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Human speech 
Before describing electronic speech

synthesis, it is first necessary to have an 
understanding of how human speech is 
generated. The voice-producing mech
anism in human beings consists es
sentially of two parts-the sound source 
and the vocal tract. The speech process 
starts with air being pushed out from the 
lungs. The resulting air stream stimulates 
the vocal cords, and causes sounds to be 
produced. Those are called voiced 
sounds, examples of which are vowels 
like " U" and" A." If the vocal cords are 
held open so they don't vibrate, the sound 
produced will be unvoiced, like the con
sonants "S" and "F." 

The basic sounds enter the vocal 
tract-made up of the mouth, nasal pas
sages. and other resonant cavities inside 
th~ head , throat, and chest- where they 
are shaped into speech. Changing the 
shape characteristics of the vocal tract 
produces different sounds. 

Speech-synthesis theory 
The voice of the talking clock is gener

ated electronically by a speech-synthesis 
I C. the Texas Instruments TMS5220. that 
simulates the human voice-producing 
organs described above. The speech
generation technique used is called linear 
predictive coding. 

speech from compressed data stored in ROM. 

Linear predictive coding, or LPC, uses 
a mathematical technique to model (sim
ulate) the functions of the human vocal 
tract. Coherent speech is produced by 
stringing together many short speech
elements. Linear predictive coding de
termines how each of those elements is 

FIG. 2- SPEECH DATA IS STORED in two IC's: IC7 contains "time-telling" messages; IC4 holds 
messages for alarm and other functions. 

generated. Each speech element is gener
ated by mathematical calculations, and a 
formula generates each new element, 
based on the previous ones plus some new 
data. Thus the term predictive coding
each new speech element is partially pre
dicted from the previous ones. 
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The synthesizer simulates the human 
voice source and the vocal tract. As 
shown in Fig. I, the voice is simulated by 
a sound generator, and the vocal tract is 
simulated by a digital filter. That digital 
filter is the mathematical model that per
forms the calculations to generate speech. 
Both the sound generator and the digital 
filter change their characteristics con
tinuously as speech is produced. 

There are two sound generators: a 
variable-frequency generator to simulate 
voiced sounds from the vocal cords, and a 
noise generator to simulate unvoiced 
noise-like speech sounds. 

The digital filter shapes the signals 
from the sound generator to produce 
small time-samples of speech. Its charac
teristics can be altered to produce differ
ent sounds. 

Each word produced by the synthesizer 
consists of many time-samples in se
quence. During voice generation, one of 
the sound sources is selected, and the 
values of its pitch and loudness set. The 
sound source is then fed to the digital 
filter. The parameters of the filter are then 
programmed to shape the sound source 
into the desired speech pattern. The filter 
generates each speech sample from a 
calculated sum of the previous I 0 sam
ples. That is done to minimize the amount 
of data required to generate each new 
sample, and is the main characteristic of 
linear predictive coding. 

The information that determines the 
characteristics of each sample is the digi
tal speech data. That data is a description 
of certain parameters of the original 
spoken words. It contains parameters to 
describe the voice frequency, strength, 
and the filter characteristics required to 
create the synthetic speech. During 
speech generation the required data is fed 
to the speech synthesizer to control its 
operation. 

A collection of speech data for a num
ber of words makes up a speech syn
thesizer's vocabulary. To generate a 
vocabulary for the speech synthesizer, 
the words are first spoken and recorded on 
a high-quality master tape. Each word 
from the tape is sampled and digitized at 
an 8-kHz rate, and the resulting data is 
then fed to a computer for analysis. That's 
done to compress the data so that a mini
mum of memory is needed to store it. 
Typically, the data will be compressed by 
a factor of I 00 or more. 

Computer programs analyze the data 
using a mathematical model of the human 
speech-producing ''mechanism.'' The 
computer extracts parameters from the 
data that describe the speech in terms of 
vocal-tract qualities. pitch. and energy 
level as a function of time. Once those 
values have been extracted, other compu
ter programs further analyze and com
press the data. That will produce speech 
data that can be used by the synthesizer 
for voice generation. 

The compressed speech-data is coded 

in a way that the voice synthesizer can 
read and use effectively, and is stored in a 
ROM (Read Only Memory). The voice 
synthesizer reads the data contained by 
the ROM, performs the mathematical cal
culations to simulate the vocal tract, and 
produces synthetic speech. 

Voice synthesizers 
The voice synthesizer IC used by the 

talking clock is manufactured by Texas 
Instruments. It's their TMS5220 voice
synthesis processor (VSP), and contains 
all the circuitry necessary to interface 
with a microprocessor and to generate 
speech. The VSP (refer to Fig. I) consists 
of three major sections: the speech syn
thesizer itself, the microprocessor in
terface, and the speech-memory in
terface. 

The speech-synthesizer section of the 
VSP uses the LPC method described ear
lier. 

The TMS5220 uses a digital filter to 
simulate the action of the human vocal 
tract. The filter takes highly compressed 
LPC speech data from the speech memory 
ROM and processes it. Its output consists 
of another form of digital data, which is 
no longer compressed. The data-now in 
an expanded format-is a direct digital 
representation of the original speech 
waveform and is fed to an 8-bit digital-to
analog (D/ A) converter, which outputs an 
analog voltage reproducing the original 
audio waveform. The voltage is then fil
tered to eliminate digitizing noise. and 
fed to an amplifier and speaker. 

As explained previously, the speech 
synthesizer needs compressed digital 
speech-data to generate speech. The 
TMS5220 was designed to accept speech 
data from one of two sources: from a 
dedicated speech memory, or directly 
from a microprocessor. The dedicated 
memory consists of specially designed 
ROM's. Texas Instruments has several 
voice ROM's, with different vocabula
ries, on the market. Industrial, avionics, 
military. and clock vocabularies are cur
rently available. The voice ROM's are 
memories either 32K bits or 128K bits in 
size, depending on the vocabulary size. 

The ROM used (a VM71003) has a 
capacity of 32K-bits (in a 16-pin package) 
and contains data for 34 words (a 128K 
ROM stores over 200 words). It contains 
words for all the numbers needed to an
nounce the time, as well as words for 
other clock-related phrases like' 'the time 
is." '"AM," "good morning," etc. 

In addition, the clock also uses other 
phrases, such as '"power fail" and "set 
the time.·' Those phrases are not stored in 
the clock-vocabulary ROM; they are 
stored in an EPROM (Erasable Pro
grammable ROM) that also stores the pro
gram that runs the clock. That speech data 
is read from the PROM by the micropro
cessor and fed to the VSP through its 
microprocessor interface. 

The voice ROM is connected to the 

voice synthesis processor through a 
memory-interface bus. That bus consists 
of four address lines and two control 
lines. The voice ROM is specially de
signed to work with the TMS5220 
through it. When the VSP reads data from 
the ROM. it first sends an address to the 
memory IC, and then begins reading the 
data one-bit-at-a-time in a serial fashion. 
It generates speech as the data is read. 
During speech generation the data rate is· 
approximately 1200 bits per second. 

continued on poge I 06 
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The second way of feeding data to the 
VSP is through its microprocessor in
terface. The interface consists of a 
bidirectional data bus with some control 
lines. In addition to being used to carry 
speech data, that bus is also used to send 
commands to the VSP. Those commands 
control all the VSP functions. 

During speech generation, the micro
processor first determines which words to 
speak. If the speech data for a particular 
word is in the dedicated speech-memory 
ROM, the microprocessor sends a com
mand to the VSP to address that word, 
and then sends another to start speaking 
the word. The entire data fetching and 
speech-generation process is handled 
automatically by the VSP. The micropro
cessor simply commands the VSP to 
select a certain word and commands it to 
start speaking. If the speech data is not in 
the speech ROM, but in the PROM, then 
the microprocessor sends a command to 
the VSP instructing it to start accepting 
speech data via the microprocessor in
terface. The microprocessor then sends 
the coded speech-data to the VSP, and the 
VSP speaks the word. As the VSP gener
ates speech, the microprocessor con
stantly reads its status to determine when 
it has finished a word. It then commands 
the speech processor to speak another 
one, thus producing phrases made up of 
several words. 

When we continue next time. we'll de
scribe the clock hardware as well as the 
software that is needed to drive it. And of 
course we'll cover completely construc
tion. checkout. and use. R-E 
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