
 

Hardware implementation of a digital speech synthesizer

Citation for published version (APA):
Jimenez Nichols, H. (1977). Hardware implementation of a digital speech synthesizer. (IPO Rapport; Vol. 318).
Instituut voor Perceptie Onderzoek (IPO).

Document status and date:
Published: 01/01/1977

Document Version:
Publisher’s PDF, also known as Version of Record (includes final page, issue and volume numbers)

Please check the document version of this publication:

• A submitted manuscript is the version of the article upon submission and before peer-review. There can be
important differences between the submitted version and the official published version of record. People
interested in the research are advised to contact the author for the final version of the publication, or visit the
DOI to the publisher's website.
• The final author version and the galley proof are versions of the publication after peer review.
• The final published version features the final layout of the paper including the volume, issue and page
numbers.
Link to publication

General rights
Copyright and moral rights for the publications made accessible in the public portal are retained by the authors and/or other copyright owners
and it is a condition of accessing publications that users recognise and abide by the legal requirements associated with these rights.

            • Users may download and print one copy of any publication from the public portal for the purpose of private study or research.
            • You may not further distribute the material or use it for any profit-making activity or commercial gain
            • You may freely distribute the URL identifying the publication in the public portal.

If the publication is distributed under the terms of Article 25fa of the Dutch Copyright Act, indicated by the “Taverne” license above, please
follow below link for the End User Agreement:
www.tue.nl/taverne

Take down policy
If you believe that this document breaches copyright please contact us at:
openaccess@tue.nl
providing details and we will investigate your claim.

Download date: 24. May. 2023

https://research.tue.nl/en/publications/b0b0b806-ca10-40c7-a7ec-a932b3d6d7b9


• 

• 

•· 

Rapport no. 318 

H. Jimenez Nichols 

Hardware implementation of a 
digital speech synthesizer • 

To the speech impaired people. 



• 

INSTITUUT VOOR PERCEPTIE ONDERZOEK 
Den Dolech 2 - Eindhoven 

Rapport no. J18 

Author: H. Jimenez Nichols 

HJN/AN 
77/01 
3.11.1977 

Title: Hardware implementation of a 
digital speech synthesizer 

Research period: 9 mei tot 23 september 1977 

Contents Page 

I 

II 

Introduction 

The formant synthesis of speech 

1. The natural production of speech 

2. A model for speech production 

3. The formant network 

III Description of the design 

IV 

1. General design specifications 

2. The timing 

3. The filter generator 

3.1 Specifications 

3.2 The Sawtooth waveform 

J.J Description 

4. The digital noise generator 

5. The digital filter 

5.1 Filter specifications 

5.2 The four phase clock 

5.3 The coefficient organizer 

6. The amplitude modulator 

Conclusions and recommendations 

References 

Figures 

3 

3 

3 

5 
6 

7 

7 

8 

8 

8 

9 

9 

10 

1 1 

1 1 

13 

13 

17 

18 

19 



- 2 -

Summary 

In this report we present the design of a low cost, small 

sized digital speech synthesizer with low power consumption, 

to be controlled by a standard 8-bit microprocessor. 

These features are achieved by using integrated digital 

filters and low power logic circuitry. The design comprises 

a sawtooth generator, a pseudo-random noise source, an 

amplitude modulator, a digital filter netwrok, a digital to 

analogue conversion section and the timing and control 

circuitry. 

The essential structure of the synthesizer was built and 

tested with satisfying results. 
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I Introduction 

Generating synthetic speech can be done by several methods. 

One of these possibilities is used in the Institute for 

Perception Research. It is based on a formant description 

of the speech wave. Formants are resonances of the vo c al 

trac t and it is known that only a few o f these formants are 

necessary to specify the tonal quality of speech. The time 

struc ture of the speech waveforms is specified by the 

amplitude of the periodic source signal and its repetition 

frequency and the amplitude of the noise source signal. 

Speech synthesis can be used as output of messages from 

technical systems. Examples are: the talking computer, 

informationservice for the public via the telephone, aids 

for the visually handicapped and so on. 

In this report mainly the des c ription of the hardware design 

of a four formant dig ital speech synthesizer is given. 

II The formant synthesis of speech 

The structure of this synthesizer is based on a model of the 

natural mechanism of speech producti on, therefore a brief 

description of this mechanism will be given before considering 

the c orresponding model. 

1. The_natural_production_of_speech 

Compression of the lungs generates an air stream that flows 

out through the larynx, the pharynx, the oral and nasal 

cavities (see fig. 1). The vocal cords (vocal fold) produce 

a modulation of the stream into a sequence of pressure 

impulses. This periodic signal is responsible for the pitch 

of the speech. The period is variable in speech and is on 

the average 10 ms fora male speaker. 

The organs acting in this process are the articulators: 

the tongue, the velum, the jaw and the lips. 

The voiceless sounds (unvoiced) like 's' and whispered speech 

are produced by opening the vocal fold and at a position, 

where the vocal tract is narrowed, noise is produced by 
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frication. 

Physically the vocal tract of an adult male c an be considered 

as a tube of 17 cm long with a variable cross section between 

zero and 20 cm
2

• This tube has different modes of resonance 

that c an be calculated. Fora not constricted vocal tract, 

the modes of resonance can be found by using the following 

formula: 
n.V 

'-IL 
Where: V is the velocity of sound in the air: J40 m/s. 

Figure 1 
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n is an integer corres p onding to the mod e . 

L is the length of the tube. 

F is c alled the n-th formant f requency. 
n 

For this case the values of the formant frequencies are: 

F 1 = 500 Hz, F 2 = 1500 Hz, FJ= 2500 Hz etc. 

It has been found that the first three formants are sufficient 

to characterize the speech sounds. Nevertheless the higher 

formants improve the sound quality, even when they are kept 

c onstant. 

2. A_model_for_speech_production 

The model of speech production is presented in figure 2. 

We have made the assumption that the source of sound and 

the c avities are completely independent so that they can be 

set in cascade without any feedback. To produce the pitch 

signal we chose a sawtooth generator instead of an impulse 

generator because the first has more energy per period than 

the second. The pitch frequency is controlled by digital 

means and the amplitude is constant. 

A pseudo-random generator accounts for the unvoiced sounds 

and whispered speech. It produces digital noise with constant 

power spectrum within the range of frequencies of interest. 

The power of each type of signal is controlled separately by 

the amplitude modulators (digital multipliers) and after that 

both signals are combined in an adder. In this way also a 

mixture of voiced and noisy source signals is possible. 

The so formed source signal has a rich spectrum that is 

filtered by the oral and nasal cavities. The shape of the 

cavities is constantly varying during the production of 

speech and so is also varying the shape of the spectrum of 

the speech signal. In our synthesizer the variable filter 

structure is the f ormant network, that consists of four 

resonances connected in series. These filters are implemented 

as d igital filters and by changing the coefficients of the 

digital filters the resonance behaviour can be chang ed. 

Finally the DAC , the low pass filter and an audio amplifier 
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generate the output. The data for controlling the synthesizer 

are fed in through an 8 bit input port. This is necessary 

for cooperating with an 8 bit microprocessor. 

J. The formant network 

To simulate the different frequency responses of the vocal 

tract we used a programmable digital filter. 

A digital filter is an algorithm that operates on a sequence 

of numbers by combining (adding) the present data with some 

of the previous ones weighted by numbers called the coefficient 

The result of the algorithm is a new sequence of numbers: 

this the output. A digital filter can be implemented on a 

general purpose digital computer or directly by hardware 

circuitry. 

If the sequence of numbers corresponds toa sampled signal 

and the time for doing the calculations fits in the sampling 

period it is possible to make real time processing and to 

construct a new signal: the output sequence. 

A single formant can be represented by a second order digital 

filter with the following transfer function: 

H(z) = (1 - 2r cos bT + r
2

) z
2 

z2 
- 2r cos bT Z 

2 
+ r 

where: T is the sampling period. 

Z = ejwt is the z-transform operator for delaying the 
signal. 

bis the radian frequency variable. 
-aT r = e with ais the half bandwidth radian frequency. 

The corresponding computer algorithm for computing an output 

sample Y(nT) is: 

Y(nT) = (1 - 2r 
2 

cos bT + r ).x(nT) + 2r cos bT.Y(nT-T)-

-r2Y(nT-2T) 

where x(nT) is the n-th input sample. 

The other formants have the same structure and are arranged 

in cascade. 

It is worth noting that the order of the formants - in the 

case of limited precision arithmetic - can influence the 
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overflow in the filter structure. I n our synthesizer the 

order can be varied just by interchanging the corresponding 

coefficients. 

I I I Description of the design 

1. General_design_specifications 

This synthesizer is intended for voiced response systems. 

In order to relief the central computer of a large part of 

work the system can be controlled by a microprocessor that 

cal c ulates by interpolation the speech parameters from a 

lower sampling data rate. The limited number of data output 

pins of the microprocessors compels to minimize the number 

of input terminals of the synthesizer. 

The f ormant network is implemented by using an integrated 

digital filter that was available to us and that imposes the 

following constrains: 

a. 15-bit two's complement representation for the imput and 

output data, and 12-bit sign and magnitude for the 

c oëfficients. 

b. Fixed point arithmeti c . 

c. Serial operations. 

d. Re c ommended sampling frequency of about 10 kHz. (maximum 

16 kHz) 

The use of these integrated filters has reduced the hardware 

of the synthesizer and the corresponding cost, size and 

power consumption. The design of the synthesizer has been made 

based on th e components available at Philips Research 

Laboratories (Nat.Lab). Low power Schottky TTL devices are 

employed where possible. 

The actual sampling frequency is 8 kHz g iving a time for 

calculations of 125 micro seconds. The output analogue signal 

is taken from a 12 bit digital to analo g ue converter • 

The present synthesizer permits quick set up of the para

meters, precise control of the resonator center frequencies 

and bandwidths and easy interface with a micro or mini 

computer. 
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2. The_timing 

The timing of the overall synthesizer is determined by 

the time requirements of the integrated digital filters: 

a. A four phase clock to drive the p-channel MOS circuitry 

of the chips. 

b. The control signals needed to synchronize the data with 

the coëfficients. 

The block diagram of the timing is shown in figure J. 
The frequency of the oscillator is divided by 16 and the 

resulting signal (called master clock) is used to produce 

both the control signals and the four phase clock. 

The four phase clock is discussed in detail in section 5.2 

of this chapter. The sequence controller is basically a PROM 

being scanned by a counter that produces the signals in 

figure 4 where: 

i ) signals L,I,W,M control the c oefficient organizer discussed 

in section 5.3. 

ii) Signal DAT enables the shifting pulses for the coefficient 

organizer, the pitch generator, the noise generator, the 

amplitude modulator and the DAC control. 

iii) Signal SYN is the reset pulse for the filters, a load 

order for the pitch and noise generators, and the set up of 

the borrow and the carry in the amplitude modulator. 

iv) Signal STR strobes the DAC every sampling period to laad 

the new output data. 

v) Signal RST synchronizes the coefficient organizer and 

loads a register in the pitch generator as well. 

The program of the PROM is shown in figure 5. 

J. The_pitch_generator 

J.1 Specifications 

This circuit produces a sequence of positive binary numbers 

representing a sampled sawtooth waveform. 

The frequency of the signal can be controlled within the 

range of O Hz to 400 Hz, by loading one register with the 

appropriate binary word. 

The amplitude is frequency independent and is approximately 

equal to the unit. (unit is here 2 15-1) 
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The output is a 15-bit word that is pro du c ed and sen t 

serially to the amplitude modulator, once every sampling 

period, (125 usec). 

If required, the frequency can be changed during the negat i ve 

trans i tion of the signal to obtain a smooth var i ation at the 

output. 

There are some ps e udo-random flu c tuations in the duration of 

the period that are considered convenient for the synthesis 

of more natural speech. 

J.2 The sawtooth waveform 

The algorithm chosen to produce the unipolar sawtooth waveform 

i s: 

y(n)= y(n-1) + INC, for y(n-1) less than the unit 

and y(n)= O, otherwise. 

Where y(n) is the new sample, y (n-1) is the previous one 

and INC is a parameter determ i ning the frequency of the 

s ignal. 

Th e parameter INC must be the value of the pitch frequency 

normalized with r e spect to the sampling frequency, so that 

the sampling frequency itself is represented by the unit 

and the pit c h frequency by a binary f r a c tion. In this way 

the unit amplitude is reached every pitch period. This 

relations are illustrated in f igure 7. 

J.J Description 

The blo c k diagram of the generator is shown in fig. 8 . The 

normalized value of the pitch frequency is stored in Reg 2. 

These data are added to the contents of the accumulator 

(Reg J) and the result is stored in the shift register (SR1) 

and in the accumulator, as well • 

The b it N° 15 (sign) is not stored but is used to enable 

Reg 2 when a new frequency is required. By ignoring this bit 

the signal becomes self resetting. Amore detailed diagram 

is presented in fi g ure 9, the set of shift registers is 

arranged to shift the least significant bit first. The 

timing of the filter is controlled by a PROM: 

One pulse is required to load the SR1: (RST), another to load 
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the REGJ (SYN) and 15 clock pulses during bits 42 to 56 

enabled by signal (D). All signals in parenthesis are 

coming from the PROM. The first pitch parametervalue is 

stored in register 2 by using enable B, the subsequen ones 

are st ored automatically through connection C. In this way 

the frequency is changed only at the end of the pitch period. 

4. The_Digital_Noise_Generator 

To produce the unvoiced sounds of speech a source of noise 

is required with constant power spectrum in the frequency 

range of less than 4 kHz, (one half of the sampling frequency). 

The principle of operation of the noise generator used in our 

desi g n is illustrated in figure 10; and it is as follows: 

An-bit shift re g ister can be in any of 2n states. By choosing 

the appropriate outputs Q and Q, adding them (modulo 2) and p r 
feeding the result back to the first stage it is possible to 

genertate all of the states in a random sequence. Disregarding 
n 

the all-zero state we can get a total of 2 -1 states. After 
n 2 -1 clock pulses the whole process is repeated. This number 

of pulses is known as the period of the sequence and the 

output is called pseudo-random noise. In figure 11 there is 

a list of the required feedback points for several values of 

n. the corresponding per i od is also shown. In our design we 

use 14 bits to produce positive numbers or 15 bits for both 

positive and ne g ative (2's complement notation) so the period 

c an be either 16 J8J or 32 767. With this kind of feedback 

it is not possible to get out of the all-zero state soa 

special loop is needed in this case. The diagram of the 

all-zero state feedback can be found at the botton of figure 

1 2. 

The output of our generator will be sent serially to the 

amplitude modulator (described later in section 6), soit 

is necessary to save the information in a parallel-in serial

out shift register (SR-2 at the top of Fig. 12) or recircula

ting back the main shift register (SR-1). 

We have chosen the first alternative because it fits better 

in the timing scheme of the whole synthesizer: 

Register One (SR1) requires one clock pulse and Shift 
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Register Two, (SR2), 15 pulses in a sampling period (125 usec). 

There is another control bit needed to load SR2 before 

shifting it. All these signals are generated by the timing 

control of the filters that was discussed in section 2 of 

this chapter . 

5. The _D igital_Filters 

To implement the formant network described in chapter II we 

have chosen an integrated circuit containing two second 

order digital filters in one chip: the TMC 539 from PYE -

TMC Ltd. (See fig. 13) 

5.1 Filter Specifications 

a. The transfer function in the z plane is 

( -1 z-2) ~ + L1 z + L2 _ 

( -1 z-2) 1 + K1 z + K2 

and the algorithm to compute that 

Y(n) = G(x(n) + L1x(n-1) + L2x(n-2)) - K1 Y(n-1) - K2Y(n-2) 

Where Gis the g ain of the filter that can be 1, ½, ¾ or 

1/8 L1 and L2 are the coefficients representing the zeros 

of the transfer fun c tion while K1 and K2 account for the 

poles. In our design L1 and L2 will be always zero. 

The signs of K1 and K2 are the reverse of those used in 

the transfer. function so the corresponding data must enter 

the filter with opposite sign. 

b. The data inputs and outputs of the filters in one chip are 

completely independent. The data output is delayed one 

sampling period permitting to arrange the two filters in 

cascade. 

c. The input data are required as 15-bit 2's complement binary 

word with the least significant bit first. 

The data is taken valid during clock cycles 42 to 56. 

d. The coëfficients are needed as 12-bit sign and magnitude 

binary words. 
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Both filters on the chip are programmed from the same 

input pin . 

So the coefficients must be arrange d in the fo l lowing 

pattern : 

Table 5. 1 

bit 1 coëfficient arrangement ---- ___ J ______ 
0- 1 1 1 L22 

12-14 
1 

Gain Sect i on 2 ' i 
15-26 1 

1 

L 1 1 

27 - 29 1 Gain 
i 

Section 1 
: 

J0-44 K22 + J space bits 

45 - 59 1 K21 + Il 
1 

60-74 
i 

L12 Il 

1 + 

75-89 
1 

L 11 + Il 

90-104 K12 + Il 

105- 1 19 K 1 1 + Il 

--------·-

Note: the first sub s cript is for the coefficient 

the second subscript is for the filter section . 

The filter is fed with this pattern once every sampling 

period. 

e. The timing. 

The maximum clock frequency for this filter is 2 MHz 

corresponding toa sampling frequency of 16 kHz (2MHz/ 120) . 

This is larg e enough. 0ur design has a sampl i ng 

frequency of 8 kHz , and a clock frequency of 9 60 kHz. 

The timing reference for the filters is the Sync bit 

signal at pin N° 8 that occurs at c l ock cycle N° 22 . 

(as shown in Fig. 14) 

The clock required has 4-phases as illustrated in fi gure 

15 . There must be a time gap between phases ~2 and ~J and 

also between ~4 and ~1 . 

f . Electrical characteristics. 

The circuit is built using metal gate P-channel technology. 

The recommended voltages are from 0 to 18 volts , s o a level 
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converter is required to interface the ITL circuitry. 

A voltage level from -13 to +5 was chosen to make the 

level converter simpler (just a clippert at the output). 

The fullfilment of this requirements is explained in the 

following three sections. 

5.2 The four phase clock 

The waveforms required for each phase of the clock are shown 

in figure 15. 

There, we can observe the following time relations: 

a) ~1 and ~2 are in phase with the clock, and ~3 and ~4 are 

180° out of phase with respect to them. 

b) ~2 goes low before ~3 gets high. 

c) ~4 goes low before ~1 gets high. 

How this waveform can be obtained is explained below. 

Figure 16a presents the block diagram of the clock. and 

fig. 16b indicates the waveforms that build up ~1 and ~2. 

A crystal controlled oscillator generates a frequency of 

15.36 MHz (16 times higher than the clock). 

The main counter divides this frequency by 2, by 8 and by 16, 

producing the signals called C,B,A in the figure. 

Signal Cis counted by a two-stage Hamming counter (0-1-3-2 

sequence) to produce signal D1 and E1, which are delayed 

versions of signal B. The hamming counter is reset to zero 

as soon as signal A goes low. ~2 is obtained by the boolean 

addition of signal B, D1 and E1 when signal Ais high. The 

time difference between signal A en the resulting ~2 is 

1/16th of the period of signal A. 

~1 is produced as the boolean multiplication of signal Band 

signal A. Phases ~3 and~ are built in a similar way. 

The hamming counters used produce a spike-free signal. 

5.3 The coefficient organizer 

This system produces a 120-bit word containing the coefficients 

and the gains of the digital filters. 

A basic block diagram is presented in figure 18. 

With the switch S1 in position A, the counter is scanning the 

addresses of a RAM. Each data word coming to the output is 
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stored in a Shift Register and shifted into the filters. 

During the shifting process there is time available to set 

a new word into the RAM, the information required being: the 

new coefficient, its location in the array, and a control 

signal to tel1 the system that there is a new data word. If 

that i s the case the switch S1 is turned to position Band 

the new data is written into the RAM in the corresponding 

address. 

In order to use an 8-bit microprocessor for programming the 

filters the 15-bit data word containing the coefficients and 

the gains (or space) bits must be splitted in two parts: one 

with the 8 least significant bits and the other with the most 

significant part of the data word as shown below: 

PART B X G/S G/s G/s c11 f c 1o l c9 
___ _i _ __ ____ , __ -

1 ! ' 
PART A c, c6 C5j C4 j C3j c 21 c 1 

Where C 1: is a coefficient bit 

G/S: Gain or space bits 

X: Don't care. 

C8 
--·-
c o 

The division of the coefficient word implies two design 

constraints: 

i) The system must not change a coefficient if only one part 

of the data word is entered. 

ii) The number of shifting pulses are different for the two 

different parts of the word. 

To meet this two conditions the configuration illustrated in 

fig. 20 was designed. The eight coefficients are stored in a 

16 x 8 RAM using only the even addresses to define their 

positions in the 120-bit word. The address of the second part 

of the word is generated internally by adding a one to the 

given address. 

The switch S1 is turned to the position B only if the given 

address is different from the scanned one. This is sensed by 

a comparator. The loading is done by the signal Lof the 

central timing. 
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The coefficients are sent to the filters in serial form, 

with the LSB first; the signal is taken directly from the 

output of the shift register, soit is read by the filters 

immediately after loading and no time gap is produced. For 

this reason only 7 and 6 clock pulses are needed for shifting 

(instead of 8 and 7). 
In this way the most significant bit of the second word of 

one coefficient (X) is overwritten by the least significant 

bit of the next coefficient. 

The block diagram of the whole organizer is presented in 

figure 21. The actual output consist of three 120-bit words, 

two of them going to the filter network (two integrated 

circuits) and the other to the amplitude modulator. The 

counter is a modulo 16 binary counter doing one cycle every 

sampling period. The data from this counter reaches the 

address bus of the RAM's through a four bit multiplexer that 

sele c ts between the counter and the new address coming through 

the adder. The first part o f the word is stored in REG 2 and 

the second in REG 1. The odd addresses are generated by 

setting the carry (c ) of a four bit adder with one operand 
0 

equals zero, and the other operand in the new address in 

REG J. The carry bit is added to the even address after the 

first part of the data word is written in. There is also a 

signal used to transfer the information from REG 1 into 

REG 2. 

The comparator inhibits the process of changing a coefficient 

when the inputs of the multiplexer are equal. (The coming 

address is equal to the scanned one). 

The process is controlled by five signals coming from a PROM: 

L: Load the shift registers and in c rease the scanning 

count. 

T: Indicated the appropriate time to change a coefficient. 

W: Consisting of two write pulses. 

M: Sets the carry (c ) and loads REG 2 with the contents 
0 

of REG 1. 

RST: Used to synchronize the counter with the rest of the 

synthesizer. 
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The signals required from outside are: 

a. 8-bit word containing one part of a coefficient. 

b. 5-bit address to allocate the coefficient in the 

corresponding memory position. 

C • 1 bit to load REG 1 (E 1 ) • 

d • 1 bit to load REG 2 and REG 3 (LODY). 

e. 1 bit to tel1 that the Register have been loaded (READY). 

The control log·ic is shown in figure 22; some hardware details 

are given below. 

The positive edge of the ready signal at DFF1 transfers a 

'one' to the input of DFF2 only when the comparator signal 

is low. This action occurs asynchronously and the signal is 

passed to the output of DFF2 only at the positive edge of 

signal T. In this way the system is synchronized with respect 

to the central timing. 

Once the output Q of DFF2 becomes high the changing process 

is enabled: The multiplex selects the new external address 

and the writing orders are sent to the corresponding RAM 

according to the address lines. 

Signal M loads the REG 2 with the content of REG 1 and also 

produces the carry signal to increase the address. 

The signal Mis gated with the clock pulses to avoid an 

overlap between that signal and the W (write) signal both 

coming from the PROM. In this way the appropriate separation 

is produced. 

NOTE: 

By adding more RAM's this system can be expanded to produce 

"n" 120-bit words with the same input and control logic. And 

can be used as a separate digital waveform generator unit. 
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6. The_amplitude_modulator 

The task of this system is to modify the amplitude of the 

sawtooth signal, and that of the noise, according to the 

information received from outside, and mix the resulting 

signals. This process implies two multiplications and one 

final addition. The time available for the execution of the 

operations is one sampling period (125 usec) so there is no 

necessity fora fast multiplier. 

The facility to handle the amplitude input data is amore 

important design constraint. 

Different methods of digital multipliers were considered: 

Parallel, serial, serial-parallel, pipeline, etc. But a 

solution using the integrated digital filters as multipliers 

was chosen based on the following criteria: 

a. The data is entered in the same way as the coefficients 

of the other filters: by us i ng the 8-bit port and the 

same software subroutine. 

b. There is a considerable saving in hardware. 

c. The timing and control signals of the filters are already 

available. 

The block diagram of the modulator is in figure 2J. 

If all coefficients of the filters are made zero except L11, 

the filter output becomes: y(n)= x(n) + L11"x(n-1). If we now 

substract x(n) from this output the result will be the 

multiplication of the signal by the coefficient delayed one 

sampling period. This delay is considered convenient for the 

performance of the synthesizer. The same is done for the 

noise signal and the results are added serially and fed to 

the data input of the formant network. 

A hardware diagram is shown in figure 24. 

The input signal is delayed by using a 15 bit shift register. 

The substractions are obtained by adding the 2's complemented 

delayed data to the output of the filters. 

The 2's complement is formed by inverting the bits (1 's 

complement) and setting the carry of the serial adder once 

every sampling period. 
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I V Conclusions and recommendations 

The prototype of the synthesizer was built and tested. The 

results obtained so far have confirmed the feasibility of 

a high quality and performance, small size and low cost 

digital speech synthesizer. 

The next step will be to couple a microprocessor as an 

interpolator from the minicomputer • 

A further achievement would be to store a basic phonet ic 

library within the unit to make it self contained 

Acknowledgement 

The author thanks the Technical S t aff of the I.P.O. for 

the friendly advise and cooperation. 



- 19 -

References 

Gold, Bernard, Analysis of digital and Analog Formant 

Synthesizers. IEEE Trans Audio and Electroac Vol AU-16, 

NO. 1 March 1968. Pag. 81-94. 

Flanagan James L., Automatic Generation of voiceless Excitation 

in a Vocal Cord-Vocal Tract Speech Synthesizer. IEEE Trans 

Acoust, Speech, an Signal processing, Vol ASSP-24 N0.2, 

April 1976. Pag. 16J. 

Jackson Leland B., An approach to the implementation of digital 

filters; IEEE Trans. Audio and Electroac. VOL AU-16 NO.J 

Sept. 1968. Pag. 41J-421. 

Ferry John L., A digital hardware realization of a Random 

Number Generator. IEEE Trans Audio and Electroac, Vol. AU-20 

N0.4 October 1972. 

Rabiner, Gold, Theory and appli c ation of Digital Signal 

processing. Prentice Hall Ine. New Jersey 1975, Pag. 565-569 

and 658-707. 

Savage J.E., Some simple synchronizing Digital Data Scramblers, 

Bell System Tech Journal, Feb. 1967 page 449. 



PITCH 

SAWTOOTH 

GENERATOR 

NOISE 

GENERATOR 

SEQUENCE 

CONTROLLER 

SAW-
NOISE TOOTH 

Generator Generator 

.----COEFF 
IN 

COEFF 

CONTROL 

FILTERS 

Fig.2 

SPEECH PRODUCTION MODEL 

! 

DAC 

0 

DIVIDE BY 
16 

COUNTER 

1 

! 
COEFF 

Organizer 

Fig.3 

BLOCK DIAGRAM 

OF THE TIMING 

40 CLOCK 

FILTERS 
AND 

AMPL. 

LPF 

SPEAKER 



0-

..J 1-

Fig.4 
SIGNALS FROM THE PROM 

a: 
1-u, 

1-u, 
a: 
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