipping, 
and SSB clipping (all with X determined at narrow-band). Other intel
ligibility tests were provided as indicators of trends or ranges, and 
the probability of error for these later tests is significantly higher 
than the tests of large N, as evidenced by certain data points which 
appeared to have extraneously high or low values.

The major sources of error encountered.in the acquisition of the 
experimental data were: *

1. Equipment
2. Recording
3- Subjectvariation
4. Scoring

Obviously,, the contributory effects of these errors' were mini
mized. as'much as possible; the preventative measures which were taken 
will be reviewed here.

The laboratory models of the SSB system and processing,devices 
provided little cause for concern, except for clipper calibration. As . 
previously noted, clipper calibration was in error for one set of data; 
this error was readily discovered, however, by means of calibration 
checks which were applied periodically. The frequency standard and 
noise generator were allowed' to operate continuously so that warm-up 
and stabilization procedures were not necessary. The remainder of 
the equipment was allowed a warm-up period of approximately 30 minutes 
prior to recording of test tapes. Minor difficulties were encountered 
with the source tape recorder in that the output level would change in



a random fashion; this was corrected through routine maintenance. Peri 
odic checks of speed, equalization, flutter and wow were performed on 
each tape recorder to ensure that these characteristics were within 
manufacturer's specified limits.

The errors due to test setup and recording were minimized by hav
ing two project members present during recording sessions. One member 
made the necessary inter-connections of system components for a parti
cular processing operation, and the other member checked the setup 
prior to recording. The quantity APV provided an invaluable tool for 
insight into possible recording errors.

Errors due to listener variations were minimized by:

1. Subject selection based on hearing ability, and the tempor
ary rejection of a subject with a cold.

2. The training period.
3- Minimization of distraction

a. Variable volume level was used.
b. The noise was presented at a fixed level and changes in X 

were made by changing the signal level.
c. Only female team members were used.

b. Minimization of boredom by break periods.
5. Process, X, and list randomizations.

Minimization of errors due to scoring and data reduction was ac
complished by obvious methods: the test was scored immediately follow
ing the test run, no time limit was placed on the scoring team, and the 
test supervisor spot-checked all scoring.

Any interpretation or extrapolation of the data presented in this 
report must be done with care, since the framework of the study is re
strictive. A summary of these restrictions are:

1. Bandwidth was 3 (or 5) kc
2. Subjects were well-trained listeners
3. Single-word stimulus materials were used to obtain intelligi

bility estimates
X definition of signal-to-noise was used 
A peak-limited SSB system was assumed

k.
5.
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Even considering these restrictions, perhaps additional ramifications 
and implications are extractable from the findings presented in this 
report; however, such extensions are not obvious at this time.



-69-

" ' ' 6: . RESULTS AZD CONJECTURE '

In 'the explicative phases of this research; certain procedures, '1V 
designs and 'definitions were presented which may be' of'value■in them- ' 
selves. .Included in this category is the information regarding: ■ ' • ■

1. The articulation test
a.' Test materials ' '' ' • T ' <
h. Tape preparation . . . .  
c. Team selection
rd. Scoring -aspects  ̂ '

2. .,The definition of X, which _is suitable for peak-limited
systems ■’

3* The-method of clipper representation given in Appendix B-2-
4. The general equipment and experimental.design philosophy

A .review of the signal processes as applied strictly to audio sig
nals was presented. The first result was the equivalence of intelligi
bility data as obtained by the 'fixed and variable volume levels.

The linear processes E ,and .T prqvided minor increase in,intelli-
a srgibility estimates for X ; for X and,in conjunction with nonlinear 

operations at audio, DSB and SSB> "these'linear'operations generally 
gave rise to .a signal, .intelligibility degradation.

. The audio AVC unit provided "nominal increases in intelligibility, 
and,it is unfortunate that a combination of the AVC-clip process could 
not .have.; been -investigated. ■ '. The ,transition from a .5. kc bandwidth to a 
3 kc bandwidth,provided additional insight into the.definition of X.

. The three most fundamental (and most-accurate) intelligibility 
estimates, were, made for: :. audio, DSB, ..and SSB clipping with X defined 
■ at narrow-band; Of these three-' SSB ■ clipping provided the -most signi- . 
fleant intelligibility increases and at the same time, "more fully pre
served signal quality. The interdependent and ,.iterative combinations 
of these processes yielded advancements in the Intelligibility scores; 
however, in no case did the intelligibility estimate exceed that de
rived ..from the, total ,amount o.f processing provided at SSB.
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The presentation of results was completed by the description of a 
reduced-! signal condition and its effect on the intelligibility esti
mates of audio and SSB clipping. It was noted that there appeared to 
be a constant relationship existing between maximum allowable clipping 
and the X of the unprocessed test materials: Cmny = X + 6, 5 «= 8 db.

In the process of gathering the foregoing data, the author has 
gained considerable insight into the design and construction of actual 
equipments and tests used in the determination of the intelligibility 
estimates. Such new-found experience and knowledge gives rise to a 
certain dissatisfaction with the results (both positive and negative) 
obtained, and tend to lead to implications of ideas that could have or 
should have been considered. Some of these ideas may be of value, some 
may be ridiculous and some may be trivial; however, in general, the 
ideas fall into the category of suggestions for further research.

Those directly related to this study are:

1. The completion of the interdependency series may provide 
valuable insight into the clipping operation in general.

2. The consideration of both open- and closed-loop AVC units 
with both audio and SSB control may be of value. For ex
ample, suppose an AVC unit had control upon the amplitude 
of the audio input signal, but was controlled by the enve
lope function of the narrow-band SSB signal.

3- In close relationship to the AVC operation, perhaps a tone 
of fixed frequency could be added to a signal prior to modu
lation with amplitude inversely proportional to the ampli
tude of the narrow-band modulating function with a view to
ward reducing peak-factor.

4. The linear operations of concern in this investigation af
forded little, if any, increase in intelligibility estimates; 
however, other linear filtering techniques may provide an 
advantage.

5- Are the processing techniques outlined in this investigation 
still useable when frequency translational error is present 
in addition to a corruptive noise signal?

6. The quadrature function method of SSB generation provides in
teresting possibilities for non-linear signal operations 
which are not present in the more standard SSB systems.
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The ideas of a more general or a more speculative nature might 
include:

1. Phasing or autocorrelation techniques may be a possibility 
for the reduction of the peak-factor of speech.

2. Define the lower limit of bandwidth with suitable processing 
■for "acceptable" speech.

3- Investigate SSB processing techniques as applied to satellite 
communication systems for both aural and digital data.

4. An investigation of signal processing techniques applicable 
to other types of transmission (i.e., DSB, FM, FSK, etc.) 
might be considered.

5. An investigation of speech processes of an unconventional na
ture which may arise as a result of using :a vocoder.

6. Investigate a signal peak detection, delay and addition pro
cedure so that the resulting signal has a peak value less 
than normal speech (for a given average value).

Some of these ideas are indeed conjecture and must remain so until 
the structures of the speech processing complex are more fully defined. 
It is to be hoped that this paper provides a starting point for a more 
specific study in one of these areas.
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Appendix B - Signal Types

Signals in physical systems are hand-limited. Certain classes of 
signals are defined with respect to significant spectral components. A 
low-pass signal is one containing frequency components between zero 
frequency and some upper limit f̂ . A band-pass signal is defined as 
one whose significant frequencies lie between two frequencies f^ and 
fg, where f^ may be arbitrarily small but not equal to zero (a band
pass signal has no dc component).

The band-center and bandwidth of a signal are, respectively;

fo
fl + f2 , W fI

A broad-band signal is a band-pass signal which satisfies the condi
tion that W « fg, while, for a narrow-band signal, W is much less than 
fy Baseband speech is classified as a broad-band signal.

The above signal definitions are described pictorially in Figure
B—I.

Narrow-band

Broad-band

frequency

Figure B-l. Band-Limited Signals
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In order to implement laboratory investigation of system and sig
nal characteristics in conjunction with processing operations, model 
SSB generators of the filter and quadrature function types were con
structed.

1. Filter Method

Figure C-I shows the components used to derive the SSB signal 
using the filter method.* The input and output impedances of the units 
were 600 ohms (where applicable) to facilitate interconnection and in
sertion of processing devices. The DSB generator was followed by a 
mechanical filter amplifier to produce SSB. Collins 250Z5 (250 kc, 
lower sideband, 2.7 kc bandwidth) filters were used. A typical re
sponse and phase characteristic for these filters is given in Figure 
2-6, and a pictorial study of a system test is presented in Figure 3-2.

The receiver and frequency standard (a stable crystal oscillator) 
were usable at 100 and 250 kc. The output of the DSB generator had a 
carrier suppression of approximately 40 db. The DSB generator and SSB 
receiver translation frequencies were derived from the same standard to 
eliminate frequency translational error. Purposeful translational er
ror could be introduced by means of an interpolation oscillator used in 
conjunction with the frequency standard.

2. QF Method

For an explication of the QF method of SSB generation, reference 
is made to Figure C-2. If a series representation for the input is 
used.

Appendix C - Model SSB Systems

*For the circuit diagrams of this report, all resistors are l/2 watt 
and all capacitance values are expressed in (if unless otherwise 
specified.
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FIGURE C -1. LABORATORY SSB SYSTEM COMPONENTS
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e(t) = Z  cos(w^t + ^ )

the respective outputs of balanced modulators I and 2 are:

K1 [sin w1t][z cos (w^t + =

I kx Z a^[sin (w^t + w^t + + sin (w^t - w_̂ t - P±J]

e(t)

BM-2

BM-I

Figure C-2. Quadrature Function Method of SSB Generation 

K1 [cos W1E] [z b.± cos (W11 + ^J] =

^K1 Z B1 [cos ((JOjt + (JD11 + ^1) + COS (o^t - (JD11 - ^L)]]

where W1 is the baseband center frequency.
The low-pass filters eliminate the sum frequencies in each channel, 

so that the inputs to balanced modulators 3 and b are respectively:
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(I1Ct) = K2 Z Si sin (ô t - (O11 - <f>± )

O2Ct) = K2 Z B1 cos (cô t - (O11 - ^1),

which are the quadrature functions. When these inputs are mixed, with 
the second converting frequency (â ) with phase as shown, the balanced 
modulator outputs are:

K2 [sin ô t]|z a1 sin ((ôt - ^t  - ^1Q =

^K2 Z a1 [cos ((Ogt - (O11 + Oi11 + ̂ ±)

- cos C(0gt + O^t - (O11 - P i J]

K2 [cos (o2t| (z a± cos ((ô t - out - P i J] =

^K2 Z a1 [cos ((Ogt + OO11 - (o.t - ^1)

+ cos ((Dgt - (O11 + out + p j ]

Adding these outputs gives for the final output:

s(t) = Kg Z B1 cos [t(0„ -'2 m L " ~i+ (0.H  + y

which is the original band of frequencies shifted up by an amount (ocg - 
(O1). This original band, limited by the low-pass filters, is now cen
tered about (og.

A circuit diagram for the QF SSB generator is shown in Figure C-3- 
The audio input signal is applied to the first set of balanced modula
tors by a bifilar-wound transformer. Conventional ring-type diode mo
dulators were used for this set. The first translation frequency 
(25OO cps) is obtained from a divider chain. The 45° phase-shift
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figure C-3, OF SSB GENERATOR

Figure C-4. Spectral Study of QF Generator
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networks (of opposite^shift) are used to obtain signals in quadrature 
at the plates of the 12AU7; these signals are used as switching sig
nals for the first set of balanced modulators. Outputs of these modu
lators are applied to low-pass filters.

A pictorial representation of a two-tone test of the QF generator 
is shown in Figure C-4. The inadequate cancellation of undesired side
band components made this particular model inadequate for purposes of 
repeatable laboratory investigations.
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For clarity and completeness, total circuit diagrams and addi
tional pertinent information regarding the speech processing devices 
are presented here.

I. Clipper

A basic passive clipper as shown in Figure D-Ia was used for peak 
clipping of speech, DSB, and SSB signals.

When all diodes conduct, the output is shorted to the input 
(ideally), and e^ = eQ as shown in Figure D-lb.

As e^ increases positively, current through the matched resis
tors, R^, and diodes D^ and D^ increases until D^ and D^ become reverse 
biased and cut off. When D^ and D^ cut off, the equivalent circuit re
duces to that of Figure D-lc. The output is now equal to a constant 
value

Appendix D - Processing Devices

eo R1 +

and the input and output are isolated. Since eQ = e^ until saturation 
occurs and the boundry conditions of piecewise-linear circuit must 
match.

ei eo R1 + R2
}

at the clipping threshold.
A negative excursion of e^ will cause a complementary effect with 

the output saturating when

-VR,

R1 + R2ei =
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Figure D-l. Theoretical Clipper Considerations a) Basic Clipper 
Circuit, b) Clipper Equivalent Circuit When all 
Diodes Conduct. c) Clipper Equivalent Circuit with 
D^ and D^ cut off.
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FIGURE D -2  HIGH FREQUENCY CLIPPER

The speech and quadrature function clippers are identical, and are 
similar in form to the basic clipper of Figure D-l. The high-frequency 
clippers (Figure D-2) utilize a pair of back-to-back silicon diodes as 
a pre-clipper to limit signal peak excursions in cases of severe clip
ping. A buffer amplifier was used to maintain input and output 600-ohm 
impedance levels.

2. Mathematical Considerations of Clipping*

Mathematically, clipping may be typified in many ways. One is to 
consider the behavior of Fourier series representing a clipping

*The original formulation of this presentation was made by project 
consultant. Dr. Hans R. Fischer, Department of Mathematics, Montana 
State College.
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funetion. Suppose a clipping function of the type indicated by Figure 
2-4 is given. If e(t) is an input function, the corresponding output 
a(t) is, by definition

a(t) = f(e(t)).

This might well be investigated by means of Fourier expansions.
Suppose

e(t) * Ednelti)nt,

where e(t) is assumed to admit a discrete Fourier spectrum, u>n, n 
an integer. Instead of the exponential form, e(t) may be written 
(under certain conditions)

e(t) = E (a cos w t + b sin w t).' n n n n
To investigate the frequency spectrum of a(t), the clipping func

tion f may be approximated by a series of polynomials, P^(x), uniform 
in some interval (-a, a), (a 2 Sup | e(t) |). This is not a restric
tion to special cases, since a physical clipper does not yield a truly 
polygonal transfer characteristic, but rather acts as a sufficiently 
good polynomial approximation of the form

f(x) = Iim Pn(x). 
n-*- oo

If the input signal is assumed to be absolutely covergent in some 
interval, the output of the approximated clipper,

an(t) = Pn (e(t)),
can theoretically be evaluated. First, the powers of the input sig
nal components must be found:

(e(t))k . t e d A i V  - L dn
S S
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-Ih practice, a representation of this ■ form.leads to numerical 
evaluations far too involved .and time-consuming. .It would be better, 
therefore to use harmonic analyses to determine the Fourier frequen
cies and coefficients of a(t); and in general, analyses must be used 
to determine the expansion of e(t). Furthermore, an -expansion for 
(e(t) )'*£ may be formed only -in the case of a finite number of given fre 
quencies, uy, since the sum must be finite.

On the other hand, suppose the spectrum of the input is given, 

e(t) = Ld^e^n*, ^ 0, n finite.

Also assume a narrow-band signal:

1 %  “
Z Wn | 
N 1 <  €

e small for all deciding the total number of non-zero terms. '
Then an estimate can be made of,the number of spectral components in 
the output which will be in the given narrow-band. This.may be -il
lustrated, using the "biharmonic case": .E = 2. Suppose the input, is 
given by: '

e(t) = a^ cos w^t + a^ cos cô t + b^ sin u^t + b^ sin w^t.

2Then a(t) = e (t),which contains eight components represented trignome- 
trically as:

cos2 w^t, cos2 Wgt, sin2 w^t, sin2 w^t, (cos M^t)(cos w^t)

(cos u^t)(sin Wgt),(sin w^t)(sin ,(sin w^t)(cos w^t)

These eight terms may be expressed as:

. cos 2w^t, sin 2u.̂ t, sin 2Wgt, cos 2a)gt, cos (w^ + )
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c o s  ((j)̂ - Wg)t, sin (U1 + Wg)t, sin (W1 - Wg)t 

and constants.
A second order approximation to the clipping function, therefore, will 
give the following frequencies in the output:

0, W1, w2, W1 + w2, W1 - w2, 2w1, Sw2

These may be grouped into three parts:

0, W1 - w2; W1, w2; W1 + w2, 2^, 2w2

I II III
The first group consists of frequencies close to zero; the second of 
frequencies in the given band, and the third of frequencies close to
gether in a new narrow band near W1 + Wg. That is, only two fre
quencies will appear in the initial narrow-band, namely W1 and Wg.

A third-order polynomial approximation to the clipping function 
will yield the following frequencies:

0, W1, w2, W1 + Wg, Sw1, 2Wg

Sw1 + Wg, 2Wg + W1, 3w1, 3w2

The groups of frequencies are:

I: 0, W1 - Wg

II: W1, Wg, Sw1 - Wg, 2wg - W1
III: Ew1, 2wg, W1 + Wg
IV: Ew1 + Wg, Ewg + W1, 3^, 3wg

The second group again contains the frequencies which belong to 
the initial narrow-band. As an example, if = 100 kc and fg = 102
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kc, then group III is of the 200 kc range, group IV is in the 300 kc 
range etc.

More generally, for an approximation of degree n, group II will 
consist of frequencies of the form:

SW1 - (g-l)wg, gWg - (g-l)w^; 0 < g < n, g an integer.

The total number of frequencies is 2(n-l). Furthermore, there will 
he n + I groups of terms such that the terms in one group are "close 
together". The respective ranges are: 0 for group I, the given band
for group II; (or 2w^ or 2wg) for group III;...; nw^ (or nw^)
for the last group. This is illustrated pictorially in Figure D-3.

Given
^  frequency

Band Group

Figure D-3. Spectral Component Groups for an nth-Order Approximation 
to a Clipping Function

In practice, these relations may be used to determine the order of 
a sufficient polynomial approximation to the polygonal clipping func
tion: the output frequency components in the given narrow-band (i.e.
in Group II) must be found. It will be sufficient to take into consi
deration only those components, N, which appear with amplitudes greater 
than a given value. The degree of a sufficient approximation then is

+ I or (where [ ^ X denotes greatest integer in X).
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In view of the nature of a clipping function, approximation of odd de
gree should be more convenient.

The foregoing c
tion:

P
e(t) a E

-P

where w , g = 1,«..,g
and where W = -to ,-g g
real form

_iw t
g

0. The form of e(t) is equivalent to the

e(t) + E (a cos w t + b sin w t).
° I ' 8 g g g

Define: — I W = Z to
I 8

Now: e2(t)
P P
E E

gj*—P h=-P
a a  el(ug + “h ^

in view of the w = -w , w = 0. This means that e (t) contains the -g g o  o
frequencies + (w^ + w^), where l^MP, IS^P (and 0). Similarly, eJ(t)

will contain all terms + (ti + u, + w.) where lS^P, IStSP and ISj5P— g — n — j
(and 0). More generally e^(t) contains those frequencies + (w + w .

6I £2
to ), where lSg.SP (and 0). The frequencies which appear close to 10 
gk ^

may be written in the form

W + W +...+ W - (1), - (1), ... -W .
Si B2 eB hI hS ht

By re-collecting positive and negative terms, these components are 
close to one of the original frequencies, w^. In a given situation it
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is easy to pick out the interesting :terms. Let P = 3: 

for k = 2 None
for k = 3 The terms: 2m^ - - 0)̂ , CD1 + cog - ay

CD1 + CD 2 - a>2, CDg + CD̂  — CD1,

2cd2 - CDg, 2cDg - CD1, 2cDg - CDgf (Group ll)

for k = 4 None
for k = -5 The terms: Scd1 - 2cDg, Scd1 - Scd̂ , 3cDg - Say, Scd̂  - 2cDg,

3(Dg - Scd1, ScDg - Scd̂ , etc.

From a table of this nature we could find the number of terms 
close to CD for an approximation to f(e(t)) of a given degree.

3. Integrator, Differentiator, AVC, Equalizer

The operation of the devices of this section have been described 
in Chapter II. The circuit diagrams of the differentiator and inte
grator appear in Figures D-4 and D-5 respectively. The input and out
put impedances of these devices were 600 ohms, and decoupling was pro
vided in the power supply line to prevent interaction with other cir
cuits.

The circuit diagram of the AVC, shown in Figure D-6, utilized the 
6BA6 as a variable gain amplifier. This amplifier is coupled to a 
cathode-follower whose output impedance is 600 ohms. The control vol
tage for the variable gain amplifier is derived from a feedback ampli
fier which drives a full-wave rectifier and filter. The filter has a 
switched, variable time-constant to provide variable decay times. The 
amount of control derived is a function of the loop gain control at the 
input of the 12AU7 amplifier and also the threshold control, abbrevia- : 
ted T.C. on the circuit diagram. The input-output characteristic ■■ of
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2600 PF 12A3C7
Output

Figure D-It. Circuit Diagram of the Differentiator.

I 12 AX7
IOK

- V W _i 12AX7
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Figure D-$. Circuit Diagram of the Integrator.
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Figure D-6. Circuit Diagram of the AVC.
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Figure D-7. Input-Output Characteristics of the AVC.
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the AVC unit for fixed values of T.C. and loop gain is shown in Fig
ure D-7-

The speech equalizer (Figure D-8) consists of a double integrator 
and a differentiator with a crossover frequency of 500 cps. A 12AX7 
is used to isolate the attenuation networks and to retain system sig
nal level. A variable mixing pad combines the isolation amplifier out
put signals, which are then reduced to a 600-ohm impedance level by the 
6AN8 cathode follower.

A response curve of the speech equalizer is shown in Figure D-9- 
With a 0.5 volt input signal, the output was computed in db with the 
5000 cps point arbitrarily chosen as a reference of 0 db. The quan
tity M is the ratio (in db) of the output voltage at a frequency, f, 
to the output voltage at f = 5000 cps.
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Fjgcure D-9. Speech Equalizer Response Characteristic
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Appendix E - Additional System and Measurement Considerations

I. Earphone Analysis

An initial evaluation of the headsets used for articulation test
ing was made by means of the General Radio 1551-A Sound Level Meter. 
These measurements indicated that all earphones were relatively con
stant in response, one to the other, but also that a peak of approxi
mately 37 db occurred at 2000 cps as compared with the 300 cps re
sponse. For these tests the receivers of the earphones were measured 
individually by holding each receiver to the microphone of a sound 
level meter.

Since the response shown by the data taken with the sound level 
meter seemed quite unreasonable, a second evaluation was made using 
"normal" listeners as a human response meter. Three articulation test 
team members, with normal hearing as determined by use of the Otometer, 
took threshold hearing tests by means of the apparatus as shown in 
Figure E-l. This threshold test was considered to be a summation of 
system response and listener normal hearing threshold. A normal hear
ing threshold response curve (published on p. 878 of the ITT Handbook) 
was then subtracted from the previous threshold response to get a rea
sonable approximation of system response. Measurement of system re
sponse was taken for positions I and 2 by this means. These tests in
dicated that the earphones were within + 8 db of flat response from 300 
to 5000 cycles.

Use of the data obtained by means of the sound level meter in con
junction with the threshold tests enable a first order evaluation of 
all earphones used for articulation testing. Such an evaluation for 
headset #2 is shown in Figure E-2.

During the evaluation of the threshold response data, one subject 
(C) was suffering from a head cold. This may explain the erratic re
sponse given in Figure E-2 for the earphone of position of number 2 at 
5000 cycles.
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Figure E-I. Equipment Configuration for Threshold Hearing Tests.

toCD

I

I

0.1 0.3 I 3 10
Frequency (kc)

Figure E-2. Response of Earphone, Position #2.
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2. True rms vs. Average-reading rms

Voltage measurements of white noise as determined by an rms-cali
brated, average-reading meter differ from true rms by approximately I 
db. This may be seen from the following analysis.

The HP 400C Meter gives a reading which is

K E ave- K /  M t )  I It],

where K is a calibration constant such that rms readings are given for 
sinusoidal input signals. If the rms value of a sine wave is norma
lized to one, ^ = V 2 and the meter input signal may be taken as:

e(t) = sin t,

which is an odd function having halfwave symmetry. Considering this, 
the calibration constant for the 400C meter can be determined:

K Eave = K ItT =  h  ^  le(t)ldt = h  ^  Sin t Idt-T o

= ̂  /  sin t dt = ̂  (-cos t f  =
Ti T i OO

= [-(-l) + (l) "I = = E (since sine wave).
Ti L J Ti rms

But E = I for this example, andrms

Now consider the meter reading for white noise (noise having a 
Gaussian amplitude distribution and constant power spectrum), which



-98-

ha s a mean of zero (no dc bias) and which is normalised to have an rms 
value of one (o=l). The amplitude distribution function is:

f(n) = exp (O=I^ n=O)

Now, 1

#  Eave = i/2 'TSTtTF.=

0 2  1°° p(n) n<an ■

but - g
P(n) = f(n) = -j~: exp (”“ -).

A ave. W ) A Cf-)
Jt

J2J2Z

dberror = “20 logIO ̂  = -20(0.052) = -1.04 db (low)

Thus, the absolute X conditions as measured with a true-rms 
meter would be 1.0U db more corruptive than the X- conditions measured 
with the reading of the HP toOC. Meter. For example,. X = 15 as given- 
in-this report would have an absolute value relative to true-rms noise 
measurement of X = 14. This result was verified experimentally.
/

3. X Change Due to Clipping.

When the PLW of a list is clipped 6 db, other words of that list 
are not clipped at all. However, channel. X for such undipped words
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is increased.
ILet E be the normalized peak value in db of the PLW and E beP P tthe peak value in db of some other word on the list, such that E^ s 

(E^-6). The clipper outputs for inputs of E^ and E^ are, respec
tively (as in Figure 3-9):

(E -6) and E* .P P

The Fs outputs are m

(E -6 + APV)P

E1 + 6FV,P -

where APV^ ^ 3 db (Figure 3-10) and 5PV is the peaking (or "flatten
ing") of the unprocessed word due to filter phase characteristics. 
Note that BPV is associated with the unclipped word; for a typical 
SSB filter it is generally of the order of + I db. If P is an addi
tional gain factor (perhaps a linear final amplifier), then the chan
nel signals have relative peak values in db:

A1 = (Ep - 6 + APV + p) = (Ep - 3 + p),

Ag = Ep + ! + p.

Consider now the same words (except unprocessed) in an identical chan
nel:

= Ep + P , the PLW value

A 4  =  E p  +  P 9
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Krhere P is a different gain factor. . If the final amplifier.-is. to have 
the same peak output, the peak values of .the :PLW must he the same in 
each caise, so -

Ep + p = Ep - 3 + P 

p = P - 3.

Then
f

■ Ag = Ep + I + p (processed)

A^ = Ep + P = Ep + P - 3 (unprocessed)

So, for a given value of Ep, Ag > A^; the "processed" word, though .
undipped, has a . larger value than the same unprocessed word .in the
channel’. Thus, effective channel X (and.intelligibility) of. the Ag
word is increased over the no-process case. Mote that X is unchanged

... . . .  - • •
for the" PiLW; however, .intelligibility -may still be expected to increase
over the unprocessed .PEW, since the clipping process has reduced the
peak factor (by 3 db in this case).

4. Bandwidth apd X. . . .

The increase in severity of a noise condition for.fixed X and de
creasing bandwidth may b$ shown In the following manner. ■ ; - ’ " •

If the corruptive signal .is white noise, by definition the power 
spectrum is a constant, say k^ watts/cycle-bandwidth. Mow.consider a
speech signal of a given peak value E and bandwidth.f. .If this sig-

-P1 1 ’
nalis mixed with noise from the source with spectral constant kp

■ \
X1 = 20 1O:g10 *
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The noise power is:

PI kIfI y

Now if the bandwidth is restricted to a value fg (where < f^) with
out changing source noise level.

kIf2 GE2

But if X is to be constant, E must equal E ; so the output of the
n2 nI

noise source must be increased to a value such that

V 2 * kIfI °r k2 = kI fg

Then E is increased to

A numerical example following Chapter 4 is as follows:

f1 = (5000-300) = 4700 cps, f = (3000-300) = 2700 cps

Or E must be 2.44 db higher than E to maintain X. 
n2 nI

5- Channel X

In a physical system, a receiver input signal is composed of:

I. An intelligence signal of restricted bandwidth (assuming the 
transmitter is operating properly).
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2«. A noise signal, generally of significantly .larger Iandwidth 
than the intelligence.

The first stage in the receiver m i l  introduce additional noise, and 
the bandwidth -will be restricted.in the IF. Thus, channel X in an . 
actual system would not have noise and signal bandwidths equal and 
would not include.considerations of front-end noise of a.receiver. 
However, . if the receiver, is linear through the IF, an. "image" channel- 
X may be envisioned.to correspond to the "channel" used in this inves
tigation, since the definition of X implies equal signal and noise 
bandwidths. The fact that a frequency translation ..is involved between 
the RF and IF levels is of little consequence; signals at these levels 
are both narrow-band and the envelope function (hence x) is.invariant 

'f with such .translation.
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Appendix F - Tabular Data

This appendix is devoted to the presentation of tabulated values 
of N and x for the graphical data of Chapter IV. The table numbers 
presented correspond directly to the Figure numbers of Chapter IV (i.e 
Table F-8 is the data for Figure 4-8, etc.). In order to keep the 
numbering system in order. Tables F-I and F-2 are trivial since the in 
formation contained in these two tables for the examples is contained 
in Table F-13- All x values in these tables have been rounded to the 
nearest 0.1$ intelligibility.
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Table F-I- Data for IP C^F®, Xs = 9
Process Degree XS(db)
ipcX  . 9 59

Table F-2. Data for TC^2Fa, X8 = 3
Process Degree Xs(db) ■ H
ipcX 3"' ?9

Table F-3- Data-for Initial Control, Xa
Process Degree Xa(db) N
Control (5 kc) - 0 32
Fixed Volume 6 32

12 28
18 32

I Table F-?. Data for Audio AVC: Maximum Input
— Voltage of 0-5 v. p-p.

50.0 Process Degree Xa(db) IT X

.. V(O-JjX1) X1=O,! 9.
15

10 • 
' 10 '

19-0
50.4

21 . 10 82.2
0.25 9 ' 6 ■25.7

. 15 6 72.0
• x ' 21 ■6' 86.3
1.0 < 0,5 9 ko 41.7

15 ko '71-721 to 85.3
1.0 ’ 9 10 ■ 39.0

' ■' . 15 AO 69-6
' . 21 io 83.8

X 2.0 ' 9 6 28.0
0 . 15 6 53.0
8.7 21 6 76.0
33-362.5

Table F-4. Data for Modified Controlj, Xa
Process Degree Xa(db) N ■- X

Control (5 kc) 9 22 14.6
Fixed Volume 15 22 50.5
N? 21 22 70.4

27 22 83-5
Control (5 kc) 9 74 . 17-9
Var Volume 15 75 .50-8
IP 21 75 70.6

27 76 83.8

Table F-8. Data for Audio AVC: Constant Decay-
Time of 0.5 sec.

Process Degree Xa(db) H X

V (X2,0.5) X2=O-S 915
8
10

42.069.4
21 • 10 80.6

0.5 9 4o 41.7
15 4o 71-721 4o 85.O

1.5 9 8 31-0
15 7- 68.8
21 7 - 88.3

Table F-J- Data for E and TfE, Xa

Process Degree Xa(db) H X

E 9 14 33.3
15 14 65.7
21 l4 71.7
27 i4 83.4

TfE 9 10 23.0
15 10 51.4
21 10 74.0
27 10 82.-4

Table F-6. Data for Audio Clipping Sample, Xa

Process Degree Xa(db) " N X

C^F 9 10 4l.86 15 9 63.6
21 10, 77-4
27 10 84.4

C^2F 9
15 '

18
18

j4.0
75-7

21 18 86.8
27 18 91-1
9
15'

6
6

30-3
68.7

21 5 83.8
27 5 88.8

Table F-9. Data for Combinations of V and Ĉ , Xa

Process Degree
VĈ 2F

VCa0F

Xa(db) N X

3 24 28.0
9 24 63.4
15 24. 79-6
21 24 88.7
27 24 93-1
3 8 30.5
9 ' 8 65.5
15 8 87.O
21 8 88.5
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Table F-IO- Data for Ĉ F (3 kc Bandwidth), Xa Table F-13- Data for IPCaFa, X8
Process Degree Xa(Ab) N X Process Degree X8(Ab) B X
E-CaF 0(Control) 9 36 5-8 ipcX »=0 9 139 5-8

15 76 36.2 15 139 36.2
21 36 63.2 21 139 63.2

12 3 12 0 12 3 59 1.0
9 12 15-7 9 68 31.2
15 12 46.1 15 59 61.521 12 66.1 21 39 76.0

24 3 12 5-2 24 3 59 9-7
9 12 45.5 9 59 50.0
15 12 65.0 15 67 74.8
21 12 85.0 21 38 87.9

36 3 20 12.2 36 3 59 14.9
9 20 55-0 9 68 58.8
15 20 8l.O 15 59 86.2
21 20 89-9 21 88 95-0

42 3 12 11.3 48 3 84 19.8
9 12 55-7 9 85 65.2
15 12 82.7 15 67 91.4
21 12 92.5 21 38 94.0

TaMe F-LU Data for CaF8, X8 Table F-l4. Data for IPCn / X Cn/2F;n and‘
Process Degree X8(Ab) H Process Degree X8(Ab) B X

iptX D=O 9
15

139
139 36:2

nmO 9
15

38
38

4.8
30.4

21 139 63.2 6 9 18 18.2
6 9 49 13.0 15 18 59-1

15 62 43.4 12 9 18 33-321 58 64.6 15 18 71-9
18 9 49 34.7 18 3 18 15.5

15 62 66.0 9 36 51.721 48 76.4 15 36 82.1
30 9 49 50.2 21 18 94.3

15 58 77.4 24 9 18 55.521 58 87.6 15 18 85-5
42 9

15
29
38

43.7
72.2

X^O
6

9
9

139
20

5.8
30.6

21 38 86.8 12 9 20 48.1
18 9 20 61.6
24 9 20 69.6

TaMe F-12. Data for IP cjY
Process Degree X8(Ab) B X Table F-15. Data for CaFCaF8, X8 = 15-
ipcX D=O 9

15 Process Degree X8(Ab) B X
21 139 63.2 BC8FCaF8 rp=6 15 18 54.8

12 9
15
21

88
?,

17.5
52.1
66.4

12
18
24

15
15
15

18
18
18

64.4
68.8
71.9

24 9 86 37-2
15 60.1

36
21
9

63
63

75-4
35-4

Table F-l6. Data for Interdependencies: 
and D6B, X® = 15

Audio
15 87 66.0

X8(Ab)21 63 81.1 Process Degree N X
48 9

15
65
53

30.6
67.8 *cBc£ F8

n2
12 15 24 55.0

21 65 86.6 b n2 m 18 15 24 59.524 15 24 61.4
30 15 24 65.3
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Table F-17.

Process

1p0BifX 2fM

Table F-l8.

Process

Data for -Interdependencies: 
and SSB, Xs = 9

Audio Table P-21.

xs(db)
Process

Degree N X T CsF5nI n2 
28.6 18 9 . 12 69.0

r B M

2h 9 12 77.5
30 9 12 70.0

39-4 0 9 12 63.0
6 9 12 75.0

12 9 . 12 77.518 9 6 78.0
44.0 0 9 12 69.0 • EC b Fm6 9 , 12 80.012 9 12 71-5
49.8 0 9 12 69.56 9 12 74.0

12 9 12 66.0
Table F-22.

Data for Interdependencies: 
and SSB, X = 15 Audio

Process .

TrCX C36FM
Degree
B I  Bg

Xs(db) N X

l6.6 12 15 20 64.318 15 38 70-7 '24
28.6 12

, 15' 20 76.2 Table F-23.
15 20 79-018 .15 38 83.0 Process24

30
15 
15 '

2020 86.0
87.0

4o. 6 6 15 20 88.612 15 20 90.018 15 20 87.624 15 ■ 20 79-4

Table F-19. Data for DP CaFsC^z-Fs n.m 3° m
Process Degree XS(db) D x "
lpcX cX m 3 18 15.1

9 36 6l.4
15 . 18 84.9
21 18 95-0

ffcX m cX m 3 20 16.8
9 20 70.1

Table F-20.

15 ■

Data for T CaFs ■ r a m

20 82.3

Process Degree XS(db) H . x
TrCX a=0 9 56 3-2

15 56 30.0
21 18 53-6

12 9 20 13-7
15 60 48.6

24 15 4o 65.1
30 9 20 44.9

15 . 20 76.3
36 15 20 74-9

Table TP-2k.

Process

Data for T C sF s and E C sF S
r n m  n  :m

Degree X S (db) H X
B=O 9' 56 • 4.0

15 56 30.0
12 '' 9. 20 18.9

' 15 38 52.6
'24 9 20 47-2

15 38 75-7
36 9 20 55-6

15 20 89-4
- B=O 9 20 3-2

12 9 20 18.6
24 9 20 37-6
36 9 20 - 50-9

Data for TrC ^ sCs6Fs
Degree XS(db) N X

3 18 4.4
9 18 60.9
15 18 84.5
21 18 93-5

Data for %
Degree XS(db) D X
IF=O 9 14 4.0

21 14 62.3
12 9 9 12.7

21 9 67.5
24 9 9 36.0

21 9 • 70.0
36 9 9 35-6

21 9 70.5
48 9 9 40-5

21 9 67-3

Data for X̂ '1'?X> 1*
Degree ! Xs(db) H X
B==O 15 18 34.2
12 15 18 59-424 15 18 68.6
36 15 18 70.4
48 15 18 66.0
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Appendix G - Testsof Significance

When graphical data is considered, it is desirable to he able to 
state whether or not a significant difference exists between any two 
sample values. For example, in the data of Figure 4-13, does a signi
ficant difference exist between the scores for n = 24, X = 3 and n = 24, 
X = 9 (the points marked I and 2)? This question was answered by using 
a one-tailed Mann-Whitney U test. The U test is one of the most power
ful of the nonparametric tests:

"if the U test is applied to data which might properly be 
analyzed by the most powerful parametric test, the t test, 
its power-efficiency approaches 3/it = 95-5 per cent as N 
increases" (Siegel, 1956).

Let us assume that all individual differences and systematic er
rors have been reduced to a minimum by the selection and training of 
the test team and by the various precautions used in the recording pro
cedure (see Chapter 3)• Then any two sets of scores for different n 
or X of Figure 4-13 may be considered independent samples. The null 
hypothesis is, then, that population I and population 2 have the same 
distribution; the alternate hypothesis, H^, is that the sample values 
of 2 are (stochastically) larger than the sample values of I. Let the 
significance level be, arbitrarily, a = .001; the rejection region 
then consists of all values of Z which are so extreme that their as
sociated probability under Hq is equal to or less than OL = . 001.

Let the samples be of size n^ and n^, then

(G-l)
nln2^ni + n2 + 1J

where

nI^nI + (G-2)2
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n (n + I)
U = ,Ii1H2 + ----- - R2,

"whichever is smaller.

(

R = sum of ranks assigned to the group U 1 

"Rg = sum of ranks assigned to the group n^

Formula (G-l) does not take .into account the effect of tied scores; 
however, unless the number of a given tied score approaches 
•satisfactory results are obtained by using the .form (G-l).

A numerical example for CS, n = 24, x = 3, 9 is given below. In 
Figure 4-13, these points are labeled I and 2, respectively, and the 
sample scores for these points are:

26,14,12,6,20,24,12,6,2,18,14,14,18,22,20,26,12,8,2,18,6,0, 
20,4,8,20,2,28,16, l4,10,2,8,6,4,8,6,0,10,4,8,0,0,0,0,4,0,2, 
.4,4,2,16,4,12,14,2,14,16. (N= 58)
56,56,62,54,64,62,54,58,50,56,60,66,60,50,62,80,56,54,60,76,
44.38.72.32.42.54.40, 58,52,4o,38,36,54,28,34,38,42,52,32,32,
46.44.70.26.34.44.44.46.34.54.42.66.46.52.42.52.62.52.40.
(N = 59)

A ranking of these scores yields the.table 'of the following page. The 
sum of ranks for'each sample is:

R1 = 1713.5, R2 = 5189.5.

Now, n1 + ng = 58 + •59= 117 and a necessary condition is:

117
R1 + Rp = Sn 

n=l

which ,is satisfied.for this example.
The value of U can now be calculated .by ,-using (G-2):

U = 58(59) + 1/2 (59)(59 +1) - 5189,5 = 2.5
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Intelligibility

Score

Ranked Score of:

I Ties 2 Ties

0 4 7 0
2 11 7 0
4 18 7 0
6 24 5 0
8 29 5 0
10 3 2 .5 2 0
12 35.5 4 0
14 40.5 6 0
16 45 3 0
18 48 3 0
20 51-5 4 0
22 54 I 0
24 55 I 0
26 57 2 57 I
28 5 9 .5 I 5 9 .5 I
30 0 0
32 0 62 3
34 0 65 3
36 0 67 I
38 0 69 3
4o 0 72 3
42 0 75-5 4
44 0 7 9 .5 4
46 0 83 3
48 0 0
50 0 8 5 .5 2
52 0 89 5
54 0 94.5 6
56 0 9 9 .5 4
58 0 1 0 2 .5 2
6o 0 105 3
62 0 108.5 4
64 0 111 I
66 0 1 1 2 .5 2
68 0 0
70 0 n4 I
72 0 115 I
74 0 0
76 0 116 I
78 0 0
8o 0 117 I

Rl = 1 7 1 3 .5 Rg = 5189.5
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■ Then, by (G--I):

7 ' - 2.5 -171112 ~35l59T(iI5T
12

or (,Z121 = 9*31

-1708.5
” 183*4 " -9* 31

Reference to Table A (Page 2hj, Siegel,.1956) reveals that |z| k 3*^3 
has a one-tailed probability under Hq of p. S .0003* Since this p is 
smaller than a = 0.001, the decision is to reject Hq in favor of H^.
We thus-.conclude that the scores of point 2 are (stochastically) higher 
than the scores of point I. For the point-to-point data of Figure 
4-13, most of the calculated.values.of |z„ | were greater than 3* 43; 
consequently, the values of |Z. . | may be used as an ..indication of

XJ
relative significance, for several i,j sample-point pairs:

Sample point i,j -ij- P •
1^2 9.32 <. 00003
2,3 8,65 <.00003
3 A  . 6 .1 3 <. 00003
5 ,6 7*35 <. 00003
6 ,2 6,79 <. 00003
2,7 . 3.73 <.00003
.7,8 . 2 ,6 8 0.0037
8, 9 . 1.42 0.0778

Note that the null hypothesis, Hq, may not be rejected at the a
level for the point pairs 7,8 or 8,9« Further,.H may not be rejected 
for 8,9 until a is greater than O.Q778.
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