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THE DYNAMICAL ANALYSIS OF SPEECH SOUNDS
by

E. C. Wente
Bell Telephone Laboratories, Inc., Murray Hill, N. J.

PREFACE

A steady tone at a given point in the sound field
may be represented in two equivalent ways, either by the in-
stantaneous pressure as a function of time or as the sum of
harmonically related pure tones, i.e., tones having a sinus-
oidal wave form. The latter form of representation is called
the spectrum of the time function. The process of transforming
& periodic time function into its spectrum is known as harmonic
analysis, A problem in acoustics originally suggested this now
widely applied type of transformation. As a result of his
study of the vibration of a string, a basic element in the
earliest forms of musical instruments, Daniel Bernoulli enun-
clated the principle of the co-existence of small oscillations
and declared his conviction that the general solution of the
free vibration of a string could be expressed in the form of a
sine series., Euler a little later supplied a method for evaluat-
ing the coefficients in the series.

One reason why the harmonic analysis plays such an im-
portant role in acoustics is that the ear, according to Ohm's
law, perceives a tone as a summation of harmonic components,
in other words, it performs an harmonic analysis of a periodic
acoustic stimulus.

The harmonic analysis can be applied in a simple,

'straightforward manner to a steady time function, such as a

tone. It is thereby transformed completely into a frequency
function. Less direct is its application to more complicated
functions such as speech or music.

Fourier in his celebrated work on the application
of the trigonometric series to physical problems demonstrated
that a series of this kind can always be fitted exactly to any
small or large finite portion of a single-valued function.
Therefore if a function is constituted of a succession of steady,
or tonal, portions together with some portions that are random
in character, or atonal, a condition that obtains for speech and
music, then the Fourier theorem may be applied tc this function
either as a whole or successively to small portions of it. The



first procedure leads to a single sine series and the second,
to a summation of sine series each of which by itself is_valid
oply over one particular sub-interval of time. In this latter
case the transformation is not completely from a time function
Egnitfrequency functiog but to a time pattern of frequency

£ ions. I have designated this type of transformation a
ynamical analysis because of the time aspect of the result.

~ From our everyday experience we can infer that it is
?ogygim%ci% type of analysis that the ear performs on speech,
Since tho owS rapid changes in pitch, quality and loudness.
L. g ear can with great success extract the information
T rom speech, I have in the work described on the follow-
thfspaESf attempted to develop quantitatively the properties of
B s dyglng process of the ear on the basis of available
e wh%cha a. This study is followed by a description of appara-
e T .gﬁs designed to have analyzing properties like the "
. g} ;he results expressed in quantitative physical
e thé prigii yi :he results of analyses made by this ecuipment
o argagivgg?ds of speech under a variety of phonetic

-

The detailed planning and execution of this work
Zzgszg oveﬁ a period of several years. During that time I i:-
variousmgc valuable advice and assistance from more people in
B ous egigt?egzgngf EQEILgboraﬁoriis than I could possibly
. : 0 acknowledge my indebtedness
Egémﬂirgsz ggztcggréyrggéred 5hysic§l ResearZh Director, toto
0§ interest in the physics of s h
Dr. Harold T. Friis, Director of Res . K i fgech, and vo
Electronics. Exce é for his sti S e Dl Frgquency o
work would not havg been completgglzglg%aggngnal FCEEst LS
I gladly acknowledge the valuable aid recei
; S ei
?g. H.lK. ?unn in the analytical study of the moving Zgglfgg?v
S r a level recorder, from Mr. J. R. Nelson in the design Ad e
egt;ng of most of the electrical circuits used in the g i
ag rom Mr. A. H. Muller in the design of the mechanica?u}pffgt’
ﬁor:hﬁhapparatus and for'his supervision of their constwacfixbb
mame an to any other single individual who worked witﬂ s on
project I am indebted to iMr. J. H. Kronmeyer, who s asn
:ﬁCiated with me 1n_thls.work from its beginning.9 He agis if-
ine apﬁaratus and did most of the trouble-shooting and cair‘nl-ed
co%ﬁecte al§o made all the recordings and did most of ti At
ed with the assembly of the data as it has been ggeggrt d
nted.
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.y To Professor G. E. Peterson of the Universd ~
¥1chlgan, Professor and Mrs. Malcolm Coxe of B:ggﬁis;tg fl
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E. C. Wente
Bell Telephone Laboratories, Inc., Murray Hill, N. J.

"It is reason and speech that unite
men to one another; there is nothing else
in which we differ so entirely from the
brute creation."™ - Cicero.

Speech is such an important factor in the civilization.
of man that some writers have held with good reason that speech
is ecivilization. It has therefore been studied with the aim of
increasing its effectiveness in one respect or another throughout
all historical times. In the third millenium B.C. The Instruc-
tions of Ptah-hotep was written in Egypt for the purpose of
®instructing the ignorant --- about the rules of good speech, as
of advantage to him who will hearken and of disadvantage to him
who may neglect them."! Ancient Greek scholars placed great
emphasis on the study of rhetoric, the skillful and artistic use
of speech. One application of this interest was in the drama,
an early form of art. Open-air theatres that were built by the
Greeks and Romans, some of them long before the Christian era,
showed in their design an appreciation of certain acoustic princi-
ples that must. be followed if speech delivered from the stage is
to be readily understood by a large audience.? Vitruvius, who
lived at the time of Augustus, discussed clearly some of these
principles in his celebrated work on architecture. A development
in quite another direction for making speech more effective was
the invention of the megaphone. Alexander is said to have used
megaphones for the transmission of speech over distances as great

as 12 miles.

While civilized peoples have always been interested in
ways of improving the transmission of intelligence by the spoken
word, the objective study of speech itself began only within
the last century. The first physical measurements on Speech
were made with the phonautograph ‘invented by E. Scott.3 In this
instrument a diaphragm was actuated by speech waves collected
through a horn. The resulting motion of the diaphragm was re-
corded by an attached stylus resting on a moving strip of soot-

Judged by present standards the distortions in this

coated paper.
instrument must have been large and the record therefore, a crude
approximation to a facsimile of the initial speech waves, Never-

theless certain kinds of quantitative values, such as frequency

and duration, could be read from the records.
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Basic Principles of Speech Analysis

It is a remarkable fact that we are able to understand
anyone who speaks clearly in a familiar language although the
speech of any individual person differs unmistakably from that

of everyone else. We therefore naturally ask: "What are the
characteristic physical properties of any given standard speech
sound whereby the ear recognizes its meaning?", or, in the
language of the phonetician, "What physical properties that the
ear can sense characterize any particular phoneme?" This is not
only an intriguing question of particular interest to the phono-
tician and the physicist, but also one of practical importance

to the telephone engineer and to anyone interested in the design
of voice-operated devices.

Since the ear is so remarkably effective in the
identification of the speech sounds, we should do well to inquire
into the type of analysis which the ear performs in isolating
the distinguishing physical characteristics of these complex
stimuli. Having obtained this information about the ear, we
should then be able to devise instrumental means for making the
same kind of analyses in quantitative physical terms.

Before we consider the analysis of the very complicated
waves of speech, let us first review what is known about a much
simpler problem, viz., the aural analysis of complex but steady
periodic tones. It had long been known to mathematicians, even
before Fourier's time, that a continuous periodic function can
be expressed as a series of sine functions, but it was not until
1843 that Ohm announced his now well known law of hearing, which
states that the ear perceives as pure only those tones which have
a sinusoidal wave form while all others are heard as the summa-
tion of pure tones. This law was readily verified for the lower
order of harmonics. By a careful focusing of attention, one
could rather easily hear the octave, the fifth, and second octave
above, i.e, the second, third, and fourth harmonics, in the-tones
of some musical instruments; but the general validity of the law
was not accepted until the publication of Helmholtz's experi-
mental studies of the subject. Helmholtz apparently became par-
ticularly interested in the problem because Seebeck, a distin-
guished acoustical physicist, had come to believe that while the
ear perceived separately certain harmonics in a complex tone,
there were some groupings of harmonics which were perceived as
a unit. This view was not unreasonable because, when several
musicians together play a melody on separate instruments, a listener
by properly focusing his attention can distinguish the tones that
come from each of the instruments. In this case it appears that
the ear is resolving the complex tones coming from the ecnsemble
into other not pure but complex tones. Helmholtz gave a correct,
if not complete, explanation of this observation and then pointed
to Leibnitz's distinction between apperception and perception,
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which holds for all the senses. As applied to aural sensation,
it means that a listener ordinarily senses any complex tone not
as a composite but as a unitary sound having a distinctive quadl-
ity. This type of observation Leibnitz called perception. A§
an observer becomes aware of the fact that he can hear harmonic
components within the complex tone, he gradually learns how to
focus his attention on them and one by one is enabled to hear
them individually. This manner of observation Leibnitz calleq
apperception. When one proceeds from perceiving to apperceiving,
the focusing of attention is the important factor, as Helmpolt?
recognized. He therefore devised an acoustic resonator which is
now known by his name. With this resonator he could raise the
relative level at the ear of a particular component in the tone.
Holding his attention on the component thus made prominent, he
could remove the resonator and still hear the component separately
from the rest of the tone. By this procedure he was enabled to
resolve musical tones up to the 1l6th harmonic. By modern tech-
niques it is possible to direct attention to and then hear com=
ponents of much higher order within complex tones that are rich
in harmonics. There is no longer any doubt about the validity
of Ohm's law. - See, however, reference 33.

Ohm's law implies that the relative phases of the har-
monic components of a complex tone have no effect on its tonal
quality. Helmholtz also investigated this question with musical
tones and found no phase effects.* The ear in effect thus trans-
forms the incoming complex tone into a line spectrum, rejecting
whatever information might be carried by the phase relationship
between the components.

Ordinarily we think of a line spectrum as a chart on
which the Fourier components of a periodic function are represented
by the length of vertical lines placed in sequential order on the
axis of obscissae at equally spaced intervals. Except for phase
such a chart is an accurate pictorial representation of a
periodic function. Since all the harmonic components occupy an
equally prominent position in such a chart, it also gives a well-
balanced picture of any periodic function in which all the coum-
ponents are of equal importance. But such is not the case with
regard to the components of a complex tone as perceived and
evaluated by the ear. ‘

While Ohm's law states that a tone is perceived as the
sum of its harmonic components, it tells nothing about the rela-
tive amount that each contributes to the production of a particu-
lar tonal quality. Obviously any components lying outside of

* For interesting exceptions to this rule under a n;mse; ;fg *- d
special conditions.the reader should consult a paper by Matheg
and Miller, J. Acoust. Soc. Am. 19, 778 (1947).

]

audible range could contribute nothing, but how is the importance
of the components lying within this range weighted by the ear?

A casual observation reveals that the weighting is not uniform.
Consider, for example, a 100 cps tone that is rich in harmonics
up to several thousand cps. It would be found that the elimina-
tion of a component near the top of the range would alter the
quality of the tone very little in comparison with the change
that would be produced by elimination of the second or third
component., Likewise the difference between two tones in one of
which the second and in the other of which the third harmonic

is missing is much greater than the difference between two tones
in one of which the 29th and in the other of which the 30th com-
ponent is absent. In other words a single low frequency com=-
ponent has in this case as much effect on tone quality as a whole
group of high frequency components. This fact suggests that a
graphical representation of a steady complex tone most repre=-
sentative of what the ear perceives is one in which the audible
frequency range is divided into bands that are of equal importance
in their effect on tone quality and in which the mean total power
in each of these bands is plotted against band order number. In
addition to the power distribution the chart should in some way
show the fundamental frequency of the tone. This requirement
will be discussed further in a later paragraph. Since sound is
perceived by the ear approximately in accordance with Fechner's
law, the power values should be shown in decibel or other logar-

ithmic units.

From the above discussion and from our general feeling
that an octave represents the same pitch interval at all parts
of the musical scale, we might easily conclude that bands of
equal importance for quality would cover equal pitch intervals;
but all pertinent experimental data on hearing suggest a somewhat
different frequency division. A relatively simple scale, express-
ible in objective terms, that fits the subjective characteristics
of the ear remarkably well over the frequency range of importance
to speech intelligibility, i.e., 200-7000 cps, is one proposed by
W. Koenig.1l0 This scale is linear in frequency below and logar-
ijthmic above 1000 cps. Over the stated frequency range it has
the property that equal intervals anywhere along the scale repre-
sent an equal number of just perceptible steps in pitch, an equal
number of mels*, equal fractions of the critical bandwidths*, and
bands of equal importance in respect to the intelligibility of
speech. There are also some direct experimental data indicating

% The mel scale is a subjective scale of pitch based on the judg-
ment of fractional values of pitch intervals. - Stevens, Egan,
and Miller, J. Acoust. Soc. Am. 19, 775 (1947) .

+ A critical band is defined as the minimum band of white noise
that will produce as much masking of a pure tone of mid-band
frequency as a broad band of the same noise. - H. Fletcher,
Speech and Hearing in Communication, D. Van Nostrand, Inc.

(1953) p.171.
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that bands of frequency on the Koenig scale represent bandfudg_
contributing equally to the perceived quality of a tone., -
ment tests were made with a 100 element tone synthesizer o of
the effect on tone quality produced by elimination of g%ﬁups P
harmonics in various parts of the frequency spectruf. ghege
thesizer was set to develop harmonics of 100 cps. While o
tests were not so extensive as would have been.desirable, e .
data obtained with three or four observers indicated thit o;-
monics grouped within equal intervals of the Koenig sca i ?‘n
tributed equally to the gquality of the tone. In the fol ogl §
discussion we shall therefore consider power level (db) value
in equal bands, i.e., in equal intervals, of this scale.

Before modern electro-acoustic instruments became ayal}-
able, much effort was spent in making Fourier analyses of typgcaﬁ
cycles in vowel records by mechanical or graphical methods. ouc »
studies have also been made of oscillographic records produced
by modern high quality instruments. This procedure pecome§ very
tedious when the number of harmonics is as large as it is in t@e
vowel sounds. This difficulty was overcome %n the elgctro-optlcal
method of analysis developed by C. F. Sacial?, 1In this method,
as applied by Crandall and Sacia’ to the study of vowel'sog‘ndsD
records were made of the vowels on strips of photographic film
with a high quality microphone, amplifier, and oscillograph.

The record of a particular vowel so recorded was reproduced
electrically in quick repetition by specially designed equipment.
The generated current was studied by means of tuned circuits..
From these measurements an amplitude-frequency spectrum was ob-
tained of the complete vowel as spoken instead of that of a
typical cycle. Since the publication of the work of Crandall and
Sacia a number of other types of current analyzers have been
developed for use in the study of acoustic problems. In most of
these instruments the selective circuits have been designed to
give band-pass filter rather than resonant circuit characteristics.
Some of them are of fixed band-width, of which those operating

on the heterodyne principle are typical. In other analyzers the
band-width is varied with the mid-frequency of the band. For
example, of the set of 1 band-pass filpers in the analyzing
equipment used by Sivian 3 for the statistical study of speech
power, those transmitting below 500 cps had a band-width of one
octave while the rest had a band-width of a half octave. More
recently Stevens, Egan, and Millerlé also usgd,.ln effect, 13
band-pass filters for the study of speech. Their filters were
designed to effect a division of the speech power into frequency
bands of equal width on the mel scale. This scale, as we have
noted, closely approximates the Koenig scale through the speesch

frequency range.
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Thus far we have considered only the analysis of a
steady tone, but the best form of representation of the way the
ear perceives a steady noise also is a chart showing the power
level in bands of equal width on the Koenig scale. This conclu-
sion is based on the results of studies on the loudness and mask-
ing of this type of noise; pertinent particularly is the fact
that the critical bands are of equal width on this scale.

We have devoted several pages to discussing the visual
representation of steady state sounds, but speech sounds are
mainly transient in character. Only for short intervals of time
are there any stead{ portions. However, according to Burck,
Kotowski and Lichtel5, experimental data on short pulses indicate
that there is no fundamental difference between the ways in which
the ear analyzes a tone and a transient. For a tone the analysis
gives a Fourier series and for the tramsient a Fourier integral.
We can therefore assume that the same type. of analyzer can be
used for obtaining aural type of information on both steady and
transient sounds.

The schematic form that such an analyzer might take is
shown in Fig. 1. This is in principle the same as that of the
apparatus used by Crandall and Sacia7 for their vowel studies.

A microphone is connected to the input of each of n filters which
together cover the speech frequency range. The output of each
filter is led to a separate level recorder. Means have to be
provided for keeping the recording papers of the bank of record-
ers moving in synchronism so that corresponding instants of time
will be identifiable on all the records.

While it is true that the type of analyzer shown sche-
matically in Fig. 1 may be used for the analysis of speech as
well as for steady sounds, the filter requirements are generally
different. The steady state filters should preferably have sharp
cutoff characteristics. As we shall see, transient oscillations
in filters of this type are relatively large and decay slowly so
that they can mask important details of the filtered speech cur-
rents. This possibility must be avoided in the design of the
speech filters.

It is well known that the rate at which the output
current of a filter can be varied is inversely proportional to
its transmission band-width. The choice of band-widths in the
design of the speech filters must therefore involve a compromise
between the maximum time rate with which the output current of
the filters can follow changes in input level and the precision
with which the distribution of power over the frequency range
during the relatively steady parts of speech can be determined.
This compromise must be based on both the physics of speech and
the sensory characteristics of the ear. :
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In the following discussion of electrical networks
and equipment we shall find it convenient to use the terms
frequency-response and time-response. The former we define as
the difference in level between the output and the input pOwer
expressed as a function of frequency, and the latter as the
transient output current that follows a change of unit input
voltage.

A general treatment of transient oscillations in wave ,.
filters is given in a highly technical paper by Carson and Zobel™™,
to which the reader interested in the fundamental aspects of these
phenomena is directed. Their conclusions are applicable to all
types of selective circuits, although they treat particularly the
case where the wave filter is terminated in an impedance equal
to its own characteristic impedance. Under these conditions it
has a sharply defined transmission band, but, as they remark,

"its selective properties are essentialiy properties of the steady
state only".

We can get a broad concept of the general nature of
transient currents in filters from actual records of such currents
in practical filters of known frequency-response. Fig. 2 shows
the frequency-response of several band pass circuits. These are
all plotted so that zero on the scale of abscissae corresponds
to the mid-band frequency, and one to the frequency at which the
response is down 3 db from its value at mid-band. This latter
frequency will be called the cutoff frequency and will be symbol-
ized by w, for all filter type networks considered in the follow-
ing discussion. The curve marked "a" shows the transmission of
a well designed filter having low attentuation inside and high
attenuation outside the nominal transmission band. This band is
the half octave from 500 to 700 cps. Fig. 3a shows the time-
response for this filter when the input power at mid-band frequency
is abruptly lowered by 60 db. This record was made with a high
speed level recorder, which will be described in a later section
while the filter was terminated in a resistance numerically equai
to its characteristic impedance. The dotted curve shows the rate
at which the current level in a simple series circuit, tuned to a
frequency of 600 cps and having a band-width of 200 cps, would
decay. The curve "b" of Fig. 2 shows the transmission éharacter-
istic of a heterodyne sound analyzer having a crystal filter of
75 cps band-width. The decay curve of the output level when the
input voltage was suddenly reduced by 60 db is shown in Fig, 3p
The voltage in this test had a frequency of 1000 cps, to which )
the mid-band of the analyzer was set. The dotted curve gives th
rate at which the current level would decay in a simple series y
tuned circuit having a resonance frequency of 1000 cps and a
band-width of 75 cps. The frequency response of such a resona t
circuit is shown by R in Fig. 2. The foregoing response curVeg
show that a simple resonant circuit is relatively fast actin b
has low selectivity, whereas the classic filters have frequegcyut
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responses approaching the "ideal" but exhibit transient currents
of relatively long duration. Neither type of selective network
appears to be satisfactory for use in the dynamical analysis of
speech sounds. The problem of finding a type of filter which
will have a fast time=-response with the least sacrifice in
sharpness of cutoff will be discussed in the next section. For
the moment we shall assume that filters of optimum properties
are available and consider some of the other requirements that
the analyzing apparatus must satisfy.

Since the ear response is independent of the phase rela-
tion between the components of a tone, the readings of the record-
ers connected to the output circuits of the filters should also
indicate the value of a function of the components that is inde-
pendent of their phase. The only function that satisfies this
requirement is one that depends upon the mean value of the power.
The term mean as used here requires some clarification. If the
mean power readings were to show no variation with phase whatever,
the power would have to be averaged over an infinite time period
or at least over the duration of the signal; but then the read-
ings would not show the significant temporal variations in power.
On the other hand, if the power were averaged over a very short
time interval, the readings would indicate practically the in-
stantaneous values of power, which would not be independent of
phase. We can put the matter in another way by saying that the
recorder on each channel should record the envelope of the power
wave, but we need to specify how closely it should follow the
finer details of this envelope. Here there are two determining
factors. The record must show the power variations in sufficient
detail to indicate qualitatively whether the power is predominantly
periodic .or random, i.e., whether it corresponds primarily to a
tone or a noise. If we want to be sure that the capabilities
of the filter can be fully exploited, the recorder must be able
to follow closely its time-response.

Previous studies on speech intelligibility have shown
that the components of speech sounds which contribute to its
intelligibility may have power values that extend through a range
of 50 or 60 db., Because of this wide range of power levels which
the recorder must comprehend and the fact that the sensory per-
ception of the ear obeys the Weber-Fechner law approximately,
the recorder should operate on a logarithmic scale, preferably
divided into conventional decibel units.

From previous studies we also know that speech waves
are unsymmetrical and that the peak power in a period of thesi
waves may be 10 to 15 db above the mean power for the period.i7
The recorders must be designed so that they will indicate cor-
rectly the mean values of the power in waves of this character.
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Filter Design

An "ideal®™ filter may be defined as a four-pole net=
work which has no attenuation within a certain frequency band
and infinite attenuation outside this band. The flat frequency
response in the transmission band implies that within this
interval the time delay in the filter is independent of fre-
quency and a signal would be transmitted without distortion of
wave-form. However, the "ideal" filter cannot_ be realized
exactly, not even theoretically. There will always be a.transi-
tion interval between the pass ang no pass regions in which there
is considerable phase distortion. 8 fThis phase distortion 1in the
cutoff region can cause delayed transient currents of consider-
able magnitude, such as those shown in the time-response curves
of Fig. 3, whenever any part of the power in the signal falls
within this frequency interval. Therefore in the design of band-
pass filters that are to be used for subdividing power covering
a wide frequency range in a random manner, Such as that of speech
currents, a balance must be sought between sharpness in frequency
discrimination and freedom from delayed transient currents.

An analyzer of the type shown in Fig. 1 comprises a
set of band-pass filters; but in trying to determine the optimum
attainable properties of one of these filters, we shall first
consider the simpler low-pass filter. Afterwards, ‘band-pass
filters of equivalent characteristics and of desired mid-band
frequencies will be derived by simple transformations.

The problem of designing this low-pass filter so that
it may have the best possible characteristics is quite similar
to that of designing a video amplifier. Amplification is of
course not a requirement in the filter design, whereas it is the
prime function of the video amplifier; also the frequency ranges
covered are far different, but in both cases the following :
properties are desired: a flat frequency response and the fastest
possible time-response with limited overshoot in the operating
frequency band, and negligible response outside this band. 1In
the design of the filter we can therefore benefit by recent
studies of video amplifiers. Of Rarticular interest is a paper
by Kallmann, Spencer, and Singer. 9 These investigators studied
the frequency and time-responses, and the delay time character-
istics of many types of both physically available and hypothetical
interstage coupling networks. From their data one can at least
surmise that a filter having a frequency-response approximately
that of a Gaussian probability function would incorporate the best
possible compromise of the desired properties as stated above.

: The frequency-response of a Gaussian low paés filter
is given by the expression (o )2

@
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where A, is the dc response and W, is the frequency at which
A = A,/e, a disposable constant. The cutoff frequency, ¥, of
this ?ilter is equal to 0.589 we. The frequency-response is
shown graphically as a function of w/wc by G in Fig. 2.

. It can be shownl? that the time-response of this filter
is

-d =S
E 2[1+9(2)]Ao

where @(x) is the error integral, an odd function, for which the
values may be found in books of mathematical tables. The time-
response as computed by this formula is shown by the dashed
curves of Fig. L and Fig. 5, respectively in linear and in
logarithmic %db) units., The transition curve in linear units
is seen to be symmetrical with no oscillations or overshoot.

We shall appropriately at this point refer to some of
A. Gabor's work on communication theory?0. R. V. L. Hartley?
in 1928 had already shown that the measure of the capacity of a
system for transmitting information is the product of the width
of its frequency range and the time that it is available. Gabor,
interested in obtaining a quantative definition of the elementary
datum of information in a signal, showed that, if Af is defined
as the root mean Square frequency-width and At as the root mean
square duration of the power of a pulse, then there is a definite
minimum value below which the product Af x At cannot be brought.
He furthermore showed that the product has this minimum value if
the pulse has the form of a Gaussian probability curve. This
form of pulse has a number of otheg properties which are of special
interest in the communications art 2; one of these is the self
reciprocal character of its Fourier ¢ransform?3. Its time and
its frequency patterns are therefore both of the probability
form. For this reason and because a unit infinitesmal pulse has
a uniform spectrum, it follows that, if such a pulse is applied
to the input of a Gaussian filter, the resulting output will be
a pulse of probability form. By the principle of superposition,
which holds for a linear system, any signal voltage applied to
the input of the filter can be expressed as the integral sum of
corresponding probability pulses, having the minimal properties
pointed out by Gabor.

While Gabor's definition of pulse duration and Kallmann,
Spencer, and Singer's -definition of transition time may not be
most representative of the way these properties are perceived
by the ear, we can nevertheless be reasonably sure from the
analytical studies of these investigators that a filter of optimum
characteristics for speech analysis will have a frequency-response
that is not far from Gaussian in form.
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If a unit pulse were applied to a Gaussian filter, 7 in which & = 5 = 3 3
the resultant output pulse would stretch from -co to +® in —
time. This fact shows that such a filter could be realized _
only in a circuit having an infinite number of elements or in g w.2 = @ 2 _ A2
an infinitely long line. The range of both levels and frequeni pom - | 1 -
cies that are of interest in speech analysis are limited. It Sd
possible to obtain Gaussian characteristics over these.rgstrictg —~ - 2l -1 A
ranges to any desired degree of approximation with a finite number ® = sin 24 = tan T
of iigguit elements., One pr%ﬁedure for accomp%ishlng ?h:sczggade i e 1
is indicated by C. E. Cher; who suggests the use O ] 5
amplifier with resistance-§Zpaéitance igterstage couplings and Snial If this one stage is coupled to a second stage with a_sim11a§
shows that, if the anode resistance is high compared with the ) network, then- the time-response of the combined stages may De

network impedance, the frequency-response of the amplifier Will found by application gf the principle of superposition through
approach that of a Gaussian filter as the number of stages 1is the Duhamel integra12 as follows:
increased. For a good fit over the relatively large level range

]
4

of speech, the required number of stages would be rather large. e 1\

Dr. H. W. Bode pointed out to us that the same result may be E = j Eq(t=2) Eq*(M)ar

obtained with any type of interstage coupling so long as it has i | 2 o 1

a monotonically drooping frgquency-response and Ihat thgrefore B _ﬁ_J n 2

a given approximation to a Gaussian characteristic may be attaine (R L i o; n
in fewer number of stages by the use of more potent coupling net- - s l_®=At cos(01t-91) + % o~8 (BT) Yot sin(w1t-9)
works, After a further helpful discussion of this problem with 7 cos®y

Dr. R. L. Dietzold, we came to the conclusion that an amplifier
with similar series peaking interstage networks afforded the

=

most practicable way of obtaining filters of desired Gaussian
properties. The coupling of 2 triodes by this circuit is shown
in Fig. 4. It is assumed that the anode resistance is large com-
pared with the resistance, R, of the network. If a unit voltage
is applied to the grid of the first tube then the output voltage

- 3/2
in which 9 = tan™t (6Q%-1)/(4Q%-1)

is
ore stages are added, i.e., if the number of stages
ﬁgugggdm with s%milar coupliﬁg net&orks, we can again apply the
Duhamel’integral and get the time-response of the four combined

of the first coupling network will be stages:
1)
2 2_1 N) E.*(N)dM
1 W (w) 2. E = I Ez(t° 2
neae (- T ot

Substituting Eo we get:

/1 w, L ‘ '
where Wy = IC,Q= -ﬁ- = Ef%ﬁ and V, is the output voltage 2Q4 A (2)

= - M ———— e
for dc. If there are n equal stages, then the output Eh L 2.1)3
the nth network will be ’ -n UEPUL ‘Yoltage of (4Q%-1)
2 IR 2 in which
1 ) (@ (w) n ' 2
v = - Sty + "
" 2Q4 Q% ./ 4421 S L1

Prom the solution of the differential equati
circuit we find that, when & unit dc voltage is sgddengg :gpiﬁzd

to the grid of the first tube, the transient output voltage of thQ§-7OQh+lhqz-l 2 zng_292¢! ot - 8 2_1 012t2 --%Q2013t linwlt
Q? J%a

the first network is
2qh /1Q2-1

iy P W R R

W =\
By = [1 - 3? et cos(wyt-9)] .
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: could plotted on a linear ordinate scale, the observed overshoot would

An expression for the time reSponse of %nES fgafﬁeagﬁiéiéfrin- - have been, in fact, the same in the two cases. The difference

be obtained similarly by substitution o licated algebraic @xpres= ?ecomes so conspicuous 1n.F1g° 7 only because the output voltage
tegral, but it would lead to a very coup ;g s this number of ¥ is plotted on a logarithmic scale. Fig. 8 shows the build-up and
sion which would not serve a useful purpo tion of an explicit ex- | decay curves for a four stage filter in which the coupling net-
stages 1s impracticably large. The dirtv?mediate number of stages works have a Q of 0.56. The overshoot is seen to amount to only

ression of the time-response for an hgli therefore study the = a few db even when the drop in input voltage level is as much as
is difficult if not impossible. We s from the data so obtained 50 db. The corresponding curves for a Gaussian filter are indi-
responses of the four stage filter and from rated in - cated by the dashed lines, the two sets of curves having been

decide upon the number of stages that should be incorpo
the speech filter-amplifiers.

arbitrarily brought into coincidence at the 44 db level,

From the theoretical data here presented it appears
that a four stage filter amplifier with series-peaking coupling
networks will have most nearly the optimum characteristics required
for speech analysis if the Q's of the networks have a value of
about 0.56. We therefore decided to use filter amplifiers having
coupling networks of this design in the speech analyzing equip-
ment. Fig. 6 shows that the addition of a fifth stage improves
the frequency-response somewhat. For this reason and because a
three tube twin-triode amplifier requires five coupling networks
anyhow, the filter amplifiers were designed with five series-
peaking networks instead of four.

- filter- |
The frequency-response curves fqr a four-stage 14

amplifier as compgged by (1? are plotted in Fig. 6 fongfgéf£Z£§§t ~
values of Q. w, was in each case set so that the cut”of egc AcYs
wc, had the same value. For comparison purposes the drigﬁe y :
reéponse of a Gaussian filter is indicated by & dashe nsé of
Of the three filters represented in this figure the respo 80 .
the one having coupling networks with a Q of 0.56 comes n?al 4 .
to this line, particularly in the more important r@gion.g OLavin =i
attenuations. The frequency-response of a five stage filter o g
coupling networks with a Q of 0.56 is also shown and is sezg
follow the dashed curve still more closely. Fig. & gives tho

i tion filters as computed by 210
%ﬁ?e;§§3§°2§§3e§§o§3§§§ £§“§ gzgwork Q of 0.6 has a noticeable Having decided upon a general filter design through a

but small overshoot; otherwise all three curves appear to be good study of the low-pass filter, we must now effect a transformation

1]1]4]41.41_.12"4!_'1

a

i i ime- nse curve of a Gaussian filter, r——— in the design so that substantially the same properties will be
aﬁPrﬁxiﬁgﬁﬁgﬁi g; 222 g;?ﬁegeigge of the figure. The highest realized in band-pass filters of selected midband frequencies.
wo;gible value of Q for absolutely no overshoot is 0O.5. Fig. 5 e | The way in which this transformatign is to be made is indicated
ghows the same data plotted with the ordinates on a logarithmic —— very specifically by C. V. Landon?0 in the following words: s
scale in a given low-pass filter a condenser is added in series with

d ) o | each inductance of the proper value to tune it to a frequency,
Regarding the filters to be used for speech analy§§sg R | fo, and if an inductance is added in parallel with every (pre=
we are not so much concerned about the output current resuliing ~ viously present) condenser of the proper value o tune it to
from an increase in voltage from zero vo some finite value as we parallel resonance at frequency, fo, then the band-width of the

|
-

new band-pass filter is exactly the same as the hand-width of the
previous low-pass filter at every attenuation ratio. In the band-
pass filter the freguency, fy, is the geometric mean of any two
frequencies of equal attenuation."” One additional fact should,
however, be stated about the time-responses of the two filters.

If a voltage of mid-band frequency is suddenly applied to the input
of the band-pass filter, the envelope of the output current will
be of the same form and extent as the output current of a corre-
sponding low-pass filter when a dc voltage is suddenly applied to
its input, provided, however, that the band-width of the low=

pass filter is equal tg not the. full but the half band-width of
the band-pass filter.?

i form when the input level is changed from ome
value to another over a maximum range of the order of 50 or 60 db.
A sudden increase in the dc input voltage of a four stage filter

by a factor, m, would produce an output emf,
Eg = el * E4l8) - - - - - - (3)

which were plotted from (3), show the build-
es resulti?%lfrom sugggg chggges in the
age level of a four stage ter-amplifier having
iﬁﬁﬁfilglﬁiﬁiuits with a Q of Os6. There is no appreciable
overshoot in the build-up curves but a rather large, although
brief and well-damped, overshoot in the decay curve for a change
in input voltage of 40 db or more. It may at first seem para-
doxical that there should be more overshoot in the decay than in
the build-up curve since we have assumed a linear system in which
the principle of superposition is valid. If the curves had been

The curves of Fig. 7,
up and decay output voltag
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i f the
We have already decided that the band-widths o

analyzing filters should cover equal frequency intervalgiizéow
and equal pitch intervals above 1000 cps, but have not c
their absogute magnitudes. For a decision on this point w e
refer to pertinent data on the time propertiessof the g:g.the
investigations of Blirck, Kotowski, and Lichte28 show t o
time required for the ear to determine the pitch.of.a tong 150
the middle audio frequency region is about ten milliseconds, o
that the ear can distinguish between successive and simultaneo
onsets of two tones in this frequency region, provided the in- .29
terval between the successive onsets iS ten milliseconds or morfl.ll
Data on the relation between duration and loudness are less uie
because it appears that loudness goes up very rapidly after t et-
onset and then continues to rise more slowly up to aboug a quar
er of a second. According to data published by Munson,’V the
loudness level of a sound in the middle audio frequency region ]
rises to within 20 db of its maximum value in 5 or 10 milliseconds.

From these hearing data we may assume that the time-
response of the filters should be such that the output current
will rise to within 2 or 3 db of its final value in 10 millisec.
Referring to Fig. 8, we see that in the proposed filters this
level is reached when wget is equal to 3.3 radians. But unti% et
is equal to 0.5 radians, there is practically no response. This
interval may therefore be regarded as a time delay in_the signal
that may be ignored. Hence the effective transition interval is
about 2.8 radians. If this transition is to occur in 18 millisec.,

; N g e
then w, must be equal to 280 radians per sec. and f, = 3% = L5 cps.

This would be the band-width of a low-pass filter having the’speci-
fied time-response., The band-width of the corresponding band-pass
filters should be twice this value or about 100 cps,

Eight filters, covering the range from 300 to 1000 in
100 cps steps, have been designed and.constructed in accordanqe
with the preceding general specifications. The several cathgae
resistors were adjusted for zero gain at mid-band grequency in
each stage. The purpose of this hlgh feed-baek ad3u§tment”was
two-fold,to obtain a high plate resistance and low dlstortlogo
The measured frequency-responses of the 300 and 1000 cycle filters
are shown in Fig. 9. The theoretical frequency-responses of )
corresponding band-pass filters derived from a low-pass Gaussian
filter are indicated by the dashed lines. The response of one
of these filters to a 50 db increase and decrease in the input
level, as obtained with the level recorder are shown in Fig. 1#1I,
A comparison of these curves with those of Fig. 3a and 3b shows
the much superior transient performance of the Gaussian type of

filter.
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The Level Recorder

In the schematic drawing, Fig. 1, of the analyzer,
each filter is terminated in a recorder. The prime function
of these recorders is the synchronous registration of the time
variations in the power flowing through the several filters.
Since the band-widths of all the filters transmitting below
1000 cps are the same, the operating requirements for the as-
sociated recorders are the same also. We shall briefly review
these requirements, leaving the recording problem in the higher
frequency bands for consideration in the next section.

We have already noted that the recorder should have a
logarithmic power scale with an operating range of at least 60
db and that it should register correctly the power level of
waves having peak-factors at least as high as 10 db. Referring
to Fig. 8, we see that, when the input voltage of a four stage
analyzer-filter is suddenly increased by 50 db, the maximum
rate of increase in the output power will be about 30 db per
radian. The corresponding rate for one of the five stage
analyger filters would be nearly the same, as may be seen by
comparison with the curve in the same figure for a Gaussian
filter, which' is the limiting form when the number of stages is
increased indefinitely. Since the band-width of the analyzer
filvers is 100 cps, the cutoff frequency, ®q, is equal to 100w
radians per sec., The build-up rate in db per sec. is therefore
30 xAQ0m = 9,500, Similarly we find by reference to Fig. 8 that
the corresponding decay rate is about 6500 db per sec. The re-
corder should thus be able to follow increasing and decreasing
level changes at rates of about 9500 and 6500 db per sec., re-
spectively.

The record should preferably be produced in rectangular
coordinates with time as the independent variable and in im-
mediately readable form. It should be permanent and not smudge
in handling.

A consideration of the various possible types of level
recorders led to the conclusion that these requirements could
be most easily satisfied in a servo-operated device with an
angularly deflecting moving coil drive of the type used in ordi-
nary dc ammeters. The design carried out on this principle is
shown schematically in Fig. 10. Instead of the usual rectangular
coil, a round one is used. While the rectangular coil can theo-
retically have a greater ratio of torque to moment of inertia
for a given power input, the round coil can more casily be wound
compactly to daccurate dimensions and be given the rigidity neces-
sary for withstanding high accelerating forces,
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of these filters to a 50 db increase and decrease in the input
level, as obtained with the level recorder are shown in Fig, 11,
A comparison of these curves with those of Fig. 3a and 3b shows
the much superior transient performance of the Gaussian type of

filter,
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of these recorders is the synchronous registration of the time
variations in the power flowing through the several filters.
Since the band-widths of all the filters transmitting below
1000 cps are the same, the operating requirements for the as-
sociated recorders are the same also. We shall briefly review
these requirements, leaving the recording problem in the higher
frequency bands for consideration in the next section.
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in handling.,

A consideration of the various possible types of level
recorders led to the conclusion that these requirements could
be most easily satisfied in a -Sservo-operated device with an
angularly deflecting moving coil drive of the type used in ordi-
nary dc ammeters. The design carried out on this principle is
shown schematically in Fig. 10. Instead of the usual rectangular
coil, a round one is used. While the rectangular coil can theo-
retically have a greater ratio of torque to moment of inertia
for a given power input, the round coil can more easily be wound
compactly to accurate dimensions and be given the rigidity neces-
sary for withstanding high accelerating forces.
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The input leads of the recorder are connected to the
outer terminals of a potentiometer. The grounded one of these
terminals and the sliding contactor are connected, respec?iyeIY:
to the cathode and the grid of the first stage of an amplifier.
The contacting brush of the potentiometer is carried by an arm
which is fixed radially to the shaft supporting the driving coil.
The amplifier terminates in a twin triode used as & full-wave
rectifier. The rectified current is. led directly to the driving
coil without any ripple filter.

While there is no signal voltage on the input, a bias-
ing current flowing through the coil from a source in the control
circuit forces the coil against a stop. When a voltage is ap-
plied to the input terminals, the resulting rectified current
flows through the coil in a direction opposite to the biasing
current. AS soon as the former current exceeds the latter, the
coil will move until enough attenuation is introduced by the
potentiometer to reduce the net current through the coil to zero.
The potentiometer is of logarithmic design so that equal dis-
placements of the brush arm produce equal fractional changes of
grid potential. The angular position of the coil can thus serve
as a measure of the input voltage level in db.

The potentiometer is of the commutator type of construc-
tion with 100 steps of one db each. The bars are wedge=shaped
and made of silver. The taper of the wedges is such that, when
the bars are assembled with sheet mica separators to form the
commutator and this is placed in position in the recorder, the
sheets of mica, if extended, would each pass through the axis of
rotation. The brush does not ride on the cylindrical surface of
the commutator as in the conventional type of dc motor but on
a lateral face whose plane is perpendicular to the axis of rota-
tion. This face was finished by mounting the commutator rigidly

on the face plate of a lathe and taking light cuts with a wide,
hard, and sharp tool. This manner of finishing left no notice-
able burrs at the edges of the silver bars and produced a smooth
contacting surface without observable ripples, a prerequisite

in a potentiometer designed for high speed operation. The com-
mutator is mounted with its face close to the brush arm. This
arm is a metal conical shell, a form that gives it great rigidity
with a low moment of inertia. The brush consists of a pair of
thin berillium-copper cantilever springs with their bases soldered
to the brush arm and the tips resting on the commutator. These
tips are bent into a small U_in order to reduce the danger of
chattering. One spring is slightly longer than the other so that
the brush spans the insulating mica separators between the com-
mutator bars. An enlarged view of a portion of the face of the
commutator and the end of the brush arm with the attvached brush
is shown in the lower right hand cormer of Fig. 10.
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A prime objective in the design of the potentiometer
was chatter-freec operation at low contact pressures. A potentio-
meter constructed as here described was used in the recording of
all the speech data presented in this report. Good contact was
maintained between brush and commutator at the highest operating
speeds with a contact force of not more than a gram in each
spring. No lubricant was ever used, yet the many hours of
operation produced no detectible erosion on either commutator
or brush. Now and then poor contact developed from an acculula-
tion of dirt. Silver sulphide had occasionally to be removed
from the face of the commutator with a mild silver polish.

In addition to the brush arm, the coil carriage supports
an arm for moving a writing pen. This arm is in the general form
of a truncated, thin, conical shell. It is attached at its basal
end to the carriage with its axis perpendicular to the axis of
rotation and extends downwardly to within a palf inch of the re-
cording paper below. Fitting freely, but not loosely, into the
truncated apical end of this conical shell is a tube which forms
the main stem of the recording pen. This stem terminates in the
pen-point at its lower end and in the ball of a ball and socket
joint at its upper end. The pen-point consists of a small piece
of hardened berillium-copper tubing with a rounded end and a 0.25
mm bore. It is press-fitted into the end of the stem. The
length of the pen, from pen-point o the center of the ball, is
made equal to the distance between the paper and the axis of
rotation. The socket of the joint at the upper end of the stem
is supported from a clamp by a second piece of tubing. This
tubing acts as a spring by which the pen-point is pressed against
the paper with a force of 2 or 3 grams. The spring tensioa as
well as the horizontal position of the socket can be controlled
by adjustment of the supporting clamp. Beyond this clamp the
tubing is bent downward into the ink-well, The ball and socket
joint is constructed so as to provide a clear passage for the
ink at all operating positions of the pen arm. The surface of
the ink in the well is kept below the lowest position of the pen-
point so that drainage from the well by siphon action is avoided.
The ink is held in the channel between the well and the pea-point
by capillary action.

The strip of paper on which the power level is recorded
is moved in a direction parallel to the axis of rotatioan with
its center-line directly below this axis. Where the pen rests
on it the paper is curved by being passed through a narrow curved
slit. The center of curvature of this slit coincides with the
axis of rotation so that, as the pen-point is moved across the
paper, there is no longitudinal displacement of the stem of the
pen. The paper is propelled through this slit by a pair of
opposing narrow metal rollers placed close to the ingoing side
of the slit and bearing on the paper along its center-line. One
roller is driven; the other is a spring pressed idler. The paper
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is drawn by these rollers from a 300 foot supply roll. The
lateral position of the paper at the pen is controlled §olelY

by adjustment of the position of the supply roll along 1its d
axial direction. Movement of the paper may be started or stoppe
quickly by a relay through which the idler roller is raised from
the paper against a spring pressure.

The total travel of the pen-point is 5 cm. While it
traverses this distance the potentiometer brush passes over the
one hundred steps of the commutator. A half mm displacement of
the pen-point thus represents 1 db.

For some measurements paper ruled in cm squares with
mm subdivisions was used but the speech records were all taken
on paper having only longitudinally ruled lines spaced at 0.5 cm.

Fig. 11 is a drawing of the electrical circuit of the
recorder. A 3-stage feed-back amplifier is followed by a phase
inverter stage and a twin triode full-wave rectifier. E is the
power supply for the coil biasing current. The two rheostats,
which are adjustable by a common shaft, control the pen speed
and thus the degree of smoothing of the input power. The resist-
ance values in the potentiometers were so selected that the
steady state readings of the recorder are independent of the
potentiometer settings.

For the study of peak-factor errors in the recorder
a peaked wave generator, schematically shown in Fig. 12, was
constructed. In this generator an oscillator is connected
across a resistance, R], a battery, Ej, and a pair of diodes
poled so as to oppose current flow from the battery. ' The input
of an amplifier is shunted across the resistance. Vith the bat-
tery set to a particular value a voltage output having a wave
of the general form indicated in the upper right-hand cormer
of the figure will be developed whenever the peak value of the
oscillator voltage exceeds the battery emf. The peak factor of
this wave can be controlled by adjustment of the battery and
oscillator voltages. :

The circuitry shown in the figure to the right of the
amplifier is used to measure the peak factor of the wave. A
thermo-ammeter in series with a resistor, R2, is connected
across the output, Its reading multiplied by the resistance
gives the rms value of the output voltage. By the closing of
Switch, S, a second shunt circuit is placed across the output
terminals of the amplifier, comprising a small resistance, R
the resistance, Rp, of a voltage divider, and a diode rectifier
opposing current glow from the battery, E2. A sensitive oscil-
loscope is placed across the resistance, R3, and a de¢ voltmeter
across Rp. In the measurement of the peak voltage Rp or E; are
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varied until the oscilloscope barely indicates a flow of current
through R3. The reading of the voltmeter will then be the peak
value of the output voltage. After the peak factor of the wave
has been thus determined, this measuring circuit may be dis-
connected by the switch, S, and the terminals a and b used as a
source of voltage of known peak-factor.

For the measurement of peak-factor errors in the re-
corder the driving coil, with a milliammeter inserted in series,
was held fixed somewhere near the middle of its scale. A sine
wave voltage was first applied to the recorder and its value
adjusted until the coil current was zero. The rms input voltage
was then read with a thermo-ammeter connected in series with a
known high resistance. Next a voltage having a peaked wave of
known peak-factor, generated as described in the preceding para-
graphs, was applied to the input and its level adjusted to a
null coil current as before. The thermo-ammeter was then again
read. The difference in level between the two thermo-ammeter
readings is equal to the level error in the indications of the
recorder, The recorder circuit was adjusted so that this error
was negligibly small for peak factors up to at least 10 db. 1In
this condition it was used for obtaining all of the speech data
here reported.

Fig. 13 shows the writing speeds of the recorder in
its final state of adjustment, as it was used for the speech
analyzer. The records reproduced in this figure were obtained
when a 1000 cps input voltage was suddenly increased and decreased
by 50 db. The Roman numbers attached to the 8 different records
refer to the corresponding speed control potentiometer settings.
The numbers given alongside of the build-up and decay lines are
the respective build-up and decay speeds, as derived from the
slopes, in db per sec. The space between two horizontal lines
represents 10 db. An equal distance in the horizontal direction
represents 0,02 sec.

It will be noted that at the highest recording speeds
there is a considerable amount of over-shooting, but Fig. 8 shows
that when a voltage is suddenly applied to one of the filter ampli-
fiers, with which the recorder is used for speech analysis, the
output rises rapidly at first and then more slowly as the equili-
brium value is approached. When this filter output voltage is
applied to the recorder, the over-shoot is small as may be seen
from the records shown in Fig. 14, which correspond to those of
Pig. 13 except for the interposition of the 1000 cps filter be-
tween the oscillator and the level recorder.

The build-up and decay rates of the filters measured
with the recorder are in good agreement with the theoretical
values previously given in this section.
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In the records of Fig. 13 the build-up rates exceed
the decay rates. This property of the recorder is here no handi-
cap since the filters exhibit a similar type of behavior. For
recording the level of sound waves having a lower peak-factor
and more nearly equal maximum onset and stoppage rates than those
of speech, the recorder can be set to have high and equalized
build~-up and decay rates and less over-shooting. This fact is
shown by the record reproduced in Fig. 15, but with the recorder
adjusted to yield this curve the maximum allowable peak-factor
was only 5 db.

We have considered the problem of pen speed in some
detail but have barely mentioned pen acceleration, yet high re-
cording speeds are of little avail if much time is consumed in
reaching these speeds. The build-up and decay curves show that
in this recorder the maximum speeds are, as a matter of fact,
attained in a negligibly short time, particularly in the more
important case of the build-up. A related but perhaps more
serious problem is that of over-shooting, for when the recorder
is set for highest pen speed, we depend upon the special filter
characteristics to keep the over-shoot within acceptable bounds.
It appears at present to be the limiting factor in the pen Speed.

If the recorder has been properly engineered circuit-
wise, the over-shoot will be inversely related to the electrical
damping of the moving system, which is determined primaril by
the ratio B2/I, where B is the effective flux density in tge air-
gap and I is the moment of inertia of the moving system. This
ratio should therefore be made as high as practicable.

If a well-defined continuous inked line is to be obtained

at high writing speeds, the pen and its carriage must be kept
free of perceptible resonance vibrations. Because of the re-
quirement of high structural rigidity that this condition imposes,
a reduction in the moment of inertia below the L or 5 gm ca? of
the present recorder looks difficult,

Increasing the magnetic field strength to improve the
damping is an attractive idea because its effect is proportional
to the square of the flux density, but a sizable increase above
the 12,500 gauss of the present recorder might be costly and re-
sult in a bulky instrument.

A more effective procedure would be to reduce the scale
factor of the recorder. A one db change in level might be re-
presented by a deflection of 1/4 instead of 1/2 mm. This smaller
scale would be no great handicap for many types of level measure-
ments, particularly if the pen were modified so as to produce g
Somewhat finer line. As an illustration of what might be done
let us consider the following changes: reduction in the length
of the stem of the pen by one-half, the moment of inertia of the
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pen and its driving arm would thereby be reduced to 1/8 of its
present value; reduction in the diameter of the coil by one-half
while its cross-sectional area is doubled, this change would re-
duce the moment of inertia of the coil to 1/4 of its present
value, If the same sized wire were used, the resistance of the
coil, the back emf per unit angular velocity, and the torque

per unit of current would remain the same. This driving unit
could then be used in the present circuit and the speeds, ex-
pressed in either radians or decibels per second, would be un-
changed; but the moment of inertia of the moving system would have
about 1/4 of the present value, the accelerations would conse-
quently be higher, and the over-shoot in db would not be more
than 1/, as great.

If a recorder is to be capable of following level varia-
tions that take place at a certain maximum speed, then its re-
sponse to a sudden increase in input level must be faster than
this speed for the same reason that the response to a sudden change
in input voltage is slower for two similar filters used in cascade
than it is for either one of them used separately. The amount of
this required excess of speed, if the recording errors are to
remain within tolerable limits, depends upon the character of the
time-response of the recorder. If, for instance, this were similar
in form but twice as fast as that of one of the filter amplifiers
which we have been considering, then the maximum rate of level
variations that would be indicated by the recorder following a
sudden change in level at the input of the amplifier would still
be found to be about 10% less than the actual rate of change of
level at the input of the recorder.3l On the other hand, if the
operation of the recorder were such that a change in input level
equivalent to one step of the input potentiometer produced the
same unbalance in the coil current as would a sudden ‘larger change
in level, the required excess of speed would be practically zero.
The level recorder here described comes near to operating in this
latter way, for, with the recorder set just as it was used for
making the speech records, a change of only six db in the imput
level develops the maximum torque in the driving coil.

System Design and Experimental Procedure

By deliberating upon the filter characteristics and the
time properties of the ear we have already concluded that in the
proposed speech analyzer the filters transmitting below 1000 cps
should have band-widths of 1000 cps and those t;anspitting above
this frequency, band-widths equal to 10% of their mid-band fre-
quencies. If, with this stipulation, the equipment were set up
strictly in accordance with the schematic drawing of Fig. 1 and
if the frequency range from 250 to 6500 cps were covered by
filters with adjoining transmission bands, more than 25 filters
and recorders would be needed. In order to avoid assembling this
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mass of equipment we followed Sacia's12 procedure of making a
record of the speech sound to be analyzed on a belt loop and
then reproducing it, not simultaneously through the whole bank
of filters, but successively through a single filter of which
the mid-band frequency was shifted the appropriate amount be=
fore each repetition. The filter amplifiers are very adaptable
to this scheme so long as the band-widths are fixed, for in
this case a shift can be made, without any alteration in filter
characteristics, from one mid-band frequency to another, by a
change only in the tuning coils and capacitors of each stage.
Fig. 16 shows how this is done in one coupling network by a two
pole rotary switch. A similar switch was provided for. each of
the other four networks of the filter. All five switches were
operated from one common shaft. The fixed circuit elements, R,
L, and C in each network were set for a Q of 0.56 and a ban&-
width of 100 cps. The inductorsand capacitors controlled by
the gang switch were fixed at values that permitted setting of
the mid-band frequencies at the hundreds from 300 to 1000 cps.

Above 1000 cps the band-widths should vary proportion-
ally with the mid-band frequencies. The circuit elements L, C,
and R, as well as the tuning reactances, would therefore have
to be different for each mid-band setting. This added complexity
would not leave much advantage in the variable filter over a
complete set of fixed filters. The analytical data on speech
above 1000 cps are therefore obtained more simply by the use in
reproduction of a fixed filter and a variable record speed in-
stead of a fixed speed and a variable filter. The analyzer was
constructed on this basis. The filter-amplifier described above,
set for a mid-band frequency of 1000 cps, was used as the fixed
filter. If now, for example, we should with this equipment wish
to determine the speech power in a band having a mid-band fre-
quency, f,, and a width, 0.1f,, we would reproduce the record at
a speed, Sp = l%%g Sy, where S, is the recording speed. Then
the power transmitted by the filter would be a measure of the
power of the original speech wave in the band extending from

095 fo tO 1005 foo

The relation of the power indicated by the level recorder
to the actual power in the original speech depends upon the fre-
quency-response of the complete system and also upon the voltage
developed in the recording head as a function of the record sSpeed
in reproduction. This problem will be discussed further in later

paragraphs.

The recording medium was a loop made from a ribbon
of Vicalloy 0,005 cm by 0.125 cm. This was run as a belt on two
crowned pulleys. In the recording one of these pulleys was
driven by a quiet, smooth-running induction motor through stepped
pulleys and steel belts .005 cm thick and .125 cm wide. These
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steel belts formed virtually a rigid coupling between the motor
and the record medium. The linear speed of the record was about
50 cm per.second. The total length of the loop was 90 cm so
that speech sounds lasting about one and a half seconds could

be comfortably recorded on the loop.

In the reproduction the record was again driven by a
similar motor but the mechanical coupling between the motor and
the record had, in addition to the steel belting, a variable
speed drive. This drive comprised a pair of similar truncated
hardened steel cones mounted horizontally with opposite orienta-
tion, axes parallel, and small clearance. When a steel ball is
placed in the valley formed by these two cones, then, if one of
the cones is turned, motion will be imparted to the second one
through the ball. The axis of rotation of the ball will be
parallel to the axes of the cones. The transmission is without
sliding friction; it consequently adds only a small load. The
transmitting speed is varied by moving the ball along the valley.
This combination gives a smooth transmission, but the maximum
load that can be transmitted by it is rather small since, as
described, the contact pressures are derived solely from the
weight of the ball. For larger loads the ball can be fitted
with a shaft with its axis in line with the axis of rotation
through which an additional force can be exerted and the load
capacity increased. The range of speed ratios obtainable in the
drive as it was constructed is 6,5 to 1l.

The frequency modulation experienced in the reproduced
sound as a result of the combined actions of the recording and
reproducing drives was negligible as determined by instrumental
observations on a recorded and reproduced oscillator curreat of
6000 cps. The principal flutter component, which had a fre-
quency of 60 cps, was introduced by the motor itself.

The biasing current used in recording had a frequency
of 100 kc and was filtered to a high degree of purity. . The same
head was used for recording and reproducing. Its performance
was exceedingly stable. Variations in the combined recording
and reproducing response during the course of the measurements,
extending over the greater part of a year, did not exceed a few
db at 6000 cps, provided the face of the pole-pieces and the
tape were kept clean. The pole-pieces showed practically no wear

at the end of this period.

The type and magnitude of the non-linear distortion
introduced by the recording process is-depicted by Fig. 17. The
data for the curves there shown were obtained after the response
of the system had been equalized in the frequency range extending
from 200 to 1000 cps. With the recording biasing current set
to a value intermediate between the optima for high and for low
frequencies, a 300 cps current was recorded and then reproduced
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successively through the 300, 600, and 900 cps filter amp}lflers.
The output level in each case was noted. From these readings
the relative strength of the fundamental, and the second and
third harmonics were determined. These measurements were re-
peated at various values of recording current and the results

plotted in Fig. 17.

If the speed of the record carrier were held to a
fixed value, both in recording and in reproducing, then the
difference in level between the output of the reproducing ampli-
fier and the input of the recording amplifier added to the free
field calibration of the microphone should be the same for all
frequencies of importance in speech; but since in our plan of
analysis the reproducing record speed is varied inversely with
the recorded frequency above 1000 cps and since a magnetic tape
that carries a record of a particular wave length develops a
voltage on reproduction proportional to speed, this quantity
should be the same up to a 1000 cps and increase at the rate of

6 db per octave above this frequency. The dots of Fig. 18
show overall response measurements made with the tape speed_
equal to 50 cm per sec. in reproducing as well as in recording.
The free field calibration of the moving coil microphone32 which
was used in obtaining all the speech records presented in this
article is included in the response calculations. A mean hori-
zontal line connecting with a line of 45° slope at 1000 cps was
drawn through the plotted points. The maximum departure of any
observed point from this line is 1-1/2 db. This amount of error
was deemed tolerable. If a need should arise: for greater pre-
 cision, any data taken with the system could be corrected in

accordance with this calibration.

A schematic layout of the electrical components and
their interconnections used in the recording of the speech sounds
is given in Fig. 19. Not shown, however, is the 30 k¢ oscillator
and the erasing head to which its output can be connected when-
ever the record belt is to be cleared of any remanent magnetisu,

When a record is to be made, the switch, 5;, is closed,
the microphone is thus connected to the input of a variable gain
amplifier, and S; is thrown to the right, the output of the ampli-
fier is thereby tonnected serially to the 100 kc biasing current
generator, the recording head, and a small resistor shunted by a
cathode ray oscilloscope. No biasing current is delivered by
the generator while its plate supply, Ep, is disconnected by
the relay switch, Sg. The oscilloscope was included in the cir-
cuit for monitoring” purposes. Two horizontal lines were marked
on the screen of the oscilloscope, one below the undeflected posi-
tion of the scanning spot and the other an equal distance above
it. The sensitivity of the oscilloscope-resistor combination
was adjusted so that a sinusoidal current haviang a peak value of
one milliampere would deflect the Spot up to tnese lines. The
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amplitudes of the harmonics that are generated under these
conditions are indicated by the dotted vertical line in Fig. 17.
In the recording of the speech sounds the peak values of the

waves appearing on the oscilloscope screen were never allowed

to go beyond either line. Serious overloading of the tape was
thus avoided. The words to be recorded on a particular record -
belt were repeated several times and the amplifier gain adjusted
to optimum value just before they were actually recorded. The
switch, Sj, was then closed in order to short-circuit the head

and remove further the danger of recording any foreign disturb-
ances, and the tape given a final erasing. Next S¢§ was closed

and current set up in the relay winding, pulling the contacts

to the bottom position. This operation started the flow of
biasing current through the head by connecting the plates of the
tubes in the oscillator to the power supply, Ep. It also removed
the short-circuit from the head, and gave a signal to the speaker,
through the signal light, 4, that the equipment was set for re-
cording. As the capacitor, C, became charged, the current through
the relay weakened until it no longer could hold the relay arma=
ture against the force of the restoring spring. When that hap-
pened, the head was again short-circuited, plate supply was dis=
connected from the oscillator, and the signal light was extinguished.
No current could flow through the head until the capacitor was
discharged by the momentary closing of switch S7. The recording
time interval could be controlled by adjustment of C or Ryj. Before
the record was removed or analyzed, it was reproduced over the
loud-gpeaker, L.S., and aurally tested for any obvious faults by
opening 81 and S, throwing S2 to the right and S3 to the left.

Originally included in the recording equipment was a
pulse generator, by which a short broad-band pulse was recorded
directly after the switch S¢ was closed. This recorded pulse
was to serve as a time mark for lining up the level records
obtained for the various frequency bands of any given sound
record. It was found that this extra equipment was unnecessary
because, when the switch S§ was closed, a pulse having a sharp
build-up in all frequency bands was developed in the amplifier
by induction. This pulse was therefore used as the time mark.
All the speech records were made with the speaker in the anechoic
chamber at Murray Hill, N.J. The microphone was placed at a
distance of 12 or 15 inches from the speaker’s mouth.

There are about 40 standard speech sounds in the English
language. The exact physical structure of any one of these sounds
will depend not only upon the speaker but &lso upon the sounds
that precede and follow it, i.e., upon its phonetic environment.
In order to get a proper concept of the general physical nature
of these sounds we need therefore to study them in relation to
their environment; but obviously consideration of every possible
environment of every speech sound is impracticablie. We therefore
had the problem of selecting for presentation a limited amount of
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successively through the 300, 600, and 900 cps fi 5 conditions are indicated by the dotted vertical line in Fig. 17.
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The output level in each case was noted. From these readlngs r .
the relative strength of the fundamental, and the second an

third harmonics were determined. These measurements were {e-
peated at various values of recording current and the results P

plotted in Fig. 17.

In the recording of the speech sounds the peak values of the
waves appearing on the oscilloscope screen were never allowed

to go beyond either line. Serious overloading of the tape was
thus avoided. The words to be recorded on a particular record -
belt were repeated several times and the amplifier gain adjusted
to optimum value just before they were actually recorded. The
switch, Sj, was then closed in order to short-circuit the head
and remove further the danger of recording any foreign disturb-
ances, and the tape given a final erasing. Next S§ was closed
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If the speed of the record carrier were held to a
fixed value, both in recording and in reproducing, then the " L.
difference in level between the output of the reproducing ampll-

fier and the input of the recording amplifier added to the free - .
field calibration of the microphone should be the same for all and current set up in the relay winding, pulling the c¢ontacts

frequencies of importance in speech; but since in our plan of to the bottom position. This operation started the flow of
analysis the reproducing record speed is varied inversely with biasing current through the head by connecting the plates of the
the recorded frequency above 1000 cps and since a magnetic.tape tubes in the oscillator to the power supply, Ep. It also removed
that carries a record of a particular wave length develops a the short-circuit from the head, and gave a signal to the speaker,
voltage on reproduction proportional to speed, this gquantity through the signal light, 4, that the equipment was set for re-
should be the same up to a 1000 cps and increase at the rate of cording. As the capacitor, C, became charged, the current through
6 db per octave above this frequency. The dots of Fig. 18 the relay weakened until it no longer could hold the relay arma-
show overall response measurements made with the tape speed. ture against the force of the restoring spring. When that hap-
equal to 50 cm per sec. in reproducing as well as in recording. pened, the head was again short-circuited, plate supply was dis-
The free field calibration of the moving coil microphone3? which connected from the oscillator, and the signal light was extinguished.
was used in obtaining all the speech records presented in this No current could flow through the head until the capacitor was
article is included in the response calculations. A mean hori- discharged by the momentary closing of switch S7. The recording
zontal line connecting with a line of 45° slope at 1000 cps was time interval could be controlled by adjustment of C or Rj. Before
drawn through the plotted points. The maximum departure of any the record was removed or analyzed, it was reproduced over the
Observed pOint from this line iS 1-1/2 db'. ThlS amount Of error lo“ld..spealser-9 LoSc, &nd aurally tested for any obvious faults by
was deemed tolerable. If a need should arise for greater pre- opening 81 and S, throwing S2 to the right and S3 to the left.
_ cision, any data taken with the system could be corrected in
accordance with this calibration.
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Originally included in the recording equipment was a
pulse generator, by which a short broad-band pulse was recorded

A schematic layout of the electrical components and directly after the switch Sg was closed. This recorded pulse

their interconnections used in the recording of the speech sounds
is given in Fig. 19. Not shown, however, is the 30 kc¢ oscillator
and the erasing head to which its output can be connected when-
ever the record belt is to be cleared of any remanent magnetism,

When a record is to be made, the switch, Sq, is closed,
the microphone is thus connected to the input of a variable gain
amplifier, and Sq is thrown to the right, the output of the ampli-
fier is thereby tonnected serially to the 100 kc biasing current
generator, the recording head, and a small resistor shunted by a
cathode ray oscilloscope. No biasing current is delivered by
the generator while its plate supply, Ep, is disconnected by
the relay switch, Sg. The oscilloscope was included in the cir-
cuit for monitoring purposes. Two horizontal lines were marked
on the screen of the oscilloscope, one below the undeflected posi-
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was to serve as a time mark for lining up the level records
obtained for the various frequency bands of any given sound
record. It was found that this extra equipment was unnecessary
because, when the switch S§ was closed, a pulse having a sharp
build-up in all frequency bands was developed in the amplifier
by induction. This pulse was therefore used as the time mark.
All the speech records were made with the speaker in the anechoic
chamber at Murray Hill, N.J. The microphone was placed at a
distance of 12 or 15 inches from the speaker®s mouth.,

There are about 40 standard speech sounds in the English
language. The exact physical structure of any one of these sounds
will depend not only upon the speaker but also upon the sounds
that precede and follow it, i.e., upon its phonetic environment.
In order to get a proper concept of the general physical nature
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material of the greatest possible practical value., This objective
was kept in view in the selection of the words and speech sounds
given on page 36. The list contains the consonants and the most
common combinations of consonants placed at the beginning and at
the end of a short and of a long vowel or a diphthong, and about
twenty words with consonants in medial positions. Also included
as separate sounds are ten vowels, six diphthongs, four semi-
vowels, and four unvoiced fricatives, Records were made of this
list of words and speech sounds by four different speakers, two
men and two women, The speakers all had training and a pro=
fessional interest in speech, particularly in its phonetic as-
pect. They were not only familiar with the common faults to be
avoided but themselves spoke naturally with excellent articulation.

The records from which the charts labelled A, B, C, and
D on page 100ff were derived were made respectively by Gordon E,
Peterson, Ph.d., Associate Professor, Speech Department, University
of Michigan, dialect: General American; Malcolm S, Coxe, Ph.D.,
Assistant Professor of Speech, Brooklyn College, dialect:
Southern and General American; Mary B, Coxe, M.A., Speech Thera-
pist, Brooklyn College Speech and Hearing Centre, Brooklyn College,
dialect: General American; Annette Zaner, M.A., Speech Therapist,
Brooklyn College and Beth Israel Hospitai, dialect: Eastern and
General American,

For the analysis of the speech sounds recorded on the
tapes the driving shafts of the tape-loop and of the paper strip
in the level recorder were rigidly coupled through a steel belt,
The linear speed of thepaper was set at one-half the tape speed,
The arrangement and the electrical interconnections of the pPrin-
cipal parts of the equipment are shown in Fig. 19, The switches
S% and S, were left open, and S3 was thrown to the left. For
the analysis of the records on a particular belt, So was first
connected to the loud-speaker for an aural check on the identity
and quality of the records. After this test Sz was thrown to the
left. Thus the variable filter, followsd by the level recorder
was connected to the output of the amplifier, A calibrated ?
oscilloscope was connected across the input of the filter, It
provided a means for makipﬁ certain that the input voltage did
not overload the filter, ext the filter setting giving the high
est_output level reading was found by test and the gain of the )
ampl;fier set so that the level reading for this particular
setting was about 60 db. Level-time records were then made at
the eight different filter settings with the tape running at th
recording speed; afterwards the filter was set at 1000 cps and e
the speed reduced in steps of about 10% down to one-sixth of th
recording speed., A level record was made at each step. In thie
way a level-time graph was obtained for each of twenty-six aqdi E
cent frequency bands of equal width on the Koenig scale, i
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When a complex tone is applied to the input of a band-
pass filter whose transmission band is wide enough to embrace a
number of harmonics, the power output of the filter will have a
periodic component with a fundamental frequency equal to that of
the tone, except for the case, unlikely in speech, where the
sound contains no even harmonics. The records of the voiced
portions of speech exhibit this periodicity more and more pro-
minently with increasing band frequency from 1000 cps on upwards,
partly for the reason that the bands by becoming wider transmit
a larger number of harmonics and partly because the reproducing
speed is slowed down so that the level recorder can follow these
periodic variations more closely. The magnitude of this
periodic variation in power depends upon the amplitudes and
phases of the harmonics in the tone. Hence it is possible that,
because of a slight difference in the phase relationship, the
periodic variations in neighboring bands may differ more than
one might expect. Not too much value can therefore be placed on
the appearance of these periodic variations in the level record.
It shows whether the corresponding speech sound was voiced or
unvoiced and, if voiced, what its pitch was. On the other hand,
the periodic pattern obscures the level of the mean value of the
power, a knowledge of which may be important in the specification
of the quality of the sound. Wherever the periodic level varia-
tions were of high amplitude, a second record was therefore made
with the recorder set for low speed operation thus giving tne
levels of the power averaged over a longer time interval. The
record so obtained was traced over the first one with a pencil,
These traced-in average level values are in most cases easily
identified in the printed graphs.

For the assembly of the records the strip of paper on
which they were inscribed was trimmed down by & special slitter
close to the longitudinally ruled base and 60 db level lines.,

It was then cut into sections so that each piece had oan it the
level-time record in one particular frequency band of one par-
ticular belt, usually two words. The sections belonging to any
one belt were pasted on a card-board, one above the other in

the order of increasing frequency and with the time marks in
vertical alignment. With a ball-point pen other lines were then
drawn parallel to the vertical row of time marks and spaced at

a distance corresponding to 0.02 seconds in the recorded speech
sounds. The cards were then cut apart vertically in order to
contain all the level-time information on one word-only. The
printed charts presented on pages 101 to 220 inclusive were made

from these cards at a reduction in size of three and threec-quarters

to one, The numbers at the top of the charts are decibel values

-of attenuation in the amplifier. The first one of these shows

the attenuator setting at which the record was made and the
second one, the setting at which it was reproduced.
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In the case of the ten vowels average level valugs
for each frequency-band were read from the records. The time
intervals over which the averages were taken are indicated by
the arrows near the bottom of the charts. These average values
are plotted against mid-band frequency in Fig. 20. The level-
scales associated with the graphs in these figures have been
adjusted to a common basis for all the spectral plote so that
equal level indications in a particular frequency band mean equal
speech powers within that band.

The vowels from which the spectra shown in Fig. 20 were
derived were spoken in a conversational manner. An inspection of
the level time charts of these vowels on pages 100 to 110 reveals
a considerable variation in level in many of the frequency bands
during even the relatively short time over which levels were
averaged in deriving the spectra. Because of the difficulty of
determining the proper average values in' these cases, a new set
of vowel records was made, six or eight months after the first
set, for which the speakers were asked to say the vowels in a
sustained manner, although some of them expressed the view that
the short vowels could not be sustained without doing violence
to their characteristic qualities., From these records the spectral
curves of Fig. 21 were derived in the same way as those of Fig,20,
The most interesting fact to be noted here is that corresponding
curves of Figs. 20 and 21 are nearly alike even to most of their
finer detaila. Records were also made of sustained semi-vowels
and unvoiced fricatives., The spectral charts derived from these
records are given in Fig, 22,

General Remarks

The objective of this work was the presentation of
quantitative experimental data on the sounds of speech under
typical phonetic environmental conditions and in a form that
would be most representative of the way in which these sounds
are perceived and analyzed by the ear., It should offer study
material for anyone who is interested in the scientific or engi-
neering aspects of the subject., An interpretive discussion of
the speech charts is therefore outside of the realm of our ob-
Jective, but there are a few special observations that ws should
like to make,

Some of the records show spurts or i
rather unexpected places. Corresponging-sgikgglgggegglggwggpégr
in most of the bands. This spreading of the power in frequenc
indicates that the spurts are of short duration. They are noty
fau}ts in the record material, at least not in most cases, butg
incidental noises that are generated in the mouth of the épeaker
{P Some records these spikes occurred in places where it was dif.
ficult to tell whether or not they were part of the speech sound-
In these cases the particular speech sound was re-recorded It °
1s believed that in the remaining records wherever these Spikes
occur they come in parts of the record where they are not easi]
mistaken. For this reason and because they illustrate the t 1y
character of some of the noise that accompanies the productigp gal
Speech, these sounds were not .recorded. n of
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An objection often raised against the resonance theory
of hearing is that some of the properties of the ear, such as
the great speed with which it can determine the pitch of a tone,
would demand a highly damped resonance system; while other of its
properties, such as its ability to sense small changes in pitch,
would demand a system of low damping. Since these requirements
seem to be incompatible, it has sometimes been assumed that the
ear accommodates it s effective damping to the requirement of the
moment. However, the analyzer here described in its unmodified
form, i.e., in the form in which the 26 filters and recorders
are embodied physically so that they are all in action simul-
taneously, is in an operational sense an artificial ear. It has
no feedback scheme of tuning adjustment, yet it has a speed of
response in every respect comparable with the speed of perception
of the ear and it can determine pitch with comparable accuracy
if the response characteristics of the filters are accurately
known and the recorders are sufficiently sensitive. The pitch
of a pure tone is determined by the level reading of the two
channels having the highest output. When there are several
harmonic components of low order, the pitch is determined by
the output level readings of a proportionately larger number
of channels; the precision with which the pitch may thus be
determined is ultimately limited only by thermal noise just as
it is for the ear in its most sensitive frequency region. If
the tone, like most vowels, contains mainly harmonics of higher
order, then the pitch can be determined rather precisely by the
frequency of the periodic variations in level.exhibited in the
upper bands. This last method of determining pitch corresponds
to that which for the ear J. F. Schouten has termed the residue.s3

We shall not attempt to set up specific rules for the
identification of the various speech -sounds by their level-
frequency-time records. While the vowels, semi-vowels, and the
un-voiced fricatives are identified mainly by their spectrum
envelopes and by the appearance of their level-time records,
whether periodic or aperiodic, it is obvious from a svudy or the
charts that other speech sounds are not always represented in
one particular way. There are generally several factors that
have a bearing on the identification, some or all of which may
play a part in any particular instance. For example, in the
case of the plosives some of these factors are: spikes, repre-
senting clicks, which at a given instant may occur in varying
amplitudes throughout the frequency bands; steepness and character
of the build-up and decay curves of the following and preceding
sounds; and variation in the time of onset of the plosive within
the array of frequency bands.

One can easily distinguish between the tonal and atonal
sounds because the former exhibit periodicity in the power pulses,
which are observed particularly in the higher frequency bands,
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Some voiced sounds exhibit both tonal and atonal qualities at
the same time. In these cases the bulk of the power of each
portion comes in different frequency regions so that it is
possible to study the character of each portion separately.

The time and frequency pattern of a sound may change
considerably with its phonetic environment, and, of course,
reciprocally the environment may be influenced by the particular
sound. Part of the information used by the ear in the identifi-
cation of the sound is then contained in the preceding and
following sounds, in some cases perhaps even the greater part
of the information. These are facts that have long been recog-
nized by phoneticians. Indeed, some people may be surprised
to find as much of a break between successive sounds in speech
as the records show, particularly in the higher frequency bands.

- 33 -
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