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Color Display System for Connected Speech to be
Used for the Hearing Impaired

AKIRA WATANABE, YUICHI UEDA, aAND AKIYOSHI SHIGENAGA

Al tract—A color display system for the hearing impaired which con-
verts connected speech signals into color pictures on a TV screen has
been developed. This paper describes *he principle, the function and
the performance of the system, and the visual images of the patterns
displayed using the system.

The system consists of a real-time formant tracker, a pitch detector, a

> svstem, a color coder, etc. In this system, the lowest three
formant frequencies are extracted from voiced signals of connected
speech by means of the formant tracker, and are converted to three
primary color signals.

The three primary color signals as a time pattern are represented as a
spatial color pattern on the TV screen using the memory system and
the color coder. In unvoiced portions, colorless and dapple patterns
can be seen.

The reproduced pattern using this system is not only beautiful, but
also easy to understand intuitively. Especially, the visual experiments
show that simultaneous contrast effect of colors caused by the spatial
representation visually compensates for coarticulation effect on con-
nected vowels.

[. INTRODUCTION

LTHOUGH many electronic aids which transmit speech

information to hearing impaired persons through the
visual or tactile sense have been developed [1], [2], the infor-
mation transmitted with such aids is much inferior to that
transmitted through the auditory sense of normal hearing
persons.

Those aids can be classified into speech training systems and
speech reading systems. Most researchers who are engaged in
the development of such aids seem to think vaguely that speech
trainers (instruments) require the representation of only one
or two features to be corrected, while speech reading systems
need the general representation of whole speech signals.

We have doubted this idea on the basis of training experi-
ments conducted on hard of hearing children using three kinds
of speech trainers which we developed [3]. Those trainers,
called the two-dimensional (2-D) pitch-intensity indicator [4],
the intonation indicator, and the articulatory trainer of vowels
[S], display one or two speech features on a CRT screen.

In the systematic training conducted for a year and 10
months, we concluded that each trainer was very useful for
correcting speech features displayed on the CRT screen, but if
the training was carried out with little attention to features
other than those displayed, the undisplayed features deterio-
rated in the utterances. We deduced from the results that a sys-
tem in which as many features as possible were displayed as a
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and the Ministry of Education of Japan.
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fused pattern would be better for speech training as well as for
speech reading.

“Visible speech” deviced by Potter ezal. [6] is representative
of speech reading systems. It turns out to be a very good
representation for speech analysis; however, contrary to expec-
tations its pattern is not always understood by the hearing
impaired. As a main reason why visible speech is hard to read,
it has been suggested that speech spectrograms are modified
by coarticulation effects inherent in the phoneme environ-
ment [7].

Based on the above considerations, our research has been
directed toward developing new visible speech to be used for
both speech training and reading.

One of our ideas was to synthesize a color pattern from
speech features extracted by a speech analysis system because
we expected that the visual effect on colors might compensate
for the coarticulation effect on connected speech. This paper
describes the system realized and specific characteristics of the
visual patterns obtained by it.

II. SYSTEM

A block schematic diagram of the color display system for
connected speech is shown in Fig. 1. In the system, four pa-
rameters, that is, the lowest three formant frequencies (<, F,
F3) and the fundamental frequency (pitch F,) are used to
control the image displayed. In voiced portions of connected
speech, color patterns determined by the three formants are
displayed on a color TV screen, and in unvoiced portions a
colorless and dapple pattern can be seen. The patterns are
represented as spatial patterns whose time axis is given vertically
on the screen. The pitch signal restricts the horizontal length
of the color pattern in the voiced segment and indicates
intonation.

The color display system can be partitioned into five parts
consisting of a pitch detector, a formant tracker, a memory
system, a color coder, and a blanking signal generator.

The four speech parameters (Fy, F;, F,, F3) are extracted
with the pitch detector and the formant tracker which both
work in real-time and whose system parameters are automati-
cally controlled by the input speech signal. '

The extracted formants are converted into the signals corre-
sponding to three primary color signals as follows:

Eg = k(5F\[F3)

Ep = k(F,/3F})
Eg =k(3F3/5F;)

red signal
blue signal
green signal

1)

where £ is a constant.
From the above conversion equations, it can be expected that

0096-3518/85/0200-0164$01.00 © 1985 IEEE
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Fig. 1. Color display system for connected speech.

the circular ratios of the formant frequencies normalize influ-
ence of vocal tract lengths on the formant frequencies and that
the coefficients of %, %, etc., make a neutral vowel colorless.
Therefore, it will be possible in the system to display the five
Japanese vowels as five different colors independently of the
different vocal tract lengths due to age and sex of speakers,
and to represent a more articulate vowel asa distinct color with
higher saturation.

The memory system has a role in converting speech signals
into a spatial pattern in which the time axis of speech is verti-
cally represented. The four parameters, Fy, Eg, Ep, and Eg
are digitized and then temporarily stored into four random
access memories in this system. The stored signals can be read
out in four different modes, that is, flow, storage, and cyclic
flow forward and backward, selected by pushing a key on the
keyboard shown in Fig. 1. Another function of the memory
system is to change the display window length, i.e., the time
length of the pattern capable of being displayed on the screen.
Speech training and reading with the color display system be-
come easy by the use of this memory system. It is also antici-
pated that the simultaneous contrast effect between adjacent
colors, which are dsiplayed as a spatial patterns by the memory
system, emphasizes those colors to compensate for the coartic-
ulation effect in connected speech.

The color coder shown in Fig. 1 generates a composite color
video signal from the three primary color signals according to
the NTSC (National Television System Committee) system [8].
The composite color video signal consists of a sine wave modu-
lated by two chrominance signals, a luminance signal, a color
burst, and vertical and horizontal driving pulse trains. As the
brightness of the colors is influenced not only by the luminance
signal, but also by the amplitude of the modulated wave corre-
sponding visually to color saturation in this color coder, the
luminance signal is corrected by the amplitude of the modu-
lated wave. Hence, all voiced patterns can be seen with almost
the same brightness. This luminance correction is effective in
eliminating the contrast of the brightness which makes the
color pattern of connected speech hard to read.

In addition to the luminance correction, two kinds of modi-
fications are adopted in the color coder. One is the restriction
of horizontal lengths of voiced patterns controlled by the pitch
signal. This function is realized by controlling a composite
blanking signal with the pitch signal read out from the RAM.
The other is the function which makes unvoiced patterns color-
less and dapple. In the unvoiced portions where the level of
speech signal is beyond the threshold but the pitch signal is
not, the luminance signal alone is on-off switched by the ran-
dom signal and the two chrominance signals are held at a zero.
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Fig. 2. Real-time formant tracker using inverse filters’ control.

III. REAL-TIME FORMANT TRACKER

The most difficult problem in developing the color display
system of speech was how to realize a real-time formant tracker
with high accuracy. Representative methods for formant ex-
traction in software, for example, the linear prediction method
[9] and the analysis-by-synthesis method [10], have high ac-
curacy but do not work in real-time at present.

Therefore, our effort was directed toward developing an ac-
curate formant tracker with hybrid hardware. Fig. 2 shows
the real-time formant tracker realized.

Initially, the system was completely simulated on a digital
computer. Later the system was improved to yield higher ac-
curacy and finally realized in hardware.

Simply speaking, the system controls the zero frequencies,
IF1, IF2, IF3, of five inverse filters on the basis of average
axis-crossing frequencies extracted from those filters’ outputs
as shown in Fig. 2. Since the average axis-crossing frequency is
approximately proportional to the first moment of the spec-
trum, the zero frequencies of each inverse filter converge ap-
proximately to the lowest three formant frequencies. After
convergence, the average axis-crossing frequencies of the output
signals approximatley indicate the lowest three formant
frequencies.

The inverse filter /F'4 has a fixed zero to eliminate the fourth
formant and its zero is manually switched according to whether
the speaker is a male or a female. It is shown by the computer
simulation that if the fourth zero is fixed at a frequency some-
what higher than the actual fourth formant frequency, it has
little influence on the accuracy of extracting the lowest three
formants [13].

By the processing of the specialized frequency-voltage con-
verter (SFVC), the average axis-crossing frequency is extracted
as a voltage from the output signals of the inverse filter. If the
frequency band in which this system works is constant, it takes
100 ms to detect the average axis-crossing frequency of an
intermittent sinusoid whose frequency and duty cycle are 1
kHz and 0.7, respectively [11]. This response is too slow to
extract formants from connected speech. Hence the need for
the preprocessor shown in Fig. 2.

This unit consists of three random access memories, an A/D
converter, three D/A converters, a timing circuit, etc. Before
the processing with this unit, speech waves are preemphasized
(6 dB/oct) and then prefiltered to remove poles higher than
the third. The resultant signals fed to the preprocessor are
converted by the A/D converter into 12-bit samples at a rate
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Fig. 3. Timing chart to show how to extract the repeated signals in
real-time.

of 10 kHz. The digitized signals are temporarily stored in the
three RAM’s.

A relation between writing and reading phases in the RAM’s
is shown in the timing chart of Fig. 3. In each memory, 25.6
ms long samples are sequentially stored at intervals of 12.8 ms.
The intervals between two writing periods are used to repeat-
edly read out the stored samples. This means that the sampling
rate for reading out of the memories must be many times (16
times in this system) as high as the rate for writing.

Phase shifts for the writing and the reading between the three
RAM’s are 12.8 ms. That is, if the signals read out from those
memories are mixed and then converted into analog signals,
the resultant signals will be shaped as shown in the bottom of
Fig. 3.

Thus, the frequency band of the signal fed to /F2 and IF3
connected to the preprocessor is 16 times that of the input.
Thus, all of the system following the preprocessor must be de-
signed to work in a frequency band which is 16 times as wide
as that of the speech signal.

As the low-pass filters used for smoothing instantaneous axis-
crossing frequency signals in the SFVC also have a high cut-off
frequency, the convergence time in extracting the average axis-
crossing frequency can be reduced by a factor of 16, that is, to
about 6.25 ms. Thus, the time length of the frame, 12.8 ms, is
enough for the axis-crossing frequency to converge. Although
it takes 38.4 msto get the formant frequencies from the instant
of speech input, it may be regarded as almost real-time.

A design of the SFVC which estimates the resonant frequency
from the output signal of the inverse filter is especially impor-
tant to reduce the estimation error. An ordinary frequency-volt-
age converter consists of a center clipper with a fixed threshold,
an amplifier, a differentiator, and a low-pass filter. Using those
circuits, axis-crossing square waves are shaped by center clip-
ping and amplification of the input signal, and then changed
into waves with a constant exponential decay by differentia-
tion as shown in Fig. 4(b). Voltages which correspond to axis-
crossing frequencies are obtained by smoothing the differen-
tiated waves with the low-pass filter.

As is well known in the acoustic theory of speech produc-
tion [14], the resonant waveforms due to glottal excitation
considerably differ from those due to impulse excitation in
time intervals corresponding to open glottis. In the glottal
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Fig. 4. Error reduction method used in the SFVC (specialized frequency-
voltage converter) of the formant tracker.
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excitation, we can often observe a tendency that the axis-cross-
ing period of the resonant wave is prolonged during open glottis.
This is accounted for by a differentiated glottal wave added to
the resonant components excited by three impulses within a
pitch period [14], [15].

Another factor which disturbs the axis-crossing periods is the
existence of noise added to damped portions of the resonant
signals [16].

These phenomena in speech waveforms will cause errors
in the case where the resonant frequency is estimated as the
axis-crossing frequency using the ordinary frequency-voltage
converter.

The SFVC used in this system has two improvements. One
is that the threshold level in the center clipping changes with
the input signal level, as the threshold is determined from a
constant attenuation value of the smoothed input signal. In
the fixed threshold, axis-crossing frequency—exactly speaking,
it should be called level crossing frequency—is dependent on
the signal amplitude. The variable threshold has the'effect of
considerably reducing this dependence.

Another improvement is made for the low-pass filter smooth-
ing the differentiated waves. First of all, in order to get the
axis-crossing frequency in the prominent resonant periods
alone, the output signal of the low-pass filter is held constant
and fed to the same filter again during small resonant periods
in which the input signal is not beyond the threshold (*¢)
determined dynamically. (See Fig. 4(a) part B.) By this oper-
ation, the internal conditions of the low-pass filter are kept as
they are until the next large resonant wave comes in.

The prolonged axis-crossing period of the resonant signal
caused by the glottal wave is corrected using two other thresh-
olds. For example, assume that a long period shown in Fig.
4(a) part A has appeared. If the wave is processed by the oper-
ation mentioned above, the input signal to the low-pass filter
of the SFVC will become the wave which is shown in Fig. 4(b).
In the SFVC, the following two thresholds are extracted from
the signal in Fig. 4(b). One of the thresholds is determined as
0.75 times the final value of the exponentially decayed signal.
The threshold level is held constant from the final value to the
next axis-crossing instant. (It is shown as threshold 8 in Fig.
4(c).) The other threshold is given as a half level of the SFVC
output. (See threshold « in Fig. 4(c).)

The lower of the thresholds « and B is compared with the
signal shown in Fig. 4(b) and then, if the decayed signal has a
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level lower than the threshold, the input signal of the low-pass
filter is held at the same value as the output level just before
holding. As a result, the signal shown in Fig. 4(d) is obtained
as the input signal of the low-pass filter.

Thus, we can extract the signal which essentially depends on
the prominent resonant waves only. Even if a short axis-cross-
ing interval exists as shown in Fig. 4(a) part C, the smoothed
output of the signal shown in Fig. 4(d) will include little error
in this system.

In order to investigate accuracy of extracting formant fre-
quencies using this real-time formant tracker, synthetic vowels
made with a computer simulation of a terminal analog system
were used. The results in the case when the first formant of
each stationary vowel was changed in the interval of 25 Hz are
shown in Fig. 5. The first, second, and third formant band-
widths of each synthetic vowel are of 50, 80, and 115 Hz, re-
spectively. The bandwidths of zeros of the inverse filters are
fixed at 50, 100, and 150 Hz. The errors are almost all within
+5 percent and this result is the same as when the second or
third formants in the synthetic vowels were changed.

Examples of formant extraction from natural speech are
shown in Fig. 6(a) and (b). The continuity of the formant
trajectories for the real-time system during voiced portions
seem to be satisfactory in comparison with the trajectories
obtained with the software formant tracker [13] and also in
comparison with the sound spectrogram pattern shown in Fig.
6(c).

In Fig. 6(b), B;, B,, and B; indicate the three bandwidths
of the inverse filters. As shown on the right-hand side of Fig.
6(b), reducing or augmenting the bandwidths of the inverse
filters by a factor of three or so has little effect on the extracted
formant frequencies.

Moreover, for the judgement by auditory perception, two
short sentences and three phrases were synthesized with the
computer simulation of a terminal analog synthesizer, using the
formant frequencies extracted by the software method. From
the first derivative of the glottal wave obtained by inverse fil-
tering, five parameters were determined in each pitch period.
The glottal wave was generated from those parameters and used
as the driving source of the synthesizer. The result of prelimi-
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nary listening shows that all of the synthesized speech is quite
intelligible although the listeners perceive it to be synthetic.

IV. MEMORY SYSTEM

As mentioned in the Section II, speech patterns can be dis-
played in four modes on the screen of a color TV set. In the
flow mode, for example, the patterns flow from the bottom to
the top of the screen, that is, the speech patterns are vertically
represented in the system. Such operations (as well as those
needed for the other three modes) are realized with a micro-
computer system in which four channels of input-output ter-
minals are prepared to transmit analog signals.

The principle of the memory system is illustrated in Fig. 7
using the flow mode as an example. In the first cycle, synchro-
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nizing with vertical driving pulses generated in the color coder,
the four parameters written in the four random access mem-
ories, respectively, begin to be read out from the cells of the
same address. After (n - 1) words of the n words’ RAM have
been read out, the newest sample of each parameter is digitized
and stored into the remaining word. (See Fig. 7(a).)

In the next cycle, the start address for reading out is shifted
one word and then a new sample is written in the nth location
counting from the start address as shown in Fig. 7(b). When
such cycles proceed, the contents of the RAM’s are sequentially
refreshed. Thus, if the start cell in Fig. 7(a)-(c), which has the
oldest content, R1, is always positioned at the top of the TV
screen, the patterns will flow from the bottom to the top of
the screen.

If the start address is fixed at an instant when the system is
working in the flow mode, the pattern which has just appeared
will be frozen on the screen. We call it the storage mode.

A timing relation between the vertical driving pulses of the
color coder and the reading-writing phases in the RAM’s are
shown in Fig. 8. The period of the vertical driving pulses,
1/60 [s], is the time within which all data to be displayed on
the whole screen at a time would have been read out. The
sampling period Ts, which is represented as twice a frame in
Fig. 8, should satisfy the following relation:

Ts=1/(60m) [s] 2)

where m is an integer which represents the number of samples
per frame. The display window Dw, which is defined as the

time length of the signal to be displayed on the screen, is related
to the sampling period as follows:

Dw=TsXN [s] 3)

where NV is an integer denoting the number of memory words
to be used in a channel. From (2) and (3),

Dw = N/(60m) [s] (@)

Using (4), two integers m and N can be specified for the dis-
play window (Dw) appropriate to speech reading. As the sam-
pling frequency of speech parameters is 60m [samples/s], the
m should be larger than 1 or equal to 1 at least. The integer N
is related to the information density to be displayed. Ideally,
N should be as large as possible from the point of view of the
continuity of the pattern visualized. In practice, N = 200 is
adequate because one word of the memories occupies about
two scanning lines on the screen. Therefore, if 256-byte RAM’s
are used, the integer NV should be chosen as a maximal integer
which is smaller than 257 and satisfies (4).
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TABLE 1
RELATION BETWEEN DIsPLAY WINDOW LENGTH AND EFFECTIVE MEMORY-
WORDS

Display window length,

Dw [s] 1.00 1525 1575 1.92 | 2.00
Sampling frequency,

60m [Hz] 240 180 120 120 120
Number of writing samples

in a frame, m [words/ch] 4 3 2 2 2
Number of samples displayed

on the visible screen, NV

[words/ch.] 240 225 210 230 240

Table I shows five combinations of N and m which were
chosen for the display windows appropriate to understand
speech words or phrases.

In the memory system, it is possible to display the visible
speech patterns in one of the four modes and one of the five
display windows. The choice of the windows and the mode
can be made instantaneously be selecting a program from the
keyboard.

V. CoLOR CODER AND BLANKING SIGNAL GENERATOR
MoODIFIED BY PITCH SIGNAL

The composite color video signal in the NTSC system is basi-
cally synthesized from three primary color signals, as shown in
a part of Fig. 9. That is, the three primary color signals are
converted into two chrominance signals (£7, E£p) and a lumi-
nance signal (£,) and then a color subcarrier of 3.58 MHz is
modulated by the chrominance signals using quadrature phase
modulation. The resultant signal, e., is added to the mixed
signal of the corrected luminance signal £, a color burst and
a composite synchronizing signal. This yields the composite
color video signal. The phase shift of the signal e, from the
color burst mainly determines the hue,and both the luminance
signal £, and the amplitude envelope of the signal e, have an
effect on the brightness.



WATANABE et al.: COLOR DISPLAY SYSTEM FOR CONNECTED SPEECH

(LUMINANCE CORRECTION)

ARR[ER WAVE

ENVELOPE l R. F CON- ANTENNA
DETECTOR VERTER

VIDEO
SIGNAL

IGNAL

EK—

MATRIX
CIRCUIT

QUADRATURE
PHASE €c
MODULATOR

Fo o— COMPARATORH >

THRESHOLD
V:IVOICED U:UNVOICED S: SlLENCE

Fig. 9. Color coder modified by voiced/unvoiced detection and lumi-
nance correction.

HORIZONTAL
SYNCHRONIZING
SIGNAL

SAWTOOTH
WAVE

PITCH (F.)

[——

e i L

COMPARATOR
OUTPUT ;

COMPOSITE
BLANKING
NEW
COMPOSITE
BLANKING

T o —Fo(Hz) sp0
' W ‘

COLOR CRT
Fig. 10. Principle of the pitch display.

When it is desired to receive the speech patterns on two or
more television sets, a high-frequency signal modulated with
the composite color video signal is broadcast from an antenna.

In order to get speech patterns modified by pitch, the com-
posite blanking signal is controlled by the pitch signal based on
the principle shown in Fig. 10. First of all, a sawtooth wave
train synchronized to the horizontal driving pulses is compared
with the pitch signal. If the sawtooth wave level is higher than
the pitch level, the output of the comparator holds a high level
and if not, a low level. This output signal and the proper com-
posite blanking signal are simultaneously fed to an OR gate,
and its output signal is used as a new composite blanking signal.

Thus, the horizontal length of the speech pattern is controlled
by the pitch signal so that we can get patterns similar to those
shown at the bottom of Fig. 10.

VI. DispLAY EXAMPLES

To give an idea of the patterns realized by the color display
system mentioned above, some examples are shown in the color
pictures in Fig. 11(a)-(d).

All of the utterances were pronounced by an adult male.
Fig. 11(a) shows the five Japanese vowels /a/, [i/, /u/, [e/, and
o/ from top to bottom. The color image of each vowel is
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almost the same, independent of the voice quality of normal
hearing speakers.

We notice from the examples of the short phrases in Fig.
11(b)-(d) that each vowel looks categorical and the same vow-
els in the different phrases have colors which belong to an
identical category as a color, although the representation of
consonants are yet incomplete. The categorical aspect of the
connected vowels is caused by simultaneous color contrast. If
the articulatory movement is quite slow (e.g., if the transition
period between two adjacent vowels corresponds to the whole
time interval displayed on the screen), the color change also
will be gradual.

As the voiced consonants are displayed with colors only, it
makes the short phrases hard to read. In particular, a very
short voiced consonant, whose chromaticity is close to that of
surrounding vowels may not be represented as a different color
because of the assimilation effect of colors. This defect should
be solved by overlapping other parameters for the voiced con-
sonants, such as the gross features of the spectrum and its time
changes as a fine change of luminance.

As a general rule, however, we believe that the patterns ob-
tained with this system are very intuitive, beautiful, and inter-
esting for children.

VII. DiscussiONS—VISUAL IMAGE OF ISOLATED AND
CONNECTED VOWELS

A. Chromatic Distribution of the Five Japanese Vowels

Since the three primary colors change with formant fre-
quencies, as shown in (1), individual differences of the utter-
ances appear on the screen as differences of the chromaticity.
We can estimate by simple calculation what chromaticity is
reproduced by the NTSC system for given formant frequencies.

Fig. 12 shows a distribution of five Japanese vowels on a
chromaticity diagram obtained by such calculations. The
utterances were collected from 130 men, women, and children
whose ages were between 7 and 23. From the speech signals
of their utterances, the lowest three formant frequencies were
extracted with computer analysis using the analysis-by-synthe-
sis method. Furthermore, three primary colors were calculated
with (1) and then the following equations were used to get
CIE chromaticity (x, y) [17]:

X = [0.61(Eg/Egm)*? +0.11(EG/EGm)*?
+0.20(Ep/Epm)*?] Ye
= [0.30(ER/Erm)*? +0.59(Eg/Egm)>?
+0.11(Eg/Egm)*?] Ye
Z = [0(Er/ERrm)*? +0.07(EG/Egm)*?
+1.11(Eg/Egm)*?] Yc
x=X/(X+Y+Z), y=Y/(X+Y+2Z).

©)

Here 0 <Eg < Egm, 0<Eg < Egp,0<Ep < Egy,andYc
is the luminance of a standard light source. Actually, the lumi-
nance correction has an influence on chromaticity as shown in
the Appendix. However, as the chromaticity change due to
the corrected lumimance is small, it is neglected here.
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Fig. 11. Examples of speech patterns reproduced by the color display
system.

The CIE chromaticities (x, y) which were calculated using
(1) and (5) are represented on a two-dimensional orthogonal
space in Fig. 12(a).!

Representative colors of the five vowels can be expected
from the figure to be as follows:

/a/; orange-yellow-greenish yellow with high saturation
/e/; magenta with low saturation

/i/; blue with very high saturation

/o/; green-cyanic green with high saturation

/u/; cyan with middle saturation.

The elliptic regions surrounded by the dotted lines on the
CIE chromaticity diagram show the areas of 2 times the stan-
dard deviation 20. The CIE chromaticity diagram is a physical
space and not a uniform color space. Equally noticeable chro-
maticity differences on the diagram were investigated using
color matching by MacAdam [18].

1Equation (5) represents the computation in a standard color TV
monitor. The monitor used in this system, Tektronix 670A-1, some-
what differs from the standard in the coefficients and the exponents of
(5). So empirical equations are obtained by measurement and used
here instead of (5).
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The equally noticeable chromaticity differences are very
small in the vicinity of blue and become larger as the color ap-
proaches green, yellow, or red. Roughly speaking, the ratio of
green to blue in the difference reaches about 3 in the range of
colors reproducible by a color television. Therefore, even
though the clusters of /i/, /u/, and /e/ are close to each other
on the CIE diagram, the color differences among the three are
not as close as those that can be differentiated.

In comparison with the F'; -F, diagram in Fig. 12(b), the five
Japanese vowels on the CIE chromaticity diagram are distrib-
uted more separately as a result of the transformation by (1).
Thus, (1) the normalizing equation based on the theory of
wave propagation acoustic tubes which is easy to be realized
with real-time hardware, is very efficient.

B. Compensation for Coarticulation Effect by Contrast
of Colors

An expectation that coarticulation effect in connected speech
might be compensated for by the contrast effect of colors has
been investigated through visual experiments. In the experi-
ments, the speech materials used are four sets of three con-
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Fig. 12. Distribution of five Japanese vowels uttered by 130 speakers
(age 7-23, males and females).

nected vowels /aua/, /eue/, /iui/, and /ouo/ uttered by an adult
male in which the first and the third vowels are the same.

Subjects can select two kinds of patterns: one of the four
speech sets displayed in the storage mode and a uniform color
on the whole screen.

The uniform color can be changed by manually controlling
the three primary color signals and the luminance signal. The
task of the subjects is to manually adjust the uniform color so
that it corresponds explicitly with the color of the central
vowel of the three connected vowels.

Two subjects took part in the experiment. One is the exper-
imenter who knows clearly the aim, and the other is an adult
female who is quite ignorant of the visualization of speech.

The chromaticities were calculated from the three primary
color signals and the luminance signal in the case where the
uniform color has been adjusted. (See the Appendix.) Those
chromaticities are compared with the physical chromaticity
changes of the three connected vowels on the chromaticity
diagram shown in Fig. 13.

In Fig. 13, hatched areas represent isolated vowels pro-
nounced by the same speaker and the areas surrounded by
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Fig. 13. Compensation for the coarticulation effect by contrast effect
of colors.

dotted lines are those pronounced by the 130 speakers. Solid
curves in the figure indicate physically estimated trajectories
of the four sets of the three connected vowels, and the symbols
(A, X, O, O) show visually evaluated chromaticities of the cen-
tral vowels. Since there is no significant difference in the re-
sults between the two subjects, the same symbols are used in
the figure for simplicity.

We notice from the figure that the physical chromaticities of
the central vowels do not reach that of the isolated vowel /u/
except in the case of the /eue/. This is hypothesized to be due
to the coarticulation effects of connected speech.

However, we can also see in the figure that in spite of such
chromaticity changes, the visually estimated chromaticities
are very close to that of the isolated vowel /u/. The visually
estimated values are approximately located on the extension
of the physical chromaticity trajectories.

From those results it appears that visual judgement is influ-
enced by simultaneous contrast between two colors which
represent two adjacent vowels.

Thus, it is expected that smoothing of speech parameters
due to coarticulation may be compensated for by the contrast
effect of colors. This effect would play an important role in
understanding intuitively the visualized speech.

C. Recognition of Three Connected Vowels—A Comparison
with a Formant Display

In a practical case, recognition of speech patterns must be
carried out in a flow mode and in real-time. So asto investigate
the practical usefulness of the color display system in the flow
mode, we tried to compare the system with a formant display
system which gives patterns similar to “visible speech.”

An example of three connected vowels displayed by the
formant display system is shown in Fig. 14. The three bright
lines in the figure represent the lowest three formant frequen-
cies and they evolve in real-time from the right to the left of
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the screen. Speech materials used for the tests are the five iso-
lated Japanese vowels and all sets of three connected vowels
(20 sets per speaker) which have the form [V, V, V,/ uttered
by two adult males and an adult female.

The learning was carried out using the isolated vowels alone
and then the randomized sets of the three connected vowels
were tested. Fig. 15 shows the learning curves obtained with
the two systems. As we can point out immediately from the
figure, the rate of correct responses in the color display system
is much higher than it is in the formant display system. Fur-
thermore, in the color display system, the correct responses
saturate at a very high score (98 percent), almost without learn-
ing. In contrast, the formant display requires much learning
time to get a saturated score and the score is not beyond 72
percent.

This excellent performance in the color display system is
considered to be based on the normalization of the formant
frequency dispersion due to differences of the vocal tract
lengths and the compensation for coarticulation effect by the
simultaneous contrast effect of colors.

VIII. CONCLUSION

A color display system for the hearing impaired which con-
verts connected speech signals into color pictures on a TV
screen has been developed. The most difficult problem in the
development of the system was how to design a real-time for-
mant tracker with high accuracy.

The new formant tracker was realized using the inverse filters’
control system. The lowest three formant frequencies extracted
by the formant tracker are converted into three primary color
signals so that five Japanese vowels have different colors and so
that individual differences of the vocal tract lengths of the
speakers are normalized according to the theory of wave prop-
agation acoustic tubes. The three primary color signals as a
time pattern are represented as a spatial color pattern on the
TV screen, using a memory system and a color coder.

The spatial representation of connected vowels causes a
simultaneous contrast effect of colors so that the coarticula-
tion effect which appears in the formant shifts of the connected
vowels is visually compensated for by the contrast effect.

Based on the recognition experiments compared with a for-
mant display system, it appears that the color display system
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has much better performance at least in the display of con-
nected vowels.

One of our aims for the future development of this system is
the representation of voiced consonants. However, even if its
realization is difficult for the present, this system would be of
considerable use for speech training of the hearing impaired.

APPENDIX
A. Influence of Luminance Correction on Chromaticity

In the transmitter of the NTSC system, as shown partially in
Fig. 9, the three primary color signals are converted into two
chrominance components (£7, Ep) and a luminance signal £,
using the following equation, and then transmitted [19].

E, 030, 0.59, 0.1T[Ex
E; |=] 0.60, -028, -032 || E¢ (AD)
Eg 021, -0.52, 031 || Ep

In the receiver, the three transmitted signals (£, £, E) are
inversely transformed to the three primary colors by the
equation

Ery 1, 096, 063][E,
EGr =1 1, -0.28, -0.64 EI (A2)
Ep, 1, -1.11, 1724l E,

and then a color is synthesized as a mixture of the three pri-
mary colors.

In the luminance correction we used in this system, (£}, +
AE)) should be used in (A2) instead of £y, because the lumi-
nance signal is modified by the amplitude envelope of the
signal e, shown in Fig. 9. Therefore, the reproduced primary
colors (Egy, Egy, Epy) all include an increment AE,. Thus,
the chromaticity has to be calculated according to the equa-
tions in which Eg + AEy,, Eg + AE),, and Ep + AE), are sub-
sitituted instead of Eg, E, and E, respectively, in (5). Inthe
equations, AE), is given by

AE, =Ey - a(E} + EH)'/? (A3)

where Ej, and a are constants which are experimentally
determined.
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As mentioned above, the chromaticity of the displayed colors
is influenced by the luminance correction. Therefore, if the
luminance signal is changed independently of the three primary
color signals as conducted in the experiment, which has been
descibed in Section VII-B, the chromaticity needs to be calcu-

lated taking the luminance signal into account.
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