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The conventional interpretation of the frequency spectra of vowels is that
perceptional cues for vowel recognition are the correlates of frequency groups
called the formants. Technically, it has been interested, on one hand, to syn-
thesize the formant-like resonance modes having the perceptional impression of
vocality, and, on other hand, to extract physically the parameters from speech
waves, which are due representation of phonems. The short historical review
concerning the synthesis and extraction technique brings us a large number of
experiences, and almost the technical schemes adopted there are some kinds of
analogue type. The dominating methodology, not the simulation by cut-and-try,
cannot be found. In our belief, it was caused from the lack of quality studies
which are fundamental in speech problems. How does the ear perceive the sounds
having resonance modes, and discriminate them from each other so definitely that
every sound becomes meaningful in human communication ? Upon this subject,
we can not find, as far, many in the literature. Despite the importance of their
nature, these problems are too delicate to be solved immediately because the
events in which we are interested happen somewhere far from peripherals of
sensory organs. Thus we are obliged to start our approach at the very beginning
of the problems. The wave which has only single resonance mode takes the ex-
pressional form as

f(1) = Aexp(d + jo)t,

which is often called damped-sinusoid. In the daily life, the ear is impressed by
sum of several such damped-sinusoids, repeating periodically or apericdically.
The wave forms are determined by parameters A, §, and o, and ears can dis-
criminate the difference of wave forms caused by the variation of these para-
meters. Among the parameters. we select two; 4, damping coefficient, and o,
resonant frequency. A, amplitude, is excluded from our consideration because of
its direct relation to loudness. Then the main task in the experiments below is
to reveal the discriminatory behaviors of the ear against the change of 4 and o
in damped-sinusoids. Since the discriminatory behavior strongly correlates to time
condition under which the sounds be compared, experiments are divided into two
parts according to the difference of experimental schemes, iz.e., the first; sheme of
paired comparison where two sounds to be compared are continually presented.
The second; scheme of identification where five or seven sounds of different wave
forms are presented randomly in time at constant pause,
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Experimental Procedure

The repeated damped-sinusoids are synthesized by introducing a narrow pulse-
train with repetition rate of 200 p.p.s. through a selective amplifier tuned at a
single frequency. Time width of each single pulse is about 150 micro-seconds.
In the first experiment, where the scheme of paired comparison is adopted, two
selective amplifiers, one of which is variable in selectivity and resonant frequency,

are used. The equipment to obtain small
variations of these parameters is as fol-
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than 0.69%. This extent of variation in both parameters are also limited in the
loudness aspects. For, changing parameters, especially in the case of frequency,
happens to cause the great enhancement of amplitude of output wave, which
necessarily leads to loudness change. Besides these limitation of variation range,
exhaustive trainings for the subjects are executed to exclude loudness factor from
their judgment of quality difference between two successive sounds each having
duration of one second. In the second experiment, five or seven sounds having
different parameters are recorded in the magnetic tape. The order of recording
is randomized, and the recording levels of each sound are uniformly matched at
a constant level. The time interval between adjacent sounds is three seconds,
and each sound has duration of two-half seconds. The subjects are asked to
identify the reproduced sounds with their memory learned in several preliminary
tryings. In both the experiments, the sounds are impressed into subjects’ ears
through the dynamic receivers with equalizing networks at low frequency. Four
young students having normal hearing acuity take part in listening throughout the
experiments.

Results

First experiment

There are several of data processing methods in the experiment of this kind.
A method we adopted here is only for convenience’s sake and is illustrated in
Fig. 2, where the abscissa represents shifts of parameter and the ordinate re-
presents the percentages of equal judgment. Then the data plotted on this plane
constitute a histogram. From this, we can calculate the standard deviation ¢, and
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call it, “insensitivity” with respect to the
change of the concerned parameter.

Insensitivity to resonant frequency
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are plotted in Figs. 3 (A) and (B). The Fie. 2. Curve of “equal’ judgment
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Insensitivity to damping coefficient

Measurement of the discriminatory insensitivity to the change in damping
coefficients, g, are carried out at several different resonant frequencies. In every
case, the selectivity of the amplifier for the comparing sounds in AB testing
method is kept constant at @=10. The data are plotted in Fig. 4, where the
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abscissa represents the resonant fre-
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identifiability. The highest happens in the case of complexes having the selectivity
of @=50. But the complexes do not show the monotonous relation between identi-
fiability and selectivity. It will be noticed that, in the ensemble G,, which takes
the higher percentages of second order, the band widths of ensemble members are
most close to that of vowel formants.

To reveal the further information about the subjects’ judgment, we manipulate
the confusion matrices as described below. Denote the frequencies of input
sounds by Xx (K=1I, II, ..., N), and the received frequencies by X; (¢=1, 2, ...,
#n). The larger integer of indices monotonically corresponds to higher frequency.
Then we define judgment error by

KK]' = XK - Xie

Restricting our consideration only to the ensemble member on the center position
of frequency continuum, we calculate, in each direction of confusion,” the standard
deviation of judgment error with respect to this member on the center position;
that is, in incoming direction, s, and in outgoing direction, ¢u. The use of these
quantities is practically illustrated in the data shown in Figs. 6 (A) for pure tone
and (B) for complex sound. In both the figures, the abscissa stands for the kinds
of ensemble and the ordinate represents the standard deviation. (The standard
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FIG. 6. Standard deviations of judgment error in two confusion directions, on: in
incoming direction, ¢x: in outgoing one. (A) is for signal ensembles of pure tones and
(B) for that of complex sounds.
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deviation thus calculated may be considered as insensitivity in the test of identi-
fication.) In Fig. A, the inequality ¢.n>ox is remarkable. This is resulted from
the fact that the subjects tend to judge the different sounds as center member
rather than confuse it with other sounds. In other words, the center frequency
is most probable to present itself in the subjects’ responses. This definite con-
fusion trend may be inherently caused by auditory nature of pure tone, which
can be described by the simple position on one dimension. In the case of com-
plexes, as shown in (B), above inequality is not held and general trend is ox>om.
From the above illustration for pure tone, it can be easily seen that in these
cases, the frequencies most probably appeared in the subjects’ responses are not
already at the center position. The most probable frequency shifts onto the other
position having particular band width which corresponds to the value of @ given
to the ensemble. In short, in the case of complexes, the frequency position of each
sound cannot be the only cue for the identification. Of course, the most probable
response depends upon the definitness of quality possessed by each sound. Then
it may be safely said from our data that, in the quality formation of repeated
damped-sinusoids, frequency and band width do not perform such a co-operated
function that the optimum @ is constant throughout every resonant frequency.

Discussion

If the experimental results obtained above have any relation to the human
hearing mechanism, one can suppose a hypothetical model of the auditory system
which does not contradict these results. Customery assumption of auditory system
is that the ear can be considered as the assembly of many parallel-connected
band-pass filters each having different band positions®. These filters also. have
been assumed to have finite band width called critical band width, which was
early suggested by Fletcher® from his experimental data of masking by white
noise. Recently, Zwicker et al.*® found the facts that the sounds having line
spectra also display the critical band phenomena, and their band widths are
several times wider than that obtained from white noise data. To answer the
question why the ear, in spite of its comparatively wide band width, can dis-
criminate the frequency changes of pure tones so sharply as indicated, for ex-
ample, in our results, Huggins® suggested the phase principle in frequency dis-
cremination by band pass filter. Considering further the case where the input
signal was the damped sinusoids, he concluded that the parallel connection of two
or more filters facilitate the discrimination of frequency changes in both pure
tone and damped sinusoid. These propositions may be considered as seemingly
related to our experimental data which reveals the simple relation between quality
discrimination and damping coefficient. If the assumption of the ear being a
linear band-pass filter, is accepted, its transfer function can be written in the
form:

&(t) = 21 Aiexp(8:i + joi)t.
The input wave of damped sinusoid takes also the same form, and the output of

the filter is determined by calculating the convolution integral of these two ex-
ponential functions. Now we assume A;=A,=...=4, and §;=8,=... =08,—this
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does not restrict the generality of our consideration—and that the input consists
of only one reasonance mode as is in our case. At time when the natural vibra-
tion modes of every component filter vanish, the output will be

F(t) = AAoexp (8 + jo)i211/(8 — do) + jlo — wi),

where & is damping coefficient and o is natural frequency of input wave res-
pectively. From this analytical expression, we see that the ouput wave, the vector
sum of each output from component filter, changes its amplitude and phase by
the changes of § and o in input wave.

Now we further assume that the subjects succeeded to exclude the loudness
factor from his quality judgment, then there remain only phase parameter which
probably relate to subjects’ discrimination. In regard to the sensory mechanism
which organize such a number of outputs from component filters, we can also
venture to propose several hypothetical organizing schemes suggested from human
social behavior. One of them is as follows: Denote the phase angle of any one
component output by #; with reference to input, then we assume that the ear
organizes every component so that

(d®)w or ¢ = max(>wi(dhi)w or o),

where w; is the weighting factor for component ¢ One of such a maximizing
operation is to select each w; so that all w;df; have positive value. By this posi-
tiveness of each term in the avove formula, every variation of individual df by
the change of ¢ is uniformly added to get total variation of d@. If this phase
principle and maximizing operation can be taken as a working hypothesis to
illustrate our experimental data, increment of § must result in decrement of d6.
But from the nature of function,

0; = tan ‘o — wi/ 8 — B,

we can not find any tendency that the second derivatives (d(dfi).)s and (d(d0i)s)s
remain constantly negative in the variation of difference values between two dam-
ping coefficients, 6—J,, the former being used in the experiment and the latter
being inferred from critical band width. This contradiction between hypothesis
and experimental result does not necessarily confute the whole hypothesis. For
example, we can say that the phase principle is held, but the organizing operation
is not optimum such as;

d8 = >uidl; — > v;db;
B J

where u;, v; are both weighting factors making every phase positive. In other
words, the ear can not utilize the all phase informations conveyed by every out-
put wave of component filters. It is probable that the components passed through
the superfluous filters perturb the significant components rather than contribute
to overall phase information of output. '

In this connection, we must not overlook the spectral construction of peri-
odically repeated damped-sinusoid. The frequency spectrum of such a sound, having
the shape of something like a resonance curve, consists of many descrete fre-
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quency components placed at a constant interval corresponding to repetition rate.
How the ear perceives the ensemble of many frequency components ? As for the
loudness, it is said that the ear summs up the loudness of each component. This
sensory operation is very simple. The sensory phenomena, which can be illus-
trated by such a simple principle, usually show the larger DL in the larger
physical dimension. The spectral informations, which seems most directly correla-
ting to the quality discrimination of the subjects in our experiment, are the posi-
tion and dispersion of spectra. The data show that the DL’s for the spectral
configuration become larger as the components distribute wider. With reference to
this, it can be inferred that the spectral dispersion on the frequency continum
may be transformed psychologically into the extent in Euclidean space. Physio-
logical facts, which are accompanied with these psychological discrimination of
DL, seems relatively peripheral. As the data of our experiments by identification
judgment indicate, pure tones, which behave as having smallest DL, do not convey
the maximal information for the best identifiability. The discrimination, which is
executed, for example, with the continually successive two sounds, will not necessi-
tate the quality judgment of higher level. The speech qualities which are funda-
mental in communication, must be identified isolately in time, then presumably
necessitate the sensory activity of higher level. The quality which is recognized
by subjects in the first experiment is not the same as that in the second experi-
ment. However, it can not immediately be determined if these two qualities must
be treated in the manner of, for example, Dualism. This important problem is
left for further study.

Summary

We made here some approach to the problems of synthesized sounds, and
revealed several basic properties of quality judgment for the repeated damped-
sinusoids. The main conclusion deduced from our experimental results are as
follows. Such a quality of complex sounds, as detected under the experimental
condition of paired comparison with small time interval, is somewhat trivial in
quality problems of speech. The quality, which is interested and fundamental in
the quality theory, must not be affected by time condition in comparison test.
The quality of repeated damped-sinusoid, which can be identified isolately in time,
depends upon the band width of frequecy spectra of the sounds. Although the
optimum relation between reasonant frequency and band width was not yet strictly
determined, it became clear that the selectivity, Q, of resonant circuit or that
calculated from frequency spectra has not so great significance in the interpretation
of vowel patterns.
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