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Preface

The speech processing chip is a relatively new and complex device that ap-
peared in the late 1970s. This book provides the theory and the basic design
tools needed to utilize speech processing chips more effectively in electronic
circuit design. It presents design examples for a wide range of real-world ap-
plications and information on interconnection of these components into func-
tional equipment for instramentation. datipmccssmg inventory display. and
control systems. Special emphasis is placed on those circuits with the most
potential for future development, LSI and VLSI devices.: Popular commer-
cally available products are used throughout as illustrative examples. and the
important characteristics of the devicés are summarized for each functional
category. '

The book goes far beyond the presentation of block diagrams.” micro-
controller architecture, and software programming. It shows a step-by-step
development of hardware and software, how to combine them most effec-
tively. and how to interface speech processors with input devices. such as sen-
sors or data sources. and output devices, such as relay actuators. thyristors. or
display devices. 4 ! R :

In this book, practicing design and systesti ‘enginecrs. technicians. engi-
neering students, and other interestéd readers will find-a comprehensive over-
view of the entire topic of speech processing chips. The book-also describes
popular, commercially available circuits for each functional category pre-
sented and discusses specific applications in sufficient depth to interest the ex-
perienced designer. Engineering students will be able to follow the book if
they have been exposed to courses on cireuit design theory. logical circuits,
and integrated circuits.

As with my other publications, | wanted this to be a book that was organized

xi



xii Preface

and used from a practical viewpoint. Throughout the book emphasis is placed
on using the popular CMOS and HCMOS ICs of each functional catcgory as
illustrative examples.

Speech processing chips for electronic and other applications are available
at low cost. The progress made in the manufacture and supply of these chips
expands enormously the opportunities to design and build highly cffective
cquipment and systems. This book shows how to make use of these develop-
ments. The reader is shown siep-by-step how to build both simple and sophis-
ggalcd jects with all the necessary details. Many proven cxamples are
jiicfuded Throughout the book for industrial. laboratory, health care. and
home use.

The information needed to follow the many design examples in this book is
given in a simple, direct manner with supporting lowcharts and tables. Once
this know-how is acquired. you will be able to build systems with artificial
voice with less effort and less time than ever before.

The book is divided into seven chapters. Chapter 1 introduces the differcnt

speech processing techniques, describes how the basic speech processor inte-
grated circuit.works, and preseats §C pin comparisons of the d;ftelcnl pack-
ages. It also includes the basic datasheet for the dovice. 1
 Chapter 2 cxplains how a speech progessor can be useq‘u\ applications for
which it was not originally intended—how this basically digital device can be
used db a variety of differemt Jogic deyices. Chapter 3 pioyides help uader-
sl,mdm;, analog-to-digital converter, familics and their respegtive. advantages
and_binatanons. After n.aqn\g lllﬁc Jthree chapters, you should come away
mlh a fundamental understanding of vy!ut a speech processoris and how to
use it.

To write information inlg lbe sppc;ﬁc controller and lhen ,mnounu, it, in-
terface devices or systems are required. Chapter 4 shows how such interface
devices. can be built with minimal effort and at a cost that is oﬁpn a small
fraction of. the price of commercial products.

Chapu.r S presents a wide. selection of test and measurement (.ut.um that
Also can be interfaced with a specnﬁc application -by the user or. designer.
These circuits are widely used in data acquisition systems. Chapter 6 presents
Jifferent kinds of burglar alarms varying from simple designs to fault-tolerant

ystems where failures are critical and not acceptable. ., .

Chapter 7 covers voice recognition techniqucs as well as.devices now. 'i‘mll-

able. Some applications for cao(ml systems are a;sg considered.
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CHAPTER

Speech 1‘Profcessingi Chips

1.1 Introduction to Voice Synthesis
Digital 1Cs

Circuits with artificial voice offer a ngw dimension of sophistication to almost
any electrical or electronic modern system. Traditionally, magnetic tape re-
cording has been used in applications requiring speech announcements, for
example, telephone announcement systems; a system of this type is costly be-
cause it requires a large number of 1apes for different messages. It will not let
you create mixed messages for different sitpations. Consider the case of a
public service telephone that tells you the time. This device will need 60 dif-
ferent tapes for each hour, not to mention the number of tapes requlged for a
complete 24-hour day. In contrast, a telephone system that uses artificial voice
stored in digital memories can create different messages by pulling up the dif-
ferent words required to create a specific meSsagCA This system reqpires only a
few chips that will do the work of a large number of tapes.

Let us now consider a talking voltmeter in the range of 0 to 5 V with a
resolution o1 0.1 V. Here, we will need 50 different messages corresponding
to the 50 possible voltage readings. It would be costly and time-consuming to
develop a tape mechanism for this project.

In the past, speech systems were treated as data acquisition circuits, in
which a voice waveform was treated like any other fluctuating voltage input:
The circuit recorded the waveform by periodically taking a sample of the sig-
nal’s voltage through an analog-to-digital (A/D) converter and storing it as a
binary value. (The number of samples needed per second depends upon the
frequency of the input signal.) These digital speech signals were stored as
pulse code modulation (PCM) in semiconductor memories. Once the samples
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were stored in RAM or ROM, the circuit could recreate the original waveform
by sequentially sending the stored values to a 1/A convetter at the same 1ate
as the original sampling. One second of digital voice required from 4 to 32
Kbytes of memory. If the amount of data storcd was reduced (compressed)
using a known principle. the restoration of the original sound was called
“synthesis.”

The synthesis technique provides a dramatic reduction in the amount of
memory required for one second of specch. Memory requirements vary from
400 to 2.000 bits per second. depending on the desired speech attributes and
overall quality. A bad reproduction will sound unnatural or unintelligible. A
speech signal is highly redundant and predictable, and by coding only the
slowly varying coeflicients of speech or by dramatic compression of digitized
speech. significant bandwidth reductions in the digitized signal can be ob-
tained. The synthesizer technique becomes practical when it is developed with
VLSI semiconductor technology.

Today. applications [or voice synthesis are endless. The following are some
ol them: telecommunications; consumer appliances: automotive; counters;
consumer products; instrumentation: teaching aids: clocks: language transta-
tion: annunciators: voice interactive computer terminals: nautical and aero-
nautical instrumentation annunciators; voice back units for banking. weather,
and ume announcements; elevators; trains: subway systems: toys and games:
warning systems for tire and police cmergency

In the area of instrumentation, a specch synthesizer is a- very important
tool. When a failure is presented in the system being monitored, the speech
synthesizer will immediately start reading the procedures contained i the
manual in order to indicate to the operator how to cortect the specific faiture,
Great benefits are obtained if a speech synthesizer is installed in power sta-
tions, nuclear plants, or plaus where the user must monitor a myriad of con-
trols. Here the speech symhesnzer augments the operator’s ability (o respond
rapidly and correctly when a process has extended its nornal limits.

In industry. a speech synthesizer can be used fo augment productivity by
giving spoken messages on how to assemble specilic products. thercby freeing
a user for other tasks. Here. failure to follow precise directions could lead to
the destruction of equipment or injury o personnel.

The use of vocal warnings on automobiles has been spreading since the
carly 1980s to refuind the driver of the electrical or mechanical situation of the
vehicle. The same features are also applied to airplanes whuc the s)nlhcm
speech guides the pilot with directions. such as “slow down.’ “climb.”
other appropriate instructions.

‘The pace of the speech processing fickd is so rapid that some systems now
under development are excluded from this book. 'Ihe emphasis of this huuk is
on designing with the systems now available.
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‘1.2 Synfhesus Techmques

’lhn basnc Nmnulogncal clement of speech is lhe phsmcme whu.h is lhe n,lme
given ta a.group of similar sounds in Junguage. A phoneme is acoustically
different depending upon its position within.a word,. Each of these positional
varjants is an allophone of the same phoncme: Phoacmie reproduction:is a
basic element in any speech synthesizer. The method of “allopbone speech
synthesis™ is used to create words or phrases where the user has to think in
terms of sounds, not letters. With this technigue you can synthesize an un-
limited vocabulary by using allophones and silences in the appropriate, se-
quence.. Phonemes. together with speaker inflection and volume, are the fyn-
damental building blocks of speech.

The American English language consists of 4ppummdlelw 38 to. 40 pho-
nemes: 14 10 16 vowel sounds and 24 consenant sounds. For cxample, the ini-
tial K sound used in words fike ““comb™ sounds slightly ditferent from the Ks
in words like “can’t.”” These small variations are duc to the vowel which fol-
fows them. in this case, “0™ and ““a.” Each phoncmic is genergted with either
a.yoiced sound, as in “eye™ or an unvoiced sound like the “sh™ in “shy.”
There are also allophones classified as sesonants. voiced fricatives, voiceless
fricatives. voiced stops. voiceless stops. affricates. and nasals. :

Voice synthesis methods are divided into thice njor types; wavdurm en-
coding. parametric synthesis. and synthesis by rule. Each method is explained
below.

Waveform Coding Methods L :
This type of voice synthesis includes differential pulse’ code modulation
(DPCM). adaptive delta modulation (ADM). and adaptive differential PCM
(ADPCM). The original sound wave amplitude is sampled at. fixed intervals.
digitized, and the volume of datd is then reduced on the basis of the synthesis
principles. :

Parametric Synthesis Methods

Characteristic information included in voice waveforms is extracted as pa-
rameters for %ymhesmng, purposes. The partial autacorrelation {PARCOR)
method is a typical example. In this method, models of the human vocafiza-
tion mechanism are used. Voiced and voiceless consonant sounds are discrim-
inated, and voiced sound pitch and amplitude data are extracted together with
filter chagacteristics of the vocal tract. Voice synthesis is then obtained by
passing these data to hardware consisting of digital filter circuits.

Synthesis by Rule Method

In this synthesis method. groups of phonemes expressed by small quanmles of
data are skillfully linked together to reproduce any desired words or phrases



“

4 : 1. Speech Processing Chips

which makes it easy to develop your own set of words or phrases for your
specific application. However, this method lacks the flexibility to create into-
nation, accents, and length of certain sounds in order to get a natural-sounding
voice. This method will be more efficient when vowels and diphthongs with
different accents are contained in the allophone set.

There are two general approaches used to derive synthetic speech: (1) time

domain synthesis and (2) frequency domain synthesis. The first method works -

with a synthetic speech waveform representation of the original speech. About
hall of the synthetic waveform is silence and is made up of symmetric scg-
ments which range over a very restricted set of amplitude values. In this torm,
the synthetic waveform can be stored using only 1% of the bits that are neces-
sary to reproduce the original speech waveform.

Frequency domain synthesis has two main branches: formant synthesis and
linear predictive coding TLPC). Formant synthesis generates ‘speech by ‘re-
producing the spectral shape of the waveform using the formant center fri-
quencics, bandwidths, and the pitch periods as inputs. A frequency region
where the amplitude of a vowel sound is concentrated (i.c., frequency peaks
in the voice spectrum) is known as formant. Figure 1.1 shows an electionic
speech model of the human speech production mechanism. This model is used
in the Signetics speech synthesizer FPC8200.

LPC is based on a mathematical model of the human vocal tract. Pitch,
amplitude, and speech variables are obtaied from specch recordings. The

speech data are analyzed and encoded to reproduce input data suitable for the
~ digital model.

The basic model used in linear predictive analysis is illustrated in Figure
1.2. The two majer components are a ﬂa|~specm!m excitation source und ‘a
spectral shaping filter Hez).

The excitation source provides a signal ufny containing a flat spectral enve-
lope that is used to drive the filter H(z), res}vkmg in the'synthetic speech ai-
put signal S(n). Because the excitation signal has a flat spectrum, the spectral
envelope of the output signal S(n) will have the same shape as the spectrum of
the filter H(z).

In speech synthesis, the parameters of H(z} must be set on a time-varying

An

Figure 1.1 Elecironic speech model of the human speech reproduction mechanism.
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{ Spectral Synthetic
i i Siapeng =2 Siy
(L < urce ] Signai uin} tilter Mz) Speech

Figure 1.2 Speech synthesis model.

basis such that its short-term spectrum is the same as that of the desired short-
term speech spectrum cnvelope.

1.3 SPO256B/SPO264 Narrator Speech

Synthesis Processors

The SPO256B/SP0O264 speech processors use the method of synthesis by
rule. They also support LPC synthesis, formant synthesis, and allophone syn-
thesis. Phoneme synthesis works by combining basic sound elements (pho-
nemes) to form complete words and sentences. This method is suitable when
the type of vocabulary required is not fixed.

Microchip (2355 W. Chandler Blvd., Chandler, AZ 85224-6199), the only
manufacturer of SPO256B/SP0264 speech processors, uses the approach just
described, combining phoneme synthesis with a digital filter. The speech pro-
cessors from Microchip employ formant coding, which is a frequency domain
synthesis that is similar to LPC. These devices model speech as the output of a
series of cascaded resonators.

The speech process is initiated by addressing the ROM address that con-
tains the phoneme desired. A maximum of 256 phonemes can be stored in the .
16 Kbits of internal ROM. This device contains a microcontroller and a vocal-
tract model. The vocal-tract model is a digital filter. These processors are
classified as narrators because they use a preprogrammed custom vocabulary,
or phrase sct, which is recorded in a serial ROM SPR128 or SPR128B. One of
these memories is directly interfaced with the speech processor (SP). If a par-
allel ROM is desired for recording the phrase set, a parallel-to-scrial interface
is required. This is made by using the SPR0O00, as we will see in Section 1.6.

The SPO256B contains an on-chip controller with 16 Kbit internal ROM.
while the SPO264 has-a 64 Kbit memory. Both devices support a controller
for external ROM SPRI28A, which is a 128 Kbit ROM. These processors in-
corporate four basic functions:

* A software programmable digital filter that can be made to model a vocal
tract.

* A 16K ROM which stores both «ata and instructions.

* A microcontroller which controls the data flow from the ROM 1o the dig-
ital filter.

* A pulse width modulator that creates a digital output which is routed to
an external low-pass filter in order to get an analog signal.
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Figure 1.3 Pin configuralion of the SPO256B/SPO264 speech processors.

When amplified, this analog output signal will drive a loud speaker. The
digital output is cquivalent to a flat frequency response varying from 0 to 5
kHz. a dynamic range of 42 dB. and a signal-to-noise ratio of approximately
35 dB. ’ 5

A nice feature of these synthesizers is the natural speech, and the external
ROM directly expandable to a total of 480 K. A version of the SPO256B with
internal preprogrammed ROM is the SPO256-AL2.

Figure 1.3 shows the pin configuration of the SPO256B, which is identical
to the SPO264.

Operation'

The addressing of the SPO256B is controlled by the address pins (A1-A8),
address load (ALD). and strobe enable (SE). Strobe enuble controls the two
modes available for loading an address into the chip.

Mode 0 (SE = 0): The SP latches an address when any one (or more) ad-
dress pin makes a low-to-high transition. All address lines must be returned to
zero prior to entering a new address. In this mode of operation, address zero
(0000 0000) is'not a valid address input. This mode of operation is used n
applications consisting of no more than eight words or messages such that
single address line transitions can be made. These words or messages must be
stored using the binary address format 1.2, 4. SR 128.

Mode 1 (SE = 1): The SPO256B will latch an address specified on the ad-
" dress bus (Al-A8) when the /ALD pin is pulsed low. Any address virying
from 0 to 255 can be loaded using this mode. Specific setup and hold times are
required using this mode.

In order to interface the SP, with microprocessors ( P) or microcontrollers
(C), two interface pins are available, They are load request (/LRQ) and

'This section and the following section, Test Modes, are adapted from Publication #DS5018A-2,
p. 3. © 1988 Microchip Technology. Inc.
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standby (SBY). /LRQ indicates: when thé inpiit bulter is full. SBY tells the
specific processor that the chip has stopped talking and no new address has
been loaded. When /LRQ is low. a new. address. may be loaded onto the ad-
dress bus. Pulsing /ALD low will cause the new address to be loaded and
/LRQ to go high. When the address bus is available to accept a new address,
/LRQ goes low again.

The SPO256B can load a new address while it is speaking the last word or
message.

«slandby (/SBY) goes low when an address, is. loaded and stays low while
thg chip is talking. SBY can be used to determine the time. between ,'address
load requests,. which will be variable dcpcnding on the length.of the word or
message Lurromly being spoken.

Several pins are designated for use wnh an ex.temal ROM. They are ROM
Disable, C1, C2, C3, Seria) Out (SbR OUT), Serial In (SER IN), and Test.
ROM Disable is tied to a logic zero to enable the external ROM; when left
floating, it disablcs the external ROM, Cl1 te C3 are the outpyt control lines
which are synchronous to the ROM clock. ROM CLOCK (pin 26).1s a 1.56
MHz clock output used to drive an external serial speech ROM. The .operating
frequency of the SPO256B is set by an external 3,12 MHz crystal copnected
10 OSCl and OSC2 (pins 27 and 28), mspcquvely You can also use 3.27 to
2.14 MH.. crystals; in this case the voice puch will be slightly altered.

When C1C2C3 == 000, pe operation is executed, When CIC2C3 = 001, the
address shift register load (ASRL) serially shifts out data from the SER OUT
pin as shown'in Figure 1.6. The ASRLD [0ads 16 bits of the ASR with twb 8-
bit load sequences followed shortly by a pregram counter load (PCLD).

"When CIC2C3 =010, the corntents Of the address shift registér afe 1o‘aded
into the program counter (PC) whel 16 ASR Yoads tiave occurred.

When C1C2C3 = 0f1, the data shift mgnswt loads the 8-bit data shift regis-
ter with the contents of the ROM pointed wby the current address in'the pro-
gram counter. The duta shift register will shift out the LSB of the 8 bits and
increment the program counter. With: CIC2C3 = '100; data is shifted ottt of
the data shift register starting with' the second LSB (the first LSB is shifted
out' with the occurrence of CIC 7C3 = om Seven shifts occur after every
DSRLD.

When CIC2C3 == 101, the stack is loaded with the current value of the PC.
With CIC2C3 = 110, the PC is loaded with-the contents of the stack to per-
form the RETURN operation. Fmally Cic2c3 = III will occur when /SBY
RESET dnd /RESET are pulsed Iow s

Test Modes .
By using the TEST logically anded with the‘address inputs Ai A2, A3, or
A3, the SPO2568 can be interfaced t&'an SPROOOD (sérial-to- -paraliel ROM)
in drder to use an EPROM as the speech data device. '

The test modes are controlled by the TEST pin (22). This is achieved by



