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[57] ABSTRACT

A voice synthesizer that is responsive to sequences of
digital input command words to phonetically synthesize
human speech. The system includes control circuits that
are responsive to the input command words to intro-
duce an articulated silent phoneme into the speech pat-
tern, vary the duration of each phoneme produced, as
well as to vary the overall rate and volume of the
speech generated. In addition, the design utilizes inflec-
tion assignment derived from control signals control-
ling phoneme articulation, for individual phonemes and
also employs a glottal waveform which is more repre-
sentative 'of human glottis action. The invention also
incorporates resonant suppression into the vocal tract to
simulate the dampening effect due to the opening of the
glottis, and provides closer simulation of human energy
content at higher frequencies to improve the quality of
the speech generated.

66 Claims, 10 Drawing Figures
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VOICE SYNTHESIZER

BACKGROUND AND SUMMARY OF THE
INVENTION

The present invention relates to an improved elec-
tronic device for phonetically synthesizing human
speech.

Until recently, development in this area had resulted
in the production of only extremely complicated and
costly devices that generated very unnatural sounding
speech. This was primarily attributable to the fact that
these first generation synthesizers, with virtually no
prior development to build upon, attempted to design a
synthesizer that was capable of performing substantially
every known function of human speech. Consequently,
the systems that resulted were capable of performing
few functions satisfactorily.

Typical of the design apprcach of these early speech
synthesizers was the treatment accorded the transitional
periods between phonemes. In recognition of the im-
portance of the transitional periods in human speech,
some systems devoted substantial effort to the produc-
tion of various transitional waveforms to simulate the
actual human articulation between steady-state pho-
neme conditions. However, the highly complex cir-
cuitry required to analyze, control and integrate the
production of these waveforms into smooth flowing
phonetic speech made the systems highly impractical
for commercial use. The complexity of these systems
prompted subsequent research efforts to simplify the
original systems.

The relatively recent developments in this area have
essentially conceded the fact that the precise duplica-
tion of the human speech system is an unattainable goal,
and have instead sought to design an approximation of
the human speech system that will produce acceptable
sounding speech. Without discounting the importance
of interphoneme transitions, the principal result of this
development has been the change from the highly com-
plex system of interphoneme transitions previously dis-
cussed, to a simplified approach that employs relatively
slow-acting filters that smooth the abrupt variations in
the control parameters that determine the steady-state
conditions of individual phonemes.

Accordingly, it is the primary object of the present
invention to provide an improved speech synthesizer
that not only is relatively uncomplicated and inexpen-
sive, but is also capable of producing remarkably natu-
ral sounding speech. In addition, the present system is
designed to be readily adaptable to a wide range of
commercial uses.

Furthermore, it is another object of the present inven-
tion to provide a speech synthesizer that will produce
very natural sounding speech without the aid of an
experienced programmer. This makes the present sys-
tem particularly adapted for use in connection with a
digital computer as a text-to-audio converter.

The preferred embodiment of the present invention
comprises a system that is adapted to convert digitized
data, such as the output from a computer or other digi-
tal device, into electronically synthesized human speech
by producing and integrating together the phonemes
and allophones of speech. The basic digital command
word which drives the present voice system preferably
comprises twelve bits. Seven of these bits are allocated
to phoneme selection to define a particular phoneme,
pause or control function, thus providing a maximum of
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27 or 128 different commands. The increased capacity
over that required to produce the basic phoneme sounds
allows the present system to reproduce a greater variety
of allophones which represent basic phonemes that are
slightly altered to integrate more appropriately into the
variability of speech. For example, the “ae”” phoneme in
the word “happen” is different than in the word “bat”.
Similarly the beginning “k” phoneme in the word
“kick” is different than the “k” phoneme in the word
“quit”. In addition, the increased capacity permits the
present system to devote various commands to the pro-
duction of phonemes unique to certain foreign lan-
guages, thus providing the system with the capability of
producing high quality foreign speech as well.

Three of the twelve data bits in the input command
word are used for inflection control. This provides 23 or
eight different inflection levels per phoneme, which
gives the system the ability to reproduce the smooth
and subtle movements in pitch characteristic of human
speech. The remaining two data bits in each input com-
mand word are used to vary the rate of phoneme pro-
duction, thereby providing four possible time intervals
for each phoneme produced, allowing phonemes to be
more contextually precise in time duration.

The seven bits that define the particular phoneme are
provided'to an input control circuit which produces a
plurality of predetermined control signal parameters
that electronically define the phoneme selected. The
control signals produced by the input control circuit are
preferably in the form of serialized binaryweighted
square wave signals whose average values are equiva-
lent to the analog control signals they represent. By
producing digital representations of analog signals, the
present system avoids the necessity of employing com-
plicated electronic circuitry required to accurately con-
trol analog signals.

The control signal parameters from the input control
circuit are first passed through a series of relatively
slow-acting transition filters which smooth the abrupt
amplitude variations in the signals. From there, the
control signals are provided to various dynamic articu-
lation control circuits which combine and process the
parameters to produce excitation control and vocal
tract control signals analogous to the musle commands
from the brain to the vocal tract, glottis, tongue and
mouth in the human speech mechanism.

The system further includes vocal and fricative exci-
tation sources which receive the excitation control sig-
nals that determine the various signal characteristics of
the basic voiced and unvoiced signal quantities in
human speech. The vocal excitation source produces a
glottal waveform that mimics the glottis as it vibrates in
the human vocal tract. The fricative source simulates
the sound of air passing through a restricted opening as
occurs in the pronounciation of the phonemes “s”, “f’
and t‘h’!.

The vocal and fricative excitation signals, as well as
the vocal tract control signals, are supplied to a series of
cascaded resonant filters which simulates the multiple
resonant cavities in the human vocal tract. The control
signals adjust the characteristic resonances of the filters
to produce an audio signal having the desired frequency
spectrum.

The two rate bits in the original input command word
are converted to a duty cycle rate control signal that is
provided to the phoneme clock which defines the time
interval of the particular phoneme generated. The three
remaining inflection bits in the input command word
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are used to generate an analog inflection control signal
that is provided to the vocal excitation source to deter-
mine the “pitch” or frequency of the glottal waveform.

The preferred form of the present invention also
includes circuitry that automatically alters the inflection
levels of various phonemes in accordance with certain
parameter control signals. As a result, the voice gener-
ated by the present system is less monotonic and more
natural sounding than those of previous systems, espe-
cially when manual programming of inflection is im-
practical or not used.

In addition, the present invention utilizes a novel
glottal waveform that more accurately simulates the
actions of the human glottis. The new glottal waveform
comprises a truncated sawtooth waveform which pro-
duces both odd and even harmonics. Also included in
the glottal waveform is the addition of a high frequency
formant that increases the spectral energy of the wave-
form at high frequencies. The increased energy at high
frequencies improves the relative spectral amplitude of
the lower formants as well.

The vocal tract of the present invention has also been
improved by adding movement to the fourth order
resonant filter in the vocal tract. This is particularly
significant because it is accomplished without requiring
the generation of additional control parameters that
would increase the complexity of the system. Rather,
the fourth resonant filter is made variable under the
control of the same control signal that determines the
location of the third resonant pole.

The present invention additionally incorporates into
the vocal tract the suppression of vocal resonances to
simulate the reduced impedance that is reflected in the
human vocal tract when the glottis is opened. In partic-
ular, the present system includes a circuit that is adapted
to produce a variable pulse-width square signal whose
duty cycle is proportional to the magnitude of the glot-
‘tal waveform. The glottal suppression duty cycle signal
is then provided to a series of analog control gates con-
nected across the bandpass sections of the first three
resonant filters in the vocal tract. The effect is to
dampen resonance due to open glottis by increasing the
band-widths of the resonant filters as the magnitude of
the glottal waveform increases.

Finally, the present invention includes a flag com-
mand decode and control circuit which provides the
programmer with the ability to vary the overall volume
and speech rate of the audio output. The circuit is also
capable of introducing into the speech pattern a silent
phoneme which is articulated in the same manner as a

voiced phoneme to add to the naturalness of the speech

generated. As will subsequently be described in greater
detail, the silent phoneme is intended primarily for use
in combination with certain phonemes which sound
more natural if their articulation pattern is formed prior
to, or maintained for a brief period after, the application
of excitation energy to the vocal tract.

The flag circuit is designed to be activated by a spe-
cific 7-bit phoneme code that distinguishes the flag
command from other phoneme commands. The remain-
ing five bits in the flag command word are then used to
select the sound level and speech rate desired, and to
indicate whether the succeeding phoneme period is to
be silent. In addition, the flag command phoneme is
adapted to consume a very brief time interval so that the
normal phonetic makeup of a message is not noticeably
altered. This is accomplished by latching the desired
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flag in formation and commanding the synthesizer to
immediately proceed to the next phoneme.

In reading the following detailed description of the
preferred embodiment, however, it is to be understood
that the practice of the present invention is not limited
to the exact system described herein. Rather, the con-
cepts of the present invention are equally applicable to
other basic speech systems without departing signifi-
cantly from the teachings of the present invention.

BRIEF DESCRIPTION OF THE DRAWING

The detailed description of the preferred embodiment
of the present invention makes reference to the follow-
ing drawings of which:

FIGS. 1a and 1b are a block diagram of a voice syn-
thesizer according to the present invention;

FIG. 2 is a circuit diagram of part of the system illus-
trated in FIG. 1;

FIG. 3a is a graphic illustration of the relationship
between the fundamental frequency of the glottal wave-
form and the movement of the first resonant pole over
a range of vowel phonemes;

FIG. 3b is a graphic illustration of the changes in the
fundamental frequency of the glottal waveform over a
range of consonant phoneme environments;

FIG. 4 is a graphic illustration comparing the spectral
energy of the glottal waveform before and after the
addition of high-pole compensation;

FIG. 5 is a circuit diagram of the third and fourth
order resonant filters in the vocal tract of the system
iltustrated in FIG. 1;

FIG. 6 is a circuit diagram of the flag command de-
code and control circuit of the system illustrated in
FIG. 1;

FIG. 7 is a signal diagram illustrating the modulation
of the amplitude control signals as produced by the flag
command decode and control circuit of FIG. 6; and

FIG. 8 is a signal diagram illustrating the timing of
the various clock signals in the flag command decode
and control circuit of FIG. 6.

DETAILED DESCRIPTION OF THE
PREFERRED EMBODIMENT

Looking to FIG. 1, a block diagram of a voice syn-
thesizer embodying the teachings of the present inven-
tion is shown. It is to be understood that the practice of
the present invention is not limited to the specific voice
synthesizer shown in FIG. 1, but may be readily
adapted to other systems without departing from the
scope of the invention. As previously explained, the
present system is preferably driven by a twelve bit digi-
tal input command word. Seven of the twelve input bits
are used for phoneme selection and are provided to a
pair of read-only memories (ROMs) 12 and 14. For each
of the 128 possible phonemes which can be identified by
the seven phoneme select bits, there is stored in ROMs
12 and 14, sixteen different parameters which electroni-
cally define the articulation pattern of each phoneme. In
addition, each parameter requires four bits of resolution
to produce the serialized binary-weighted digital con-
trol signals previously mentioned. Therefore, the total
read-only memory bit requirement equals 16 X 4 X 128
or 8,192 bits. This requirement can be satisfied by using
any number of paralle]l connected ROMs that will pro-
vide the necessary capacity. The system shown in FIG.
1 contains two ROMs 12 and 14, each comprising 512
X 8 bit matrix for a total of 4,096 bits each. Of course,
a single read-only memory with a capacity of 8,192 bits
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could be substituted for the two ROMs 12 and 14
shown.

The ROMs 12 and 14 are clocked under the control
of a duty cycle address circuit 16 which provides the
proper timing sequence on lines 18 and 19 required for
ROMs 12 and 14 to generate the serialized binary-
weighted duty cycle parameter control signals previ-
ously mentioned. The duty cycle address control circuit
16 is connected to a clock circuit 20 which produces a
square wave output signal at a frequency of 20KHz.
The 20 KHz square wave clock signal received by the
duty cycle address control circuit 16 is segregated into
15 pulse groups which are further divided into time
segments of 8, 4, 2 and 1 clock pulses. For each group of
15 clock pulses received, the duty cycle address control
circuit 16 provides a HI output signal on line 18 or the
MSB line during the eight and four time segments, and
a HI output on line 19 or the LSB line during the eight
and two time segments.

The serialized binary-weighted digital control param-
eters generated by ROMs 12 and 14 preferably contain
four bits of resolution. In other words, for each pho-

15

20

neme parameter, ROMs 12 and 14 contain four bits of -

information, thereby providing 2 or 16 possible values
per parameter. To provide the four bits with their ap-
propriate binary weight, the first or most significant of
the four serialized output bits in the control parameter is
generated when both the signals on lines 18 and 19 are
HI, the second bit when the LBS line is LO and the
MSB line is HI, the third bit when the LSB is HI and
MSB line is LO, and the fourth or least significant of the
four bits when the MSB and L.SB lines are both LO.
Thus, it can be seen that the first or most significant bit
is produced for a period of eight clock pulses, the sec-
ond bit is produced for a period of four clock pulses, the
third bit is produced for a period of two clock pulses,
and the fourth bit is produced for a period of one clock
pulse. In this manner, an analog signal can be digitally
represented as the average magnitude of the control
signal over a fifteen clock pulse period.

Although known to the art, the particular control
signal parameters generated by ROMs 12 and 14 on
lines 22 will be briefly explained herein to provide a
better understanding of the operation of the present
system.

The F1 and F2 control signals determine the loca-
tions of the resonant frequency poles in the first two
variable resonant filters in the vocal tract 60. As will
subsequently be described in greater detail, the F3 4 F4
control signal determines the locations of the frequency
poles in both the third and fourth order variable reso-
nant filters in the vocal tract 60. The nasal closure and
nasal frequency control signals are generated whenever
the voiced quantities “n”, “m”, or “ng” are present to
simulate the decrease in energy which occurs in the
vocal energy spectrum when these voiced phonemes
are spoken. More specifically, the nasal closure control
signal determines the amount of vocal energy to be
removed, and the nasal frequency control signal estab-
lishes the frequency at which the energy is to be de-
creased. The fricative frequency and fricative low pass
control signals also work in conjunction with one an-
other and are generated whenever phonemes with frica-
tive energy, such as “f” and “s” are present. These
control signals serve to spectrally shape the fricative
excitation energy prior to injection into the vocal tract
60. In particular, the fricative low pass control signal
determines the frequency above which the broad-
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banded fricative excitation energy will be excluded, and
the fricative frequency control signal determines the
frequency at which the maximum voiceless energy will
occur. The transition rate control signal is generated for
each phoneme and, together with the output from the
rate control circuit 30 to be subsequently described,
establishes the transition rate between the steady-state
conditions of the above-mentioned control signals. The
timing control signal is also generated for each pho-
neme and in combination with the output from the rate
control circuit 30, establishes the period of production
for each phoneme. A vocal amplitude control signal is
generated whenever a phoneme having a voiced com-
ponent is present. The vocal amplitude control signal
controls the intensity of the voiced component in the
audio output. The vocal delay control signal is gener-
ated during certain fricative-to-vowel phonetic transi-
tions wherein the amplitude of the fricative constituent
is rapidly decaying at the same time the amplitude of the
vocal constituent is rapidly increasing. As will be more
fully explained in connection with the vocal delay gen-
erator circuit 38, the vocal delay control signal identi-
fies those instances when it is desirable for the vocal
delay generator to delay the transmission of the vocal
amplitude control signal. The closure control signal is
used to simulate the phoneme interaction which occurs,
for example, during the production of the phoneme “b”
followed by the phoneme “e”. In particular, the closure
control signal, when generated, causes an abrupt ampli-
tude modulation in the audio output that simulates the
buildup and sudden release of energy that occurs during
the pronunciation of such phoneme combinations. The
vocal spectral contour control signal is another control
signal that spectrally shapes the vocal energy spectrum.
Specifically, the vocal spectral contour control signal
controls a first order low pass filter that suppresses the
vocal energy injected into the vocal tract, with maxi-
mum suppression occurring in the presence of purely
unvoiced phonemes. The F2Q control signal varies the
“Q” or bandwidth of the second order resonant filter
(F2) in the vocal tract 60, and is used primarily in con-
nection with the production of the nasal phonemes “n”,
“m”, and “ng”. Nasal phonemes typically exhibit a
higher amount of energy at the first formant (F1), and a
substantially lower and broader energy content at the
higher formants. Thus, during the presence of nasal
phonemes, the F2Q control signal is generated to re-
duce the Q of the F2 resonant filter which, due to the
cascaded arrangement of the resonant filters in the
vocal tract 60, prevents significant amounis of energy
from reaching the higher formants. The fricative ampli-
tude control signal is generated whenever a phoneme
having an unvoiced component is present, and is used to
control the intensity of the unvoiced component in the
audio output. Finally, the closure delay control signal is
generated during certain vowel-to-fricative phonetic
transitions wherein it is desirable to delay the transmis-
sion of the closure, vocal spectral contour, F2Q and
fricative amplitude control signals in the same manner
as that discussed in connection with the vocal delay
control signal.

The output control signal parameters from ROM 12
are applied to a first series of relatively slow-acting
transition filters 24. The transition filters 24 are purpose-
fully designed to have a relatively long response time in
relation to the steady-state duration of a typical pho-
neme so that the abrupt amplitude variations in the
output conirol signals from ROM 12 will be eliminated.
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Thus, the transition filters 24 provide gradual changes
between the steady-state levels of the control signal
parameters to simulate the smooth transitions between
the phonemes present in human speech. The response
time of the transition filters 24 is preferably made vari-
able under the control of the output signal from the
transition control circuit 26. The transition control cir-
cuit 26 combines the transition rate control signal from
ROM 14 with the output signal from rate control circuit
30 to produce a fixed frequency, variable pulse-width
square wave signal whose percentage duty cycle deter-
mines the response time of the transition filters 24.

The two rate select bits from the twelve bit input
command word are provided directly to a phoneme rate
summing circuit 28. The rate summer 28 combines the
rate select bits with the speech rate output signal on line
46 from the flag command and control circuit 50 and
supplies the summation to the rate control circuit 30.
The rate control circuit 30 produces a variable pulse-
width square wave output signal whose percentage
duty cycle is dependent in part upon the magnitude of
the output signal from the phoneme rate summer 28.
The speech rate duty cycle signal from the rate control
circuit 30 is provided to the transition control circuit 26,
the phoneme timing circuit 32, an inflection filter 52,
and a second series of relatively slow-acting transition
filters 34. As stated previously, the transition control
circuit 26 combines the output signal from the rate
control circuit 30 with the transition rate control signal
from ROM 14 to produce the duty cycle transition
signal which determines the response time of the first
series of slow-acting transition filters 24.

The phoneme timer 32, which also receives the
speech rate duty cycle signal from the rate control cir-
cuit 32, is adapted to produce a ramp signal that varies
from five volts to zero volts in a time period that deter-
mines the duration of phoneme production. The slope
of the ramp signal produced by the phoneme timer 32 is
dependent upon both the duty cycle of the speech rate
signal from the rate control circuit 30 and value of the
phoneme timing control signal from ROM 14. It is to be
understood that the phoneme timing control signal from
ROM 14 effects the relative production period of each
individual phoneme, while the rate control circuit 30
determines the overall rate of phoneme production, i.e.,
speech rate.

The vocal amplitude control signal from ROM 14 is
applied to a vocal amplitude modulation circuit 36
which modulates the amplitude of the vocal amplitude
control signal in accordance with the magnitude of the
volume control signal received on line 48 from the flag
command and control circuit 50. The modulated vocal
amplitude control signal is applied to a vocal delay
generator 38 which delays the transmission of the vocal
amplitude control signal for a predetermined time per-
iod less than the duration of a single phoneme time
interval whenever a vocal delay control signal is pro-
vided by ROM 14.

Similarly, the fricative amplitude control signal from
ROM 14 is applied to a fricative amplitude modulation
circuit 40 which modulates the amplitude of the frica-
tive amplitude control signal in accordance with the
magnitude of the volume control signal received on line
47 from the flag command and control circuit 50. The
modulated fricative amplitude control signal is applied
to a closure delay generator 42 which functions in the
same manner as the vocal delay generator 38. In addi-
tion, the closure, vocal spectral contour, and F2Q con-
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trol signals are also applied to the closure delay genera-
tor 42 which similarly delays the transmission of the
aforementioned control signals for a predetermined
time period less than the duration of a single phoneme
time interval whenever a closure delay control signal is
provided by ROM 14. Note that the time delays intro-
duced by the vocal delay generator 38 and the closure
delay generator 42 are dependent upon the time interval
of the particular phoneme being generated, as deter-
mined by the ramp output signal from phoneme timer
32

As previously discussed, the vocal delay generator 38
and the closure delay generator 42 insure that the
proper timing sequence is provided between certain
fricative-to-vowel and vowel-to-fricative phonetic tran-
sitions. For example, the vowel-to-fricative transition in
the pronunciation of the letter “s” includes a vocal
constituent whose amplitude rapidly declines at the
same time that the amplitude of the fricative constituent
would normally be rapidly increasing. The closure
delay generator 42, in this case, will delay the transmis-
sion of the fricative constituent with respect to the
vocal constituent so that the rapid increase in the frica-
tive energy level will not be “lost” in the rapid decline
of the vocal energy level. However, the production of
the fricative constituent will be delayed somewhat in
time.

The outputs from vocal delay generator 38 and clo-
sure delay generator 42 are applied to a second series of
relatively slow-acting transition filters 34 which smooth
the abrupt amplitude variations in the control signals in
the same manner as that previously described with re-
spect to transition filters 24. As with the first series of
transition filters 24, the response time of the second
series of transition filters 34 is also controlled by the
speech rate duty cycle signal from rate control circuit
30. Howeuver, it will be noted that the response time of
the second series of transition filters 34 is controlled
only by the speech rate signal from the rate control
circuit 30, while the response time of the first series of
transition filters 24 is additionally controlled by the
transition rate control signal from ROM 12. This is
because the transitional timing of the control signal
parameters applied to the second series of transition
filters 34 is not as critical as the timing of the control
signal parameters applied to the first series of transition
filters 24, and therefore, does not require the precise
timing control provided by the transition control signal.

The three inflection select bits from the twelve bit
input command word are provided directly to an inflec-
tion filter 52 which combines the binary weighted bits
into a single analog inflection control signal. In addi-
tion, the inflection filter 52 smooths the abrupt ampli-
tude variations in the inflection control signal in the
same manner as that previously described with respect
to transition filters 24 and 34. The response time of the
inflection filter 52 is also controlled by the speech rate
duty cycle signal from the rate control circuit 30.

The output from the inflection filter 52 is provided to
a vocal excitation source 54 which generates the voiced
excitation energy or glottal waveform. The output from
the inflection filter 52 determines the pitch of the vocal
energy which corresponds to the fundamental fre-
quency (Fo) of the glottal waveform. In the preferred
embodiment of the present invention, the glottal wave-
form generated by the vocal excitation source 54 com-
prises essentially a sawtooth waveform with the nega-
tive portion of the signal removed. As will subsequently
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be explained in greater detail, this novel glottal wave-
form more closely simulates the actions of the human
"glottis, and therefore improves the naturalness of the
speech generated.

In addition, to provide a certain degree of automatic

inflection control heretofore unavailable in prior art
systems, the fundamental frequency of the glottal wave-
form generated by the vocal excitation source 54 is
made variable in response to changes in the F1, nasal
closure, vocal amplitude, closure, and fricative ampli-
tude control signals. More specifically, the aforemen-
tioned control signals are provided to a parameter in-
flection modulation circuit 56 which modulates the
effect of the control signals on the fundamental fre-
quency of the glottal waveform.
" The outputs from transition filters 24 and 34 are pro-
vided to a series of analog-to-duty cycle converters 58.
In particular, the converters 58 comprise a plurality of
comparators having one input thereof connected to
receive a 20 KHz triangle signal from clock circuit 20,
and their other input connected to one -of the control
signals from the transition filters 24 and 34. The com-
parators are adapted to produce variable pulse width,
fixed frequency square wave signals whose percentage
duty cycle corresponds to the magnitude of the correla-
tive control signals received at their inputs.

The F1, F2, F3 4 F4, F2Q, glottal suppression, and
closure duty cycle control signals from converters 58
are applied directly to the vocal tract filter unit 60.
Vocal tract filter 60 essentially comprises five serially
connected resonant filters, four of which are made vari-
able, an analog closure gate, and a 20 KHz filter. The
analog closure gate is responsive to the closure duty
cycle control signal to modulate the amplitude of the
audio output, and the 20 KHz filter is operative to ex-
clude the effects of the clock signal on the audio output.
The F1, F2 and F3 variable resonant filters provide the
first three resonant formants in the energy spectrum of
the audio output and are each tunable under the control
of their respective duty cycle control signals. The F1
resonant filter is tunable over a range of frequencies
extending from 250 Hz to approximately 800 Hz. The
F2 resonant filter is tunable over the frequency range of
760 Hz to 2400 Hz. And the F3 resonant filter is tunable
within the frequency range of 1200 Hz to 2550 Hz. As
will be subsequently be explained in greater detail, the
F4 resonant filter, which provides the fourth order
formant in the audio output, is also made variable with-
out requiring the generation of an additional control
signal. More specifically, the F4 resonant filter is tuned
by the same control signal that tunes the F3 resonant
filter, and is made variable over a frequency range of
from 2400 Hz to 3700 Hz. The F5 resonant filter is a
fixed-pole filter that introduces a fifth level formant in
the audio output at approximately 4400 Hz.

The F2 and F5 resonant filters in the vocal tract filter
unit 60 are injected with the unvoiced excitation signal
quantity from a fricative excitation controller 62. Only
the F2 and F5 resonant filters receive fricative energy
because it has been found to be sufficient to inject frica-
tive energy only at these two points in the vocal tract in
order to accurately simulate the frequency spectrums of
all the fricative phonemes. The fricative excitation con-
troller 62 receives the unvoiced or fricative excitation
signal from the fricative excitation generator 64 which
produces the unvoiced phoneme quantity of human
speech. The fricative excitation controller 62 comprises
essentially a group of analog control devices which
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alter the amplitude, frequency and low-pass signal char-
acteristics of the fricative excitation signal in accor-
dance with the duty cycle control signals received from
the analog-to-duty cycle converters 58. The fricative
excitation generator 64 consists of a random noise
source which simulates the sound of air passing through
a restricted opening, such as occurs in the pronunciation
of the phonemes “s”, “f’, and “h”.

The voiced signal quantity from the vocal excitation
source 54 is also provided to the vocal tract filter unit 60
via a vocal excitation controller 66. The vocal excita-
tion controller 66 similarly comprises a group of analog
control devices which alter the signal characteristics of
the voiced excitation signal in accordance with the
vocal amplitude, vocal spectral contour, nasal fre-
quency, and nasal closure duty cycle control signals
received from converters 58.

As will subsequently be explained in greater detail,
the vocal energy injected into the vocal tract filter unit
60 includes an additional formant which is added to the
voiced excitation signal by a high-pole compensation
circuit 68 to increase the spectral energy of the signal at
high frequencies. In addition, the voiced signal quantity
is provided to a glottal suppression circuit 70 which
introduces resonant suppression into the vocal tract 60
to simulate the opening of the glottis in human speech.
The glottal suppression circuit 70 is adapted to produce
a duty cycle control signal that is effective to dampen
the resonance of the F1, F2 and F3 resonant filters. As
will subsequently be explained in greater detail, the
glottal suppression circuit 70 causes maximum dampen-
ing during those portions of the glottal waveform corre-
sponding to the open glottis. Furthermore, since the
human glottis is active only during the production of
voiced phonemes, the glottal suppression unit 70 is
adapted to provide its suppression duty cycle signal to
the vocal tract 60 only during the production of voiced
phonemes, as indicated by the receipt of a vocal ampli-
tude signal on line 72.

Finally, it will be noted that the present invention
includes a flag command decode and control circuit 50
which is adapted to provide overall rate and amplitude
control of the audio output. As will be more fully ex-
plained in connection with the description of FIG. 6,
the overall speech rate and/or volume of the audio
output can be programmably varied by “calling” the
flag command circuit by its preselected seven bit pho-
neme “name” and entering the desired rate and/or vol-
ume changes via the rate select and inflection select bits,
respectively. In addition, the flag command decode and
control circuit 50 has the capability of introducing an
articulated silent phoneme into the speech pattern to
more realistically simulate human speech.

Looking at FIG. 2, a detailed circuit diagram of perti-
nent sections of the system illustrated in FIG. 1 is
shown. As previously mentioned in connection with the
description of the block diagram in FIG. 1, the present
system preferably assigns three of the twelve bits in the
input command word to the programming and control
of the inflection or pitch of the audio output. The three
inflection bits improve the speech quality capability of
the present system by increasing the variety of discrete
inflection levels available when programming. This is
accomplished by connecting each of the three input
data inflection bits 26, 27, and 2% to a weighting resistor
R1, R2 and R3 respectively, and tying the weighting
resistors to a common summing junction 78. The output
from the summing junction 78 is then provided to the
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inflection filter 80. The resistance values of resistors R1,
R2 and R3 are selected to provide eight possible inflec-
tion levels. Specifically, weighting resistor R1 con-
nected to the least significant bit 26 has a value equal to
four times the value of weighting resistor R3 connected
to the most significant bit 28 and twice the value of
weighting resistor R2 connected to the middle inflec-
tion bit 2’. Thus, it can be seen that the contribution of
inflection bit 28 to the magnitude of the signal at sum-
ming junction 78 is twice that of inflection bit 27 and
four times that of inflection bit 26, Inflection filter 80
comprises a relatively slow acting filter whose response
time is controlled by the speech rate duty cycle signal
from the rate control circuit. The relatively slow re-
sponse time of inflection filter 80 smooths the abrupt
amplitude variations in the signal from summing junc-
tion 78 that occur when the status of the input inflection
bits are changed.

As will be recalled from FIG. 1, the output from the
inflection filter is provided to the vocal excitation
source which generates the basic voiced phoneme quan-
tity analogous to the vibrating glottis in the human
vocal tract. The vocal excitation source comprises es-
sentially an integration amplifier 82 and amplifier 86.
The output from the inflection filter 80 is provided
through a coupling resistor to the negative input of
integrator 82. The negative input to integrator 82 is also
connected through resistor R4 to a bias potential of
+ 12 volts. The positive input of integrator 82 is tied to
ground through resistor R5, and the output from inte-
grator 82 is returned to its negative input through feed-
back capacitor C1. Since the integration of a constant
potential signal is a ramp signal, it can be seen that
integrator 82 will produce a negative-going ramp signal
whose slope is proportional to the potential of the signal
at its negative input. Note also that the output from
integrator 82 is returned to its negative input through a
feedback circuit comprising resistors R6, R7 and RS,
diode D1 and amplifier 84. The purpose of this feedback
circuit is to reset the output of integrator 82 to its origi-
nal potential to start a new cycle. Thus, as will be appar-
ent to those skilled in the art, integrator 82 will produce
a sawtooth waveform, as shown in the accompanying
signal diagram, whose frequency is related to the mag-
nitude of the signal from the inflection filter 80.

Voiced signal quantities having sawtooth waveforms
have been recognized by the prior art as producing
more natural sounding speech than other types of previ-
ously employed waveforms, such as the impulse func-
tion. This is primarily due to the ability of the sawtooth
waveform to produce a wider amplitude distribution of
both odd and even harmonics. However, the basic saw-
tooth waveform fails to account for the three funda-
mental actions of the human glottis; i.e., (1) the opening
of the glottis, (2) the closing of the glottis, and (3) the
closed glottis. To more accurately simulate the actions
of the human glottis, and therefore to provide a more
natural sounding voice, the glottal waveform of the
present invention is further modified by connecting the
output of integrator 82 through a resistor R14 to the
negative input of amplifier 86. The positive input of
amplifier 86 is tied to ground. The output from amplifier
86 is returned to its negative input through a diode D3
and a shunt resistor R15. The diode D3 acts as a feed-
back short for signals exceeding its breakdown voltage,
and resistor R15 provides linear feedback for signals to
resistor R14 that are negative with respect to ground.
Thus, it can be seen that amplifier 86 has the effect of
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inverting the signal from integrator 82 and truncating
the sawtooth waveform by subtracting the lower half of
the signal, as shown in the accompanying signal dia-
gram.

In actuality, the value of diode D3 is preferrably
selected so that somewhat more than half of the saw-
tooth waveform is removed. In other words, the level
portion of the waveform provided at the output of am-
plifier 86 preferably comprises more than 50% of the
signal. Although circuitry for varying this percentage in
accordance with the production of different phonemes
has been experimented with, the increased complexity
due to the substantial amount of additional circuitry
required negated inclusion of such circuitry in the pre-
ferred embodiment of the system. Rather, the fixed
waveform utilized has been found to be highly appro-
priate for most purposes. Practically speaking, few in-
stances exist wherein a change in the cut-off level of the
signal will produce a significant difference in the quality
of the audio output.

In addition, the output signal from amplifier 86 more
closely approximates human glottal characteristics by
simulating the three fundamental actions of the human
glottis. In particular, the positive going portion of the
truncated waveform simulates the opening of the glot-
tis, the declining portion of the waveform simulates the
closing of the glottis, and the level portion of the wave-
form simulates the closed glottis. Significantly, the re-
sulting glottal waveform accounts for the fact that the
human glottis closes shortly after maximum excitation
occurs to permit the vocal chords to freely resonate in
response thereto. Since the truncated glottal waveform
produces maximum excitation as the signal reverses its
direction at its positive peak, it can be seen that the
waveform simulates the “rest” feature of human glottal
action by providing an inactive period (corresponding
to closed glottis) shortly after that portion of the signal
wherein maximum excitation occurs.

The novel glottal waveform disclosed herein is addi-
tionally significant in that it is also used in combination
with the glottal suppression circuitry to be subsequently
described to provide glottal suppression of vocal reso-
nances similar to that which naturally occurs in the
human voice. : :

It is well known that the frequency at which the
human glottis vibrates does not remain constant. The
variations in the fundamental frequency or “pitch” of
the human voice can be divided into two basic catago-
ries: voluntary and involuntary. Voluntary changes in
pitch can be described as those shifts and patterns that
an individual assigns to a message to indicate the impor-
tance of a particular word or to convey a certain emo-
tion. Involuntary changes, on the other hand, are
caused by the sub-glottal pressure and musculature
changes that naturally occur when vowels -and conso-
nants are spoken. Note, for example, the “involuntary”
change in the fundamental frequency of the voice in the
words “beat” and “bat”. The fundamental frequency
invariably decreases in the word “bat”, and increases in
the word “beat”. This is because the phoneme “¢” in the
word “beat” requires a more tense muscle condition
during articulation than the “ae” phoneme in the word
“bat”. Since it is often the case that users of a synthe-
sizer do not use the inflection command bits, the speech
produced without at least involuntary inflection infor-
mation included is very unnatural. Furthermore, when
a synthesizer is utilized primarily as a printed text-to-
audio converter, optimum use of the inflection com-
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mand bits becomes extremely difficult. In addition, if
involuntary inflection assignment is included in the
design of a synthesizer, normal inflection programming
is simplified since it can be devoted primarily to volun-
tary fundamental frequency changes.

The present invention incorporates inflection assign-
ment into its design by altering the input signals to inte-
grator 82 in accordance with certain recognized inflec-
tion patterns associated with the production of various
groups of phonemes. Looking to FIG. 3g, the relation-
ship between the fundamental frequency and the loca-
tion of the first resonant formant during the production
of vowel phonemes is shown. From a review of the
graph, it becomes apparent that the fundamental fre-
quency varies inversely with respect to changes in the
location of the first formant over the spectrum of vowel
phonemes indicated. This relationship is applied to the
present invention by connecting the output from the F1
transition filter through a resistor R11 to the positive
input of integrator 82. Thus, it can be seen that as the
signal from the F1 transition filter increases, the differ-
ence between the voltage levels at the positive and
negative inputs of integrator 82 decreases. This, in turn,
decreases the negative slope of the sawtooth waveform
at the output of integrator 82 as determined by the
voltage level on capacitor C1. The decrease in the slope
of the negative-going portion of the sawtooth wave-
form has the effect of lengthening the waveform which,
of course, decreases the frequency of the signal. Thus,
the fundamental frequency of the glottal waveform is
automatically varied inversely with respect to changes
in the F1 control signal, which controls the location of
the first formant.

Referring to FIG. 3b, the position of the mean funda-
mental frequency in various consonant environments is
shown. As illustrated in the graph, during the presence
of nasal phonemes, such as “n”, “m”, or “ng”, the mean
fundamental frequency typically decreases. This char-
acteristic inflection variation is applied to the present
invention by connecting the output from the nasal tran-
sition filter through a resistor R10 to the positive input
of integrator 82. In this manner, the fundamental fre-
quency of the glottal waveform generated at the output
of integrator 82 is made to decrease when a nasal con-
trol signal is present. More specifically, the increased
potential at the positive input of integrator 82 due to the
presence of a signal from the nasal transition filter
causes a decrease in the slope of the negative-going
portion of the sawtooth waveform in the same manner
as that previously described in relation to the inflection
modification created by the F1 control signal. Thus, the
fundamental frequency of the glottal waveform de-
creases when nasal phonemes are generated.

Looking again to FIG. 3b, it will be noted that in the
presence of fricative phonemes, such as “f”, “h”, “s”, or
“sh”, the fundamental frequency of the glottal wave-
form tends to increase. To implement this inflection
characteristic into the design of the system, the output
from the fricative amplitude transition filter is con-
nected through a resistor R9 to the negative input of
integrator 82. Since a fricative amplitude control signal
is present whenever a fricative phoneme is generated,
the potential at the negative input of integrator 82 will
increase in the presence of a fricative phoneme. By
increasing the relative potential at the negative input of
integrator 82, the time constant of the circuit is de-
creased thereby increasing the slope of the negative-
going portion of the sawtooth waveform, which in turn

—

0

40

45

60

65

14

increases the fundamental frequency of the output sig-
nal. Thus, the fundamental frequency of the glottal
waveform is made to increase during the production of
fricative phonemes.

Finally, it can be seen from FIG. 3b that in the pres-
ence of phonemes such as “b”, “d”, or “g”, the mean
fundamental frequency decreases. To implement this
inflection characteristic, it becomes necessary to select
the combination of control signals that uniquely identi-
fies the presence of these phonemes. The phonemes “b”,
“d”, and “g” are “plosive” phonemes that require the
production of a closure control signal. However, a clo-
sure control signal is also generated for the plosive
phonemes “p”, “t”, and “k”. And, as the graph in FIG.
3b illustrates, the mean fundamental frequency for the
phonemes “p”, “t”, and “k” is substantially greater than
the mean fundamential frequency for the phonemes “b”,
“d”, and “g”. Therefore, to distinguish between these
two groups of phonemes, it becomes necessary to in-
clude another conirol signal. Specifically, the phonemes
“b”, “d”, “g”, are voiced stops, while the phonemes
“p”, “t”, and “k”, are unvoiced stops. Thus, by taking
the output from the vocal amplitude transition filter and
logically “ANDing” it with the output from the closure
transition filter, the presence of the phonemes “b”, “d”,
and “g”can be uniquely determined. This inflection
modification is implemented by connecting the output
from the vocal amplitude transition filter through a pair
of series-connected resistors R12 and R13 to the posi-
tive terminal of integrator 82, and connecting the output
from the closure transition filter through a diode D2 to
the midpoint of resistors R12 and R13. With the resis-
tive value of R13 substantially greater than that of R12,
the circuit arrangement effectively operates as a logical
AND gate, thereby increasing the potential at the posi-
tive input of integrator 82 only when an cutput signal is
provided from both the vocal amplitude transition filter
and the closure transition filter. Thus, when both con-
trol signals are present, the fundamental frequency of
the glottal waveform is decreased.

It should be noted that since the inflection modifica-
tion parameters are taken off the outputs of the transi-
tion filters, changes in the inflection level of the audio
output occur gradually as in natural human speech. It is
to be further understood that the automatic inflection
control heretofore described is in addition to and less
dramatic than programmed inflection changes. How-
ever, if the system is to be primarily used as a printed
text-to-audio converter, the automatic inflection varia-
tions can be made more obvious by merely altering the
resistance values of the circuit.

As previously mentioned in the description of the
block diagram illustrated in FIG. 1, the present system
includes a high-pole compensation circuit which in-
creases the spectral energy of the glottal waveform at
high frequencies. The reference to a “high-pole” relates
to the formants high in the frequency spectrum of the
audible range. Although within the audible range, it is
generally acknowledged that the higher-pole formants
do not contribute to the intelligibility of the audio out-
put. However, their presence has been found to effect
the relative spectral energy available at the lower for-
mants which do contribute to speech intelligibility.
Accordingly, the present invention incorporates into
the system a high-pole compensation circuit which adds
a high frequency formant to the glottal waveform at
approximately 4000 Hz. This is accomplished by pro-
viding the truncated glottal waveform produced at the
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output of amplifier 86 to a highly damped bi-quad reso-
nator 96. Bi-quad resonator 96 is a fixed-pole filter virtu-
ally identical to the resonant filters used in the vocal
tract which are shown in detail in FIG. 5, except that
the output from bi-quad resonator 96 is taken off the
bandpass output terminal rather than from the low pass
output as in the vocal tract. The output from the bi-
quad resonator 96 is provided to a summing junction 94
through a summing resistor R21. The truncated glottal
waveform is also provided to the summing junction 94
through a summing resistor R20. Thus, the signal ap-
pearing at the summing junction includes the truncated
glottal waveform with the addition of a formant at
approximately 4,000 Hz, which effectively increases the
specral energy of the waveform at high frequencies.

It will be noted that the location of the formant added
to the glottal waveform is lower in frequency than the
highest resonant formant in the vocal tract. It has been
found that this relationahip is particularly important to
improving the quality of the speech generated, and
produces better results than if the formant added to the
glottal waveform was the highest formant in the speech
system.

Referring to FIG. 4, the effect of the bi-quad resona-
tor 96 on the spectral energy of the glottal waveform is
graphically illustrated. The curve identified with a “I”
represents the spectral energy of the glottal waveform
without the bi-quad resonator, and the curve identified
by a “II” represents the spectral energy of the glottal
waveform with the addition of the bi-quad resonator.
From the diagram, it can be seen that without the high-
pole compensation, the spectral energy of the glottal
waveform decays substantially at the higher frequen-
cies. However, with the addition of the high-pole com-
pensation, the spectral energy of the glottal waveform is
maintained at a high level beyond 4 KHz, which corre-
sponds to the resonant frequency of the bi-quad resona-
tor.

It shouid be noted, that high-pole compensation is
particularly important in speech synthesizers of the type
described in FIG. 1 wherein the vocal tract employs
cascaded or serially connected resonant filters. This is
due to the inherent energy loss which occurs in the
excitation signal as it passes through the lower frequen-
cy-pole resonators in the vocal tract.

Returning to FIG. 2, before vocal excitation signal is
provided to the vocal excitation controller, the signal is
passed through a high pass filter 98 which filters fre-
quencies below approximately 150 Hz. The purpose of
the high pass filter 98 is to remove the energy from the
glottal waveform at the low frequency end of the spec-
trum. This, in effect, removes the “bassiness” in the
signal, leaving the “sharper” high frequency portions of
the glottal waveform in tact, thereby improving speech
intelligibility.

As will be recalled from the discussion of FIG. 1, the
present system includes a glottal suppression circuit that
simulates the reduced impedance that is reflected in the
human vocal tract when the glottis is opened. The pur-
pose of the glottal suppression circuit can be more spe-
cifically explained as follows. The human vocal tract is
open 2t one end, the mouth, but closed at the other end,
the glottis, only part of the time. When the glottis is
open, this has the effect of reducing the impedance in
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human vocal tract that the glottal suppression circuit is
intended to simulate. Referring again to FIG. 2, the
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vocal excitation signal from amplifier 86 is provided
through an analog gate 88 and a voltage divider net-
work, consisting of resistors R18 and R19, to the posi-
tive input of a comparator amplifier 92. The negative
input of the comparator amplifier 92 is connected to the
20 KHz triangular clock signal. Comparator amplifier
92 is adapted to provide a signal at its output whenever
the magnitude of the signal applied to its positive input
exceeds the magnitude of the signal applied to its nega-
tive input. Thus, it can be seen that comparator ampli-
fier 92 will produce a 20 KHz variable pulse width
output signal whose percentage duty cycle is directly
proportional to the potential of the glottal waveform
applied to its positive input. Since the frequency of the
clock signal applied to the negative input of comparator
amplifier 92 is on the order of 200 times greater than the
frequency of the glottal waveform applied to the posi-
tive input, it will be appreciated that the output signal
from comparator amplifier $2 will appear as a rapid
succession of spikes that get progressively wider as the
glottal waveform increases in magnitude. As the glottal
waveform approaches its maximum amplitude, the out-
put signal from comparator amplifier 92 will appear
substantially as a constant level signal interposed with a
rapid succession of progressively narrower negative-
going spikes. Furthermore, it will be appreciated that
no pulses will appear at the output of comparator ampli-
fier 92 during that portion of the glottal waveform rep-
resenting the closed glottis, i.e., during the level portion
of the waveform.

The glottal suppression duty cycle signal produced at
the output of comparator 92 is applied to the vocal tract
filter unit 60. Looking to FIG. 5, the F3 and F4 bi-quad
resonant filters from the vocal tract unit are shown in
detail. As the diagram indicates, the glottal suppression
duty cycle signal is applied to the enabling terminal of
an analog gate 100 which is connected in series with a
resistor R22. Ther series combination is connected
across the “Q” or bandpass resistor R23 of the F3 bi-
quad resonator. In operation, when the analog gate 100
is open — i.e., when the glottal suppression duty cycle
signal is equal to zero — resistor R22 appears as an
infinite resistance, thus having no effect on the Q of
resonant filter F3. As the duty cycle of the glottal sup-
pression signal increases, the analog gate 100 begins
conducting, thereby reducing the effective resistance of
resistor R22, which decreases the Q of the resonator. As
the glottal suppression signal approaches maximum
duty cycle, resistor R22 approaches its rated value,
thereby decreasing the Q of resonant filter F3 to its
minimum value. The effect, therefore, is to dampen
resonance due to open glottis, with maximum dampen-
ing occurring when the glottal waveform reaches its
positive peak, which corresponds to maximum open
glottis.

It is to be understood, that the glottal suppression
duty cycle signal is aiso applied to a similar pair of
analog gates connected across the bandpass sections of
bi-quad resonators F1 and F2 in the same manner as that
described in connection with resonator F3. Thus, it will
be appreciated that the Q of all three bi-quad resonators,
F1, F2, and F3, is made to vary during the glottal period
in accordance with those portions of the glottal wave-
form simulating the opening and closing of the human
glottis.

However, contrary to the operation of the vocal
excitation source in the present speech synthesizer, the
analogous component in the human speech system, the
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glottis, is not active 100% of the time. Specifically,
during the generation of unvoiced phonemes, the glottis
is not active at all. Therefore, it can be seen that it is
desirable to include the effect of glottal suppression
only during the production of voiced phonemes. Re-
turning to FIG. 2, this is accomplished by providing the
output from the vocal amplitude transition filter to the
positive input of a comparator amplifier 90. The nega-
tive input to the comparator amplifier 90 is connected to
the midpoint of a voltage divider network comprised of
a pair of resistors R16 and R17 connected in series be-
tween a + 8 volts bias supply and ground potential. The
output from comparator amplifier 90 is connected to the
enabling terminal of the analog gate 88, which functions
as an electronic switch. The comparator amplifier 90 is
adapted to provide an enabling signal to analog gate 88
only when a signal is present from the vocal amplitude
transition filter. Since the presence of a vocal amplitude
control signal indicates the presence of a voiced pho-
neme, it will be appreciated that analog gate 88 is con-
ductive, and therefore a glottal suppression duty cycle
signal is generated, only during the production of
voiced phonemes. Accordingly, during the production
of unvoiced phonemes analog gate 88 is non-conduc-
tive, thus preventing the production of a glottal sup-
pression duty cycle signal.

Returning to FIG. 5, it will be noted that in addition
to having resonant filters F1, F2, and F3 variable, F4
has also been made variable to improve the naturalness
of the voice created. Prior art voice synthesizers typi-
cally include four or five resonant filters. However,
only the first three, F1, F2, and F3, are usually made
variable. Although it has been recognized that adding
movement to the fourth resonant filter would be desir-
able, it is usually not done because of the increased
complexity involved in generating additional data or
parameters; it being considered sufficient to make only
the first three resonant filters variable. However, it has
been found that the movement of the fourth resonant
pole to a degree tracts with the movement of the third
resonant pole. Given this relationship, the present in-
vention adds movement to the fourth resonant filter
simply by adding analog gate 106 and resistor 108 to
bi-quad resonator F4 and providing the F3 duty cycle
signal that controls the location of the frequency pole in
the F3 resonant filter to the enabling terminal of analog
gate 106. Thus, it can be seen that the F4 resonant filter
is made variable without requiring the generation of
additional data or parameters simply by using the same
variable control signal that drives the F3 resonant filter.

Looking now to FIG. 6, a circuit diagram of the flag
command decode and control unit 50 is shown. Also
included in the circuit diagram of FIG. 6 are the rate
control phoneme rate summer, and vocal amplitude and
fricative amplitude modulation circuits.

As will be recalled from the discussion of FIG. 1,
each phoneme has associated therewith a preselected
time period as determined by the phoneme timing con-
trol signal that establishes the normal period during
which the phoneme will be produced. If it is desired to
programmably vary the time period of a given pho-
neme, the present system provides two rate select bits
which offer the programmer the option of four different
time periods for each given phoneme. If the rate select
bits are not used, each phoneme will be produced for its
normal time period. However, if the programmer de-
sires to either increase or decrease the duration of a
given phoneme, the appropriate change is entered via
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the two rate select bits. Additionally, in text-to-audio
conversion applications the same phoneme can be given
greater or less stress under program control simply by
changing the rate select bits.

The present invention provides programmable rate
control by connecting the two rate bits, 29 and 210, to a
summing junction 128 through a pair of weighting resis-
tors R30 and R31, respectively. Resistor R30 is selected
to have twice the resistive value of resistor R31, thus
making the 2° bit the less significant bit and the 210 bit
the more significant bit. The summing junction 128 is
also connected to a —8 volts bias potential through
resistor R28. The output from the summing junction
128 is connected to the negative input of a summing
amplifier 130. The positive input of summing amplifier
130 is tied to ground and its output is returned through
feedback resistor R32 to its negative input. Summing
amplifier 130 effectively acts as a current-to-voltage’
converter by providing an analog output signal whose
magnitude is proportional to the current level at sum-
ming junction 128. When both of the rate select bits are
set to a logical 0, the —8 volts bias potential applied
through resistor R28 establishes the minimum current
level at summing junction 128 which, in turn, deter-
mines the minimum voltage level at the output of sum-
ming amplifier 130. In the preferred embodiment, the
circuit values are selected so that this voltage equals
approximately 2.3 volts. The output from summing
amplifier 130 is connected to the top of the rate potenti-
ometer R33 which has its other end tied to ground. The
wiper of potentiometer R33 is connected to the positive
input of a comparator amplifier 132 and through a ca-
pacitor C2 to ground. The negative input of the com-
parator amplifier 132 is connected to the 20 KHz trian-
gle clock signal. The comparator amplifier 132 pro-
duces a 20 KHz variable pulse width output signal
whose duty cycle is determined by the magnitude of the
signal applied to its positive input. The potential of the
signal applied to the positive input of comparator ampli-
fier 132 can be varied either by manually adjusting the
setting of potentiometer R33 or by varying the current
level at summing junction 128 which alters the voltage
level at the top of rate potentiometer R33. Thus, it will
be appreciated that the logical states of the two rate
select bits effect the current level at summing junction
128 which, in turn, effects the duty cycle of the speech
rate signal produced at the output of comparator ampli-
fier 132. In the preferred embodiment, the rate select
bits are normally set to a logical “01” state to permit
two levels of “increase” and a single level of “decrease”
in the duty cycle of the speech rate signal. As will be
recalled from FIG. 1, the speech rate duty cycle signal
from comparator amplifier 132 is provided to the pho-
neme timer circuit where it is combined with the pho-
neme timing control signal to determine the slope of the
timing ramp generated by the phoneme timer. Thus, it
can be seen that the two rate select bits provide means
for programmably varying the timing of individual
phonemes.

In addition, the present invention includes a flag com-
mand decode and control circuit which provides the
present system with the capability of programmably
varying the overall volume and speech rate of the audio
output. The preferred embodiment of the flag circuit
shown in FIG. 6 is designed to accept the inverted logic
of the input command word. Therefore, as a general
note to the description of the circuit, it is to be under-
stood that the presence of a signal is indicated by a
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logical “0”, and the absence of a signal is indicated by a
logical “1”,

As the circuit diagram in FIG. 6 illustrates, the flag
control circuit receives all twelve input bits from the
data command word. The flag control circuit is as-
signed a unique seven bit “name” which is entered on
the seven phoneme select input lines to “call” the flag
control circuit. The seven phoneme select bits are pro-
vided to a logic circuit 110 which decodes the informa-
tion contained on the seven phoneme select input lines
to determine when the flag control circuit is called. In
the preferred embodiment illustrated, the flag control
circuit is assigned the name “0000000”. Thus, logic
circuit 110 acts effectively as a seven input OR gate,
providing a LO output signal only when all seven of the
phoneme select bits are set to a logical zero.

When the flag control circuit is called, two of the
inflection select bits, 28 and 27 are employed as ampli-
tude select bits, and the two rate select bits are used to
vary the overall speech rate of the audio output. In
addition, the third inflection select bit 28 is employed as
a silent phoneme bit whose function will subsequently
be explained in greater detail. Each of the four ampli-
tude and rate bits are connected to one of four logical
NOR gates 112, 114, 116, and 118. When logic circuit
110 provides a LO output signal on line 111, indicating
that the flag circuit has been called, NOR gates 112,
114, 116, and 118 are enabled. In other words, when the
flag control circuit is called, the outputs from NOR
gates 112, 114, 116 and 118 will reflect the inverted
logic states of the amplitude and rate select bits. The
outpuis from the four NOR gates 112, 114, 116, and 118
are each provided to the data input (D) of a J-K flip-flop
120, 122, 124, and 126 respectively.

Flip-flops 120, 122, 124 and 126 are clocked by the
flag clock signal which is received on line 135 from the
output of an exclusive NOR gate 137. One of the inputs
to exclusive NOR gate 137 is tied to ground and its
other input is connected to the output of NOR gate 134.
NOR gate 134 has one of its inputs connected to the
output of a time delay network 136 comprised of resis-
tor R35 and capacitor C4. and its other input connected
to the Q output terminal of J-K flip-flop 154. Time delay
network 136 receives a delayed flag signal on line 131
from another time delay network 138, comprised of
resistor R34 and capacitor C3, which receives the ac-
tual flag signal from the output of logic circuit 110 on
line 111.

Assuming for now that the Q output from flip-flop
154 is set to a logical O, it can be seen that when the
signal on line 131 goes LO, the output from NOR gate
134 will go HI, causing the output from exclusive NOR
gate 137 to also go HI, which clocks flip-flops 120, 122,
124 and 126 and enters the data present at the data input
terminals of the flip-flops. It is to be understood that the
time delay circuit 138 is included to insure that the data
from the amplitude and rate select bits arrive at the
inputs to flip-flops 120, 122, 124 and 126 before the flag
clock signal on line 135. Thus, it can be seen that when
the flag circuit is called, the data (inverted) from the
amplitude and rate select bits is transferred to the Q
output terminals of the four J-K flip-flops 120, 122, 124
and 126.

The two speech rate control flip-flops, 124 and 126,
have their Q output terminals connected through a pair
of weighting resistors, R27 and R29 respectively, to the
summing junction 128. Accordingly, it can be seen that
the logic states of the Q output terminals of flip-flops
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124 and 126 also effect the current level at the summing
junction 128, which as previously discussed, determines
the voltage level at the top of the rate potentiometer
R33.

Weighting resistor R27 is preferably selected to have
a resistance of approximately one half of the value of
resistor R29. Thus, the logic state of flip-flop 124 has a
greater effect on the current level at summing junction
128 than the logic state of flip-flop 126. In addition, it
will be noted that the zero decode signal on line 139 is
connected to the reset terminal (R) of flip-flop 124 and
to the set terminal (S) of flip-flop 126. The zero decode
line presets the J-K flip-flops to their “normal” logic
states. Accordingly, the logic state of the Q output of
flip-flop 124 is normally set to “0”, and the logic state of
the Q output of flip-flop 226 is normally set to “1”.
Thus, from the normal setting, there is available two
levels of “increase” and a single level of “decrease” in
the overall speech rate of the audio output.

It will further be noted that in the preferred form of
the present invention, the value of resistor R29 (which
is greater than R27) is less than the value of resistor R31
(which is one half the value of resistor R30). In this
manner, the overall changes in the speech rate of the
audio output caused by variations in the logic states of
flip-flops 124 and 126 when the flag circuit is called are
more pronounced than the fluctuations in the relative
time periods of individual phonemes created by changes
in the logic states of the rate select bits 2° and 210 as
applied through resistors R30 and R31 respectively.

It is also to be noted that since the logic states of
flip-flops 124 and 126 remain constant until a new clock
pulse is received at their clock terminals (CL), it can be
seen that a programmed change in the overall speech
rate of the system will remain after the duration of the
flag phoneme. More specifically, changes in the logic
states of flip-flops 124 and 126 are fixed, notwithstand-
ing subsequent adjustments in the two rate select bits,
until the flag phoneme command is again encountered.
Thus, it will be appreciated that the present system
offers the capability of programmably adjusting the
timing of individual phonemes via the rate select bits, or
programmably changing the overall speech rate of the
audio output via the flag command and control circuit
in combination with the two rate select bits.

Looking now to the amplitude control section of the
circuit shown in FIG. 6, the Q output terminals of the
volume control flip-flops 120 and 122 are connected
through a pair of weighting resistors, R24 and R25
respectively, to a summing junction 140. The summing
junction 140 is also tied to a +35 volts bias potential
through resistor R26. Accordingly, it will be under-
stood that the logical states of flip-flops 120 and 122,
together with the contribution from the +5 volts bias
potential, control the current level at summing junction
140. The 45 volts bias potential as applied through
resistor R26 establishes the minimum current level at
summing junction 140 when the Q outputs from flip-
flops 120 and 122 are both set to a logical “0”, The
output from summing junction 140 is provided to a pair
of analog gates 142 and 144. The enabling terminals of
analog gates 142 and 144 are connected to receive the
fricative amplitude and vocal amplitude control signals,
respectively, from ROM 14. The other sides of analog
gates 142 and 144 are each connected to the positive
input of an operational amplifier, 150 and 152, respec-
tively, through another pair of analog gates, 146 and
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148, respectively, whose function will be explained
later.

Amplifiers 150 and 152 are each connected in a volt-
age follower arrangement with their positive inputs tied
to ground through resistors R36 and R37, respectively,
and their outputs returned to their negative inputs. In
this manner, amplifiers 150 and 152 provide a low impe-
dance drive to the closure delay and vocal delay circuits
to which the output signals from amplifiers 150 and 152,
respectively, are applied.

The magnitude of the fricative amplitude and vocal
amplitude control signals is modulated in the following
manner. With additional reference to FIG. 7, the sum-
ming junction 140 provides a constant potential signal
to analog gates 142 and 144, whose magnitude, for ex-
ample 3 volts, is determined by the logic states of flip-
flops 120 and 122. It is to be understood that if analog
gates 142 and 144 were continuously enabled by the
fricative amplitude and vocal amplitude control signals,
respectively, analog gates 142 and 144 would appear as
simple conductors. As such, the constant potential sig-
nal from summing junction 140 would simply be trans-
mitted to the positive inputs of amplifiers 150 and 152
unaltered. However, it will be recalled that the fricative
amplitude and vocal amplitude control signals from
ROM 14 comprise time weighted variable pulse width
square wave signals that vary in magnitude between 0
and 5 volts. Thus, it will be appreciated that when the
amplitude control signals from ROM 14 are “H1”, the
analog gates 142 and 144 will conduct the signal from
summing junction 140. Conversely, when the amplitude
control signals from ROM 14 are “LO”, the analog
gates 142 and 144 will act as open switches and prevent
transmission of the signal from summing junction 140.

Thus, as shown in FIG. 7, the output signals from
analog gates 142 and 144 comprise variable pulse width
square wave signals whose duty cycle is equivalent to
the duty cycle of the fricative amplitude and vocal
amplitude control signals, respectively, but whose volt-
age swing is limited to the magnitude of the signal from
summing junction 140. In other words, the output sig-
nals produced by analog gates 142 and 144 are equiva-
lent to the fricative amplitude and vocal amplitude
control signals respectively, except that the amplitude
of the signals has been modulated to correspond to the
voltage potential at summing junction 140. Thus, since
the value of the amplitude control signals is determined
by their average amplitudes over a 15 clock pulse per-
iod, it can be seen that the volume of the audio output is
accordingly changed. In addition, since the logic states
of flip-flops 120 and 122 remain constant until another
flag clock signal is received on line 135, the overall
change in the volume of the audio output will persist
until a subsequent flag command is encountered, irre-
‘spective of changes in the two inflection select bits 26
and 27. :

It will also be noted that the zero decode line 139
which establishes the normal amplitude setting, is con-
nected to the reset terminal of flip-flop 120 and the set
terminal of flip-flop 122. Since flip-flop 120 supplies the
less significant bit and flip-flop 122, the more significant
bit, the normal amplitude setting preferably permits two
levels of decrease and a single level of increase.

As previously mentioned, the flag command and
control circuit also provides the system with the capa-
bility of introducing an articulated silent phoneme into
the speech pattern. Looking at the circuit diagram in
FIG. 6, the output from logic circuit 110 is additionally
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provided to one of the inputs of a dual input NOR gate
156. The silent phoneme bit 28 is connected to the other
input to NOR gate 156, and the output from NOR gate
156 is applied to the data input terminal of J-K flip-flop
154. Accordingly, it can be seen that when the flag
control circuit is called, as indicated by a LO output
signal from logic circuit 110, and the silent phoneme bit
28 is set to a logical 6, the output from NOR gate 156
will go HI. The Q output terminal of flip-flop 154 is
connected to the enabling terminals of analog gates 146
and 148. With the zero decode line 139 connected to the
reset terminal of flip-fiop 154, the Q output of flip-flop
154 is normally HI. Therefore, analog gates 146 and 148
are normally conducting. Thus, it will be understood
that in the absence of a silent phoneme, the fricative
amplitude and vocal amplitude control signals are con-
ducted by analog gaties 146 and 148 respectively. How-
ever, in the presence of a silent phoneme, a HI signal is
provided to the data terminal of flip-flop 154, which
causes the logic state of Q to go LO when the appropri-
ate silent phoneme clock signal on line 158 is provided

" to the clock terminal of flip-flop 154. When this occurs,
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analog gates 146 and 148 are rendered nonconductive,
thus preventing the transmission of both the fricative
amplitude and vocal amplitude contro! signals. In the
absence of both amplitude control signals, neither the
voiced nor unvoiced excitation signal quantities are
injected into the vocal tract.

However, as will subsequently be explained in
greater detail, although the duration of the flag com-
mand phoneme is extremely brief, the duration of the
silent phoneme is equivalent to the period of a normal
voiced phoneme. Consequently, the articulation pattern
for any phoneme can be generated during the silent
phoneme period following the flag command. The pri-
mary advantage of this novel feature is as follows.

Although theoretically any desired speech sound
should be capable of being produced by the proper
phoneme combination, in actuality, there are certain
speech sounds which simply cannot accurately be pro-
duced utilizing phonemes alone. For example, words
with vowelized beginnings, as well as words beginning
with the letters “1” or “w”, are words in which the
articulation patterns are formed before actual voicing of
the words begins. In particular, notice how the mouth
prepares to annunciate the words “oak”, “ear” “like”,
and “walk” before the words are actually spoken. With-
out this preparation, these words begin too abruptly and
sound unnatural, as if the first phoneme in each word
were partially dropped.

The silent phoneme feature of the present system can
be used-to simulate this articulation characteristic of
human speech by providing the means for setting the
articulation pattern for a particular phoneme before the
phoneme is actually generated. For example, if a word
beginning with the letter “w” is to be produced, the
preferred sequence of input command words would call
for a silent flag phoneme followed by two “w” pho-
nemes. In this manner, although the first “w” phoneme
following the flag command is not vocalized, the articu-
lation pattern for the “w” phoneme is still formed dur-
ing the silent phoneme period. Accordingly, with its
articulation pattern set in advance as in human speech,
the vocalization of the second “w” phoneme is mark-
edly smoother and natural sounding.

In addition, the silent phoneme feature can also be
used to improve the speech recognition of certain
sounds that appear at the end of words. In particular,
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words whose endings tend to “trail off”, such as those
ending in nasal phonemes, sound as if an additional
phoneme has been included when the articulation pat-
tern of the last phoneme is abruptly terminated. For
example, if the “n” phoneme in the word “sun” is
abruptly terminated, the word sounds more like “suna”.
This is primarily due to the fact that the residual energy
in the vocal tract is vocalized as something other than
an “n” after the duration of the “n” phoneme period.

To prevent this from occuring, the silent flag com-
mand can be used in combination with an additional “n”
phoneme to add a “silent n” to the end of the word. In
this manner, the articulation pattern of the “n”” phoneme
is maintained, causing the nasal “n” sound to fade more
naturally.

As previously alluded to, the relative timing of the
various clock and data signals in the flag circuit is im-
portant to its proper operation, and therefore, will be
explained in detail. Referring additionally to FIG. 8, a
signal diagram illustrating the conditions of various
signals at selected points in the flag circuit is shown. At
the outset, it is to be understood that when the flag
phoneme is called to vary the overall speech rate and-
/or volume of the audio output, it is desirable to rapidly
proceed to the next phoneme without committing an
entire phoneme time period to the flag command. This
is because the flag circuit does not require the relatively
long amount of time allocated to the production of a
typical phoneme to execute the instructed changes.
Thus, to avoid the inclusion of a pause into the speech
pattern whenever the overall rate and/or volume of the
audio output is changed, the flag circuit is adapted to
produce another phoneme clock signal in rapid succes-
sion to the clock signal that called the flag phoneme.

Looking to FIG. 6, the phoneme clock signal that
controls the timing of the input command words (PCI)
is provided to a pair of exclusive OR gates 164 and 166.
The other input of exclusive OR gate 166 is connected
to the output from time delay 138 which provides the
delayed flag signal (FD) on line 131. The other input of
exclusive OR gate 164 is also connected to the output
from time delay 138 through an inverter 168 and an-
other time delay network 160. The signal present at the
output of the second time delay network 160 is identi-
fied by the notation (FDD).

The outputs from exclusive OR gates 164 and 166 are
provided to another exclusive OR gate 170 which has
its output connected to one of the inputs of a dual-input
NOR gate 172. The other input to NOR gate 172 is
connected to the output of time delay network 138. The
output from NOR gate 172 is applied to another dual-
input NOR gate 174 which has its other input connected
to the (PCI) line through an inverter 176. For purposes
of this explanation, the output signal from NOR gate
174 can be considered equivalent to the phoneme clock
out signal (PCO).

Assuming that a flag phoneme command is not pres-
ent, as indicated by a HI output signal (F) from logic
circuit 110, it can be seen that the phoneme clock signal
is unaltered by the timing circuit. In other words, the
phoneme clock out signal (PCO) is equivalent to the
phoneme clock in signal (PCI). Under this condition,
normal clocking of the input command words takes
place.

However, in the presence of a flag phoneme, the
output from logic circuit 110 goes LO. When this oc-
curs, the timing circuit adds a second phoneme clock
pulse into the phoneme clock signal.
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Referring to the signal diagram in FIG. 8, this is
accomplished as follows. Since we are dealing here
with inverted logic, the phoneme clock pulse on the
(PCI) line appears as a negative pulse approximately
180 psec in duration. The positive-going edge of the
clock signal, as indicated at time t1 in the timing dia-
gram, corresponds to the point in time when the flag
phoneme command is initially called. After a delay of
approximately 110 usec, at time t2, the logic circuit 110
responds to the phoneme command by providing a LO
signal at its output (F). This 110 psec delay is due pri-
marily to the inherent delay in the keyboard or other
similar device which provides the digital input com-
mand words. Approximately 10 psec after time t2,
equivalent to ‘the delay introduced by time delay net-
work 138, the delayed flag signal (FD) at the output of
network 138 goes LO, causing the phoneme clock out
signal (PCO) to also go LO, as indicated at time t3.
After an additional period of approximately 220 usec,
equivalent to the delay introduced by time delay net-
work 160, the twice delayed and inverted flag signal
(FDD) at the output of network 160 goes LO, causing
the phoneme clock out signal (PCO) to again go HI.
Thus, it can be seen that another positive-going edge is
added to the phoneme clock signal at time t6 which is
effective to call the next phoneme command word ap-
proximately 340 usec after the flag phoneme command
is called.

However, to insure that the programmed changes in
the overall rate and/or volume of the audio output are
executed, it is important that the flag clock signal (FCL)
on line 135 is produced before time t6. In other words,
the four rate and volume flip-flops 120, 122, 124 and 126
must be clocked during the 220 psec time delay intro-
duced by time delay network 160.

Returning to time t3, the delayed flag signal (FD) on
line 131 is provided to another time delay network 136
which further delays the flag signal by approximately
50 psec. When this twice delayed flag signal, indicated
by the notation (FD'), goes LO at time i5, (assuming the
absence of a silent phoneme) the flag clock signal (FCL)
on line 135 goes HI which enters the information pres-
ent at the data terminals of flip-flops 120, 122, 124 and
126.

Turning now to the situation wherein the flag circuit
is called for the purpose of inserting a silent phoneme
into the speech output, it is to be understood that the
duration of the silent phoneme in this sitvation is desired
to coincide with the time period of a typical phoneme.
Furthermore, in the preferred form of the present in-
vention, the flag circuit is adapted to maintain the status
of the rate and amplitude flip-flops 120, 122, 124 and 126
when a silent phoneme is generated so that the condi-
tions that existed before the production of the silent
phoneme will continue after the production of the silent
phoneme.

Returning to FIG. 6, the output from NOR gate 174
is provided to another time delay network 162 com-
prised of resistor R39 and capacitor C6. The output
from network 162 is tied to both inputs of a dual-input
NOR gate 176, and the output from NOR gate 176 is
connected to the clock terminal (CL) of silent phoneme
flip-flop 154. Thus, as the timing diagram in FIG. 8
illustrates, the silent phoneme clock signal (SPCL) on
line 158 is equivalent to the phoneme clock out signal
(PCO) inverted and delayed by the time delay intro-
duced by network 162, approximately 10 psec.
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Since flip-flop 154 is latched by the positive-going
edge of a signal pulse received at its clock input (CL), it
can be seen that when the silent phoneme clock signal
(SPCL) first clocks flip-flop. 154 prior to time t1, the
silent phoneme signal (SP) from input bit 28, has not yet
arrived at the data input terminal of flip-flop 154. There-
fore, despite the enabling clock signal on line 158, the Q
output from flip-flop 154 remains HI, thus momentarily
maintaining the conductivity of analog gates 146 and
148. As the timing diagram indicates, the presence of a
silent phoneme (SP) is not recognized at the data input
terminal of flip-flop 154 until time t2 when the output
from logic circuit 110 (F) goes LO. Approximately 10
usec later, at time t3, the phoneme clock signal from
NOR gate 174 again goes LO which, after the addi-
tional 10 usec delay introduced by network 162, causes
the silent phoneme clock signal (SPCL) on line 158 to
again clock flip-flop 154. Thus, at time t4, approxi-
mately 300 psec after the first positive-going pulse on
line 158, the silent phoneme signal (SP) from bit 28 is
entered into flip-flop 154. This drives the Q output from
flip-flop 154 LO which renders analog gates 146 and
148 non-conductive.

The additional 10 psec delay introduced by network
162 is a precautionary measure to insure that the silent
phoneme signal (SP) arrives at the data input of flip-flop
154 before the second positive-going pulse on line 158,
In addition, since the silent phoneme signal (SP) is not
entered until the second positive-going edge in the silent
phoneme clock signal (SPCL), it will be appréciated
that another positive-going pulse will not be encoun-
tered until the succeeding phoneme clock pulse is gen-
erated to_enter the next phoneme command word.
Thus, the Q output signal from flip-flop 154 will remain
LO for the duration of the phoneme time period.

Finally, to prevent the logic states of flip-flops 120,
122, 124 and 126 from changing when a silent phoneme
is present, the Q output signal (LSP) from flip-flop 154
is provided to one of the inputs to NOR gate 134. When
the Q output signal (LSP) from flip-flop 154 goes HI at
time t4, the output from NOR gate 134 is driven LO,
regardless of the status of the signal (FD’) at its other
input. This, in turn, holds the flag clock signal (FCL) on
line 135 LO, preventing the latching of flip-flops 120,
122, 124 and 126. Thus, it is imperative that the time
delay introduced by network 136 is sufficient to insure
that the Q output signal (LSP) from flip-flop 154 goes
HI (at t4) before the (FD') signal goes LO (at t5). In the
preferred embodiment, t4 is approximately 40 usec
before tS, therefore, it can be seen that the overall
speech rate and volume parameters of the audio output
are fixed during the presence of a silent phoneme.

While the above description constitutes the preferred
embodiments of the invention, it will be appreciated
that the invention is susceptible to modification, varia-
tion and change without departing from the proper
scope or fair meaning of the accompanying claims.

I claim: .

1. In an electronic device for phonetically synthesiz-
ing human speech by synthetically generating and com-
bining the basic phonetic sounds in speech including
input means responsive to successive input data identi-
fying a desired sequence of phonemes for producing
control signals comprising the parameters electroni-
cally defining the articulation patterns of said desired
sequence of phonemes, a vocal source adapted to pro-
duce a voiced excitation signal having associated there-
with a fundamental frequency, and output means re-
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sponsive to said control signals for electronically form-
ing the articulation patterns of said desired sequence of
phonemes and further responsive to said voiced excita-
tion signal for producing said desired sequence of pho-
nemes; the improvement comprising:

inflection control means connected to said vocal

source for automatically varying the fundamental
frequency of said voiced excitation signal in accor-
dance with certain of said control signals produced
by said input means.

2. The speech synthesizer of claim 1 wherein said
inflection control means is further adapted to vary the
fundamental frequency of said voiced excitation signal
by an amount related to the magnitudes of said certain
of said control signals.

3. The speech synthesizer of claim 1 wherein said
inflection control means is further responsive to said
input data to vary the fundamental frequency of said
voiced excitation signal.

4. The speech synthesizer of claim 3 wherein said
input data comprises a plurality of 12-bit digital com-
mand words wherein three of the input bits from each
of said command words are applied to said inflection
control means to vary the fundamental frequency of
said voiced excitation signal.

5. The speech synthesizer of claim 1 further including
a fricative source adapted to produce an unvoiced exci-
tation signal.

6. The speech synthesizer of claim 5 wherein one of
said control signals is produced by said input means
whenever a phoneme requiring fricative energy is to be
generated, and said inflection control means is adapted
to increase the fundamental frequency of said voiced
excitation signal whenever said one control signal is
produced.

7. The speech synthesizer of claim 1 wherein one of
said control signals is produced by said input means
whenever a nasal phoneme is to be generated, and said
inflection control means is adapted to decrease the fun-
damental frequency of said voiced excitation signal
whenever said one control signal is produced.

8. The speech synthesizer of claim 1 wherein said
output means includes vocal tract means comprising a
plurality of resonant filters that are adapted to substan-
tially produce the frequency spectrum of each phoneme
in said desired sequence of phonemes, said plurality of
resonant filters including at least one variable resonant
filter that is tunable under the control of one of said
control signals and is adapted to produce the first reso-
nant formant in the frequency spectrums of said desired
sequence of phonemes.

9. The speech synthesizer of claim 8 wherein said
inflection control means is adapted to decrease the fun-
damental frequency of said voiced excitation signal
whenever said one control signal is produced.

10. The speech synthesizer of claim 1 wherein a first
of said control signals is produced by said input means
whenever a phoneme requiring vocal energy is to be
generated and a second of said control signals is pro-
duced by said input means whenever a plosive phoneme
is to be generated, and said inflection control means is
adapted to decrease the fundamental frequency of said
voiced excitation signal whenever said first control
signal and said second control signal are produced for
the same phoneme.

11. An electronic device for phonetically synthesiz-
ing human speech comprising:
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input means responsive to input data identifying a
desired sequence of phonemes to produce control
signals representing the parameters defining said
desired sequence of phonemes;
a vocal source adapted to produce a voiced excitation
signal having a waveform of varying magnitude;

vocal tract means responsive to said voiced excitation
signal and said control signals to produce said de-
sired sequence of phonemes including a plurality of
resonant filters having predetermined bandwidths
associated therewith adapted to produce the reso-
nant formants in the frequency spectrums of said
phonemes; and

suppression means for simulating the suppression of

formant resonances in the human vocal tract due to
the opening of the glottis by varying the band-
widths of at least some of said plurality of resonant
filters in accordance with the magnitude of said
voiced excitation signal.

12. The speech synthesizer of claim 11 wherein said
suppression means increases said bandwidths as the
magnitude of said voiced excitation signal increases.

13. The speech synthesizer of claim 12 wherein said
suppression means is adapted to produce a variable
pulse width square wave signal whose duty cycle is
proportional to the magnitude of said voiced excitation
signal.

14. The speech synthesizer of claim 13 wherein each
of said resonant filters affected by said suppression
means has a bandpass section thereof having connected
in shunt therewith an electronic control device that is
adapted to conduct a current across said bandpass sec-
tion under the control of said suppression signal such
that the percentage of time during which said electronic
control device conducts current is related to the per-
centage duty cycle of said suppression signal.

15. The speech synthesizer of claim 14 wherein said
suppression signal is applied to the three resonant filters
in said vocal tract means adapted to produce the first
three resonant formants in the frequency spectrums of
said phonemes.

16. The speech synthesizer of claim 12 wherein said
vocal source is adapted to produce a voiced excitation
signal having a waveform comprised of a first segment
that increases in magnitude, a second segment that de-
creases in magnitude, and a third segment that remains
at a constant magnitude.

17. The speech synthesizer of claim 16 wherein said
first segment increases relatively gradually in magni-
tude from an original level to a maximum level, said
second segment declines relatively rapidly in magnitude
from said maximum level to said original level, and said
third segment remains constant at said original magni-
tude level.

18. The speech synthesizer of claim 17 wherein said
voiced excitation signal comprises substantially a trun-
cated sawtooth waveform.

19. The speech synthesizer of claim 16 wherein said
suppression means increases said predetermined band-
widths of said resonant filters during said first segment
of said voiced excitation signal, decreases said band-
widths of said resonant filters from said increased levels
during said second segment of said voiced excitation
signal, and has no effect on said predetermined band-
widths of said resonant filters during said third segment
of said voiced excitation signal.

20. The speech synthesizer of claim 19 wherein the
duration of said third segment of said voiced excitation
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signal is at least as great as the duration of said first and
second segments combined.
21. The speech synthesizer of claim 11 wherein said
suppression means is adapted to vary said bandwidths in
accordance with the magnitude of said voiced excita-
tion signal only during the production of phonemes
requiring voiced excitation energy.
22. The speech synthesizer of claim 21 wherein one of
said control signals is produced by said input means
whenever a phoneme requiring vocal energy is to be
generated, and said suppression means is adapted to
effect the bandwidths of said resonant filters only when
said one control signal is produced.
23. The speech synthesizer of claim 22 wherein said
one control signal comprises a vocal amplitude control
signal.
24. The speech synthesizer of claim 11 further includ-
ing circuit means for adding a relatively high fixed
frequency formant to said voiced excitation signal to
increase the excitation energy of said voiced excitation
signal at high frequencies.
25. The speech synthesizer of claim 24 wherein said
circuit meeans comprises a fixed-pole resonant filter.
26. The speech synthesizer of claim 25 wherein said
resonant filter is adapted to resonate at a frequency of
approximately 4000 Hz.
27. The speech synthesizer of claim 26 wherein said
plurality of resonant filters in said vocal tract means
includes a fixed-pole resonant filter adapted to resonate
at a frequency greater than 4000 Hz.
28. The speech synthesizer of claim 27 wherein said
fixed-pole resonant filter in said vocal tract means is
adapted to resonate at a frequency of approximately
4400 Hz.
29. The speech synthesizer of claim 24 wherein said
plurality of resonant filters in said vocal tract means are
connected in cascaded form.
30. An electronic device for phonetically synthesiz-
ing human speech comprising:
input means responsive to input data identifying a
desired sequence of phonemes to produce control
signals representing the parameters defining said
sequence of phonemes; and ,

vocal tract means responsive to said control signals to
produce said desired sequence of phonemes includ-
ing a plurality of resonant filters that produce the
resonant formants in the frequency spectrums of
said desired sequence of phonemes, said plurality of
resonant filters including three variable resonant
filters each tunable under the control of one of said
control signals to produce the first three formants
in said frequency spectrums and a fourth variable
resonant filter tunable under the control of one of
said control signals that tunes one of said first three
variable resonant filters to produce the fourth for-
mant in said frequency spectrums.

31. The speech synthesizer of claim 30 wherein said
fourth resonant filter is tunable under the control of the
same control signal that tunes said third resonant filter.

32. The speech synthesizer of claim 30 further includ-
ing vocal source means for providing voiced excitation
energy to said vocal tract means by producing a voiced
excitation signal that contains a relatively wide distribu-
tion of both odd and even harmonics and additionally
contains a relatively high fixed frequency formant that
maintains the energy content of said excitation signal
above a predetermined level at relatively high frequen-
cies.
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33. The speech synthesizer of claim 32 wherein said
vocal tract means includes a fifth resonant filter adapted
to resonate at a frequency higher than said relatively
high fixed frequency formant in said voiced excitation
signal.

34. The speech synthesizer of claim 33 wherein said
fixed frequency formant in said voiced excitation signal
is located at approximately 4000 Hz and said fifth reso-
nant filter of said vocal tract means is adapted to reso-
nate at approximately 4400 Hz.

35. The speech synthesizer of claim 39 wherein said
plurality of resonant filters in said vocal tract means are
connected in cascaded form.

36. An electronic device for phonetically synthesiz-
ing human speech comprising:

a vocal source adapted to produce a voiced excitation

signal;

a fricative source adapted to produce an unvoiced

excitation signal;
input means responsive to the receipt of input data
identifying a desired sequence of phonemes to pro-
duce a plurality of control signals representing the
parameters defining the phonemes identified by
said input data including a first control signal for
controlling the amplitude of said voiced excitation
signal and a second control signal for controlling
the amplitude of said unvoiced excitation signal;

vocal tract means responsive to said voiced and un-
voiced excitation signals and said control signals to
produce an audio output comprised of said desired
sequence of phonemes integrated into intelligible
human speech; and

amplitude control means for varying the relative

overall amplitude of said audio output by modulat-
ing a preselected signal characteristic of said first
and second control signals.

37. The speech synthesizer of claim 36 wherein said
amplitude control means is responsive to predetermined
input data to vary the relative overall amplitude of said
audio output while preserving the relative amplitude
variations in said voiced and unvoiced excitation signals
that occur from phoneme to phoneme under the control
of said first and second control signals respectively, by
continuously modulating said preselected signal charac-
teristic of said first and second control signals by a
certain percentage.

38. The speech synthesizer of claim 37 wherein said
input data comprises a plurality of digital command
words, each comprised of a plurality of input bits, and
said amplitude control means is responsive to predeter-
mined digital command words to modulate said prese-
lected signal characteristic of said first and second con-
trol signals in accordance with the value of certain of
the input bits in said predetermined digital command
words.

39. The speech synthesizer of claim 38 wherein said
certain percentage of modulation is determined by the
value of said certain input bits in said predetermined
digital command words.

40. The speech synthesizer of claim 39 wherein said
preselected signal characteristic corresponds to the
amplitude of said first and second control signals.

41. The speech synthesizer of claim 40 wherein said
amplitude control means includes means for producing
a d.c. signal whose magnitude is determined by the
value of said certain input bits, and control means
adapted to modulate the amplitude of said first and
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second contro! signals in accordance with the magni-
tude of said d.c. signal.

42. The speech synthesizer of claim 41 wherein said
control means includes a first electronic control device
adapted to conduct said d.c. signal under the control of
said first control signal and a second electronic control
device adapted to conduct said d.c. signal under the
control of said second control signal.

43. The speech synthesizer of claim 42 wherein said
first electronic control device comprises an analog gate
having its input connecied to receive said d.c. signal and
its control terminal connected to receive said first con-
trol signal, and said second electronic control device
comprises an analog gate having its input connected to
receive said d.c. signal and its control terminal con-
nected to receive said second control signal.

44. The speech synthesizer of claim 36 further includ-
ing circuit means responsive to said input data for pro-
ducing a silent phoneme by preventing said voiced and
unvoiced excitation signals from exciting said vocal
tract means.

45. The speech synthesizer of claim 44 further includ-
ing first modulating means for modulating the ampli-
tude of said voiced excitation signal in accordance with
said first control signal and second modulating means
for modu‘latmg the amplitude of said unvoiced excita-
tion signal in accordance with said second control sig-
nal.

46. The speech synthesizer of claim 45 wherein said
circuit means is adapted to exclude said first and second
control signals from said first and second modulating
means respectively in response to the receipt of prede-
termined input data.

47. The speech synthesizer of claim 46 wherein said
circuit means includes means for producing an enabling
signal until said predetermined input data is received,
and control means connected between said input means
and said first and second modulating means and adapted
to prevent said first control signal from being transmit-
ted to said first modulating means and said second con-
trol signal from being transmitted to said second modu-
lating means upon the termination of said enabling sig-
nal.

48. An electronic device for phonetically synthesiz-
ing human speech inciuding:

input means responsive to input data identifying a

desired sequence of phonemes to produce control
signals representing the parameters defining said
phonemes;
timing means responsive to one of said control signals
to produce a timing signal that determines the du-
ration of production of each of said phonemes;

vocal tract means responsive to said control signals to
produce an audio cutput comprised of said desired
sequence of phonemes; and

first rate control means responsive to said input data

for varying phoneme timing by producing a speech
rate signal in accordance with said input data that is
provided to said timing means to vary said timing
signal, said first rate control means including sec-
ond rate conirol means responsive to predeter-
mined input data to vary the relative overall speech
rate of said audio output while preserving the rela-
tive variations in the intervals of phoneme produc-
tion that occur from phoneme to phoneme under
the control of said one control signal by uniformly
varying a preselected signal characteristic of said
speech rate signal.
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49. The speech synthesizer of claim 48 wherein said
first rate control means is adapted to produce a speech
rate signal comprising a variable pulse width square
wave whose duty cycle is determined by said input
data.

50. The speech synthesizer of claim 49 wherein said
second rate control means is adapted to produce an
output signal in accordance with said predetermined
input data whose magnitude also determines the duty
cycle of said speech rate signal.

51. The speech synthesizer of claim 50 wherein said
timing signal comprises a ramp signal that varies be-
tween two predetermined magnitude levels in a time
interval that determines the duration of phoneme pro-
duction, and the slope of said timing signal is deter-
mined by the duty cycle of said speech rate signal.

52. The speech synthesizer of claim 50 wherein said
input data comprises a plurality of digital command
words each comprising a plurality of input bits, and the
duty cycle of said speech rate signal is determined by
the value of certain of said input bits in each of said
digital command words.

53. The speech synthesizer of claim 52 wherein said
second rate control means is responsive to predeter-
mined digital command words to vary the magnitude of
said output signal in accordance with the value of cer-
tain of said input bits in said predetermined digital com-
mand words.

54. An electronic device for phonetically synthesiz-
ing human speech including:

input means responsive to input data identifying a

desired sequence of phonemes to produce a plural-
ity of control signals representing the parameters
defining said desired sequence of phonemes;

a vocal source adapted to produce a voiced excitation

signal;

a fricative source adapted to produce an unvoiced

excitation signal;

vocal tract means responsive to said voiced and un-

voiced excitation signals to produce an audio out-
put comprised of said sequence of phonemes in
accordance with said control signals; and

circuit means responsive to said input data for causing

said vocal tract means to produce a silent phoneme
by preventing said voiced and unvoiced excitation
signals from exciting said vocal tract means, said
vocal tract means being adapted to form in accor-
dance with said control signals the articulation
pattern of the succeeding phoneme indentified by
said input data during production of said silent
phoneme.

55. The speech synthesizer of claim 54 further includ-
ing first modulating means for modulating the ampli-
tude of said voiced excitation signal in accordance with
a first of said control signals produced by said input
means whenever a phoneme requiring vocal energy is
to be generated, and second modulating means for mod-
ulating the amplitude of said unvoiced excitation signal
in accordance with a second of said control signals
produced by said input means whenever a phoneme
requiring fricative energy is to be produced.

56. The speech synthesizer of claim 55 wherein said
circuit means is adapted to exclude said first and second
control signals from said first and second modulating
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means respectively in response to the receipt of prede-
termined input data.

57. The speech synthesizer of claim 56 wherein said
circuit means includes means for producing an enabling
signal until said predetermined input data is received,
and control means connected between said input means
and said first and second modulating means that is
adapted to prevent both said first control signal from
being transmitted to said first modulating means and
said second control signal from being transmitted to
said second modulating means upon the termination of
said enabling signal.

58. The speech synthesizer of claim 57 wherein said
control means includes a first electronic control device
adapted to conduct said first control signal whenever
said enabling signal is produced and a second electronic
control device adapted to conduct said second control
signal whenever said enabling signal is produced.

59. The speech synthesizer of claim 55 further includ-
ing amplitude control means responsive to said input
data to vary the relative overall amplitude of said audio
output by continuously modulating a preselected signal
characteristic of said first and second control signals by
a certain percentage determined by said input data.

60. The speech synthesizer of claim 59 wherein said
circuit means is adapted to preserve said certain per-
centage of modulation that existed prior to the silent
phoneme so that the relative overall amplitude level of
the audio output that existed prior to the silent phoneme
will continue to exist after the silent phoneme.

61. For an electronic device for phonetically synthe-
sizing human speech including a vocal source adapted
to produce a voiced excitation signal and a vocal tract
responsive to said voiced excitation signal to substan-
tially produce the frequency spectrums of a desired
sequence of phonemes;

high pole compensation means adapted to add a rela-

tively high fixed-frequency formant to said voiced
excitation signal to increase the energy content of
said voiced excitation signal at relatively high fre-
quencies.

62. The speech synthesizer of claim 61 wherein said
vocal tract includes a plurality of resonant filters includ-
ing at least one resonant filter that is adapted to resonate
at a frequency higher than the high frequency formant
added to said voiced excitation signal.

63. The speech synthesizer of claim 62 wherein said
plurality of resonant filters are connected in cascaded
form.

64. The speech synthesizer of claim 62 wherein said
one resonant filter is adapted to resonate at 4400 Hz and
said high frequency formant is located at 4000 Hz.

65. The speech synthesizer of claim 61 wherein said
vocal source is adapted to produce a voiced excitation
signal comprising a truncated sawtooth waveform.

66. The speech synthesizer of claim 48 further includ-
ing variable rate transition means connected between
said input means and said vocal tract means for smooth-
ing the abrupt variations that occur in said control sig-
nals between successive phonemes, said variable rate
transition means having associated therewith response
times which are adapted to be varied in accordance
with variations in said preselected signal characteristic

of said speech rate signal.
&« % % X &
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