L_Speech Synth —

Speech Synthesizer
Project For Sinclair
Computers

Now hear this: Computers can talk back!

Mike Lord

This article describes an add-
on speech synthesiser for the
ZX81 or Spectrum. It is
compatible with the Sinclair
16K RAM Pack, ZX printer,
and Microdrive/Net interfaces.
Add-ons from other
manufacturers may also be
used as long as they do not use
I/O addresses with A7=0. The
board is also compatible with
the software produced by
Timedata for use with their ZX
speech add-ons.

The hardware produces a
range of ‘Allophones’, which
are the basic sounds used when
we speak. By programming the
correct sequence of
allophones, you can make the
board ‘speak’ virtually any
English word, as well as many
foreign ones. It can also
produce some strange sound
effects to give a lively
background for games
programs!

This technique doesn't produce
as high a quality of speech as
can be obtained from fixed
vocabulary synthesisers which
produce complete words or
phrases, like the one fitted in
the BL Maestro. But it is more
flexible, and so more suitable
for the experimenter.

To keep the cost low, we
haven't fitted an audio amplifer
or loudspeaker. The board has
an OV.5 output signal which

(eg crystal) earpiece, or can be
connected to a normal audm
amphﬁer

' The Circuit

Is quite straightforward, as can
be seen from Figure 1. Most of
the work is done by the speech
synthesiser chip, IC3.

To start it speaking an

- allophone, the ALD input to

IC3should be pulsed low while
the appropriate code number
{0-63) is present on the
computer data lines DO-DS5.

' Because there are only 64

possible codes, the other two
data lines (D6 and D7) are not
connected.

" Once it has been started in this

way, the speech chip will carry
on by itself to produce the
allophone sound. It has two
outputs which the computer
can look at: SBY which is high
while the allophone is being
produced; and LRQ which
goes low when the chip is
ready to accept a new
allophone. These two signals
are routed to the two data lines
D4 and D3 respectively
through the tri-state buffers in
IC2.

Because we wanted the board
to work with either the ZX81 or
the Spectrum without
modification, it is ‘I/O’
mapped. That is, it appears in

.the computer’s I/O address

space rather than in the

also been designed to use a
23+ 23 way bus connector
which is suitable for both
computers, rather than the
28+ 28 way Spectrum
connector which cannot be
used with the ZX8]1.

" To avoid conflict with Sinclair

peripherals such as the ZX
printer, address line A7 is used
to select the board. ICI

decodes the state of the RD,
WR, TORQ and A7 lines from
the computer so that when the
computer is writing to an I/O_
address with A7 low, the ALD
input of the speech chip is
pulsed low. When the
computer reads from an I/O
address with A7 low, ICI
enables the tri-state buffers IC2
to put the state of the SBY and
LRQ signals onto the data bus.

R7 and C10reset the speech
chip when power is applied;
although a reset signal is
available from both the ZX81
and the Spectrum, it appears
in different positions on the
connectors for the two
machines.

L1 and the small capacitors
around it form a tuned circuit
resonant at about 3MHz. This is
used by an oscillator in IC3 to
generate the basic clock for the
speech chip. Altering the
values of the inductor or the
capacitors will affect the ‘pitch’
of the voice output signal.

This voice signal comes out of

can drive a high impedance memory address space. It has pin 24 of IC3 as a pulse width
E 69 = =1
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Figure 1. The complete circuit of the Speech Synthesiser. The
synthesiser IC itself does most of

the computer.

the work, and only B
minimal address decoding is required to interface the chip to

modulated square wave, at
approximately 20kHz. If you
were to connect an amplifier
directly to this output, it would
probably be grossly
overloaded by the very high
level of 20kHz, as well as
annoying all the dogs and
young people in the
neighbourhood! So a three
pole active filter — comprising
Q1 and its surrounding
resistors and capacitors — has
been added between the
speech chip and the output of
the board.

Construction

The component layout is shown
in Figure 2. A single-sided

board has been used to keep
the cost low, but this-means
that two wire links have 1o be
added as shown.

Provided that the components
you are using are reasonably
small, there should be no
problem, in fitting them to the
PCB. But take care when
soldering as, in a few places,
the tracks run very close to IC
pads and it is only too easy to
make an unwanted connection!
And make sure that the
electrolytic capacitors (C1,
C10& C11) are put in the right
_way round. Note that Figure 2
shows which side the positive
lead of these capacitors should

be, but many electrolytics only
have the negative lead matrked
on the case. £
Q1 might cause some = "
confusion. The case is ‘D"
shaped as shown, but
individual manufacturers seem
to have their own ideas about
which way round the ‘D’ should
go. Luckily they all form the
leads into a pattern which will
only fit into the PCB one way
round. The collector lead goes
into the hole nearest to ICs

1&2.

It is worth using an IC socket
for the speech chip IC3
because it is expensive, and
using a socket means that you

don't actually have to fit the IC
until the very last moment.
Whether you use sockets for
the other two ICs really
depends on how confident you
are about being able to solder
them in the right positions and
the right way round first time!

Once you have soldered all of
the components onto the main
PCB it is time to fit the
computer bus connectors PI1
and SK1.

SK1 should be fitted first,
positioned so that its body is on
the track side of the board,
spaced about 0.5 cm from the
board. Solder a couple of
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corner pins onto the square
pads on the board first then
check that the connector body
is absolutely 'square’ to the
PCB before soldering to the
remaining pads.

PL1, which is a double sided
PCB type, should be fitted last.
The ends of the SK1 terminals
which project through the -
component side of the main
board have to bent in and
soldered to the matching tracks
on PL1. Again, it is best to
solder the end connections first
and check that PL1 is
absolutely square to the main
PCB (and that its polarising
slot is at the right end) before
soldering the bulk of the

connections.

Testing It

Before doing anything rash,
check carefully to make
absolutely sure that the right
components are fitted the right
way round, and that there are
no short-circuits caused by
solder splashes or excessive

solder. This is most important,
as a fault on the speech board
could damage your computer.

Then remove power from the
computer, plus the board in,
then re-apply power. If the
computer doesn't start up as
normal, turn the power off
quickly and check your work
again.

Once you are sure that the
computer still works properly
with the board fitted, connect it
to an audio amplifier so that
you can hear the sounds it will
be making.

If you have a Spectrum, then
you can give the board a quick
test by entering:

OUT 127,18

which would give a continuous
‘ey’ sound. Use OUT 127,0to0
stop it. H'you have a ZX81,
then load and run the 'ZX81
Output Routine’ then enter:
LET S$=CHR$ 18+ CHR$ 64
RAND USR 16514

to produce a short ‘ey’ sound.

generate 64 different
allophones (including some
silent 'pauses’ of varying
lengths), as shown in Table 1.

To make it say a complete word
or phrase, v>u have first to
choose a suitable sequence of

.allophones. For example, the

word ‘Hello' can be produced
reasonably well by the four
allophones: :

HH,U,L,OW

Then the code for each
allophone in-turn has to be sent
to the speech chip. For ‘Hello’,
the four codes would be:

53 30 43 58

Different allophones last for
different times (see Table 1),
so the speech board tells the
computer when it has finished
with the current allophone
code and is ready for the next.
With most allophones, the
speech chip will actually carry
on giving an audible output
after the allophone has

—
Parts List
RESISTORS .
(All 1/4 watt 5%)
RlL26. . ... ... 1k
L 10k
R4S . oo 4k7
CAPACITORS
=
25V radial electro
CZBABT o pse008mivmnms s g 88808 5o s o . 10n
miniature ceramic or polyester
C6 e -uun 82p
min. ceramic
BT o sicsmnninmmemim s m b e oo e s P 2’th
min. ceramic
SEMICONDUCTORS [
L BC238
NPN transistor
ICY 741.5126
quad tri-state buffer 23A
BEB oo g s G e oo nmm e g B B e s 741.827 :
. triple 3-input NOR 4|28
IC3 T SPO256AL2
speech synthesiser T
NOTE. SK1 IS MOUNTED ON THE SOLDER SIDE - SEE PHOTO
Simree BRI LY e R ——
SK1: 23+23 way 0.1” ZX81 edge connector socket with wire- ovetl(_xy. P I'.l is needed if the speech synthesiser is to .be
wrap terminals and polarising key in posn 3. ‘used in conjunction with other add-ons for the Sinclair
1. S N 3.5mm PC mounting computer(s).
jack socket ;
BK3 e 28 way DIL socket | Allophope Speech ‘officially’ finished. This covers
PL1: 23+ 23way 0.1" ZX81 edge connector plug with polarising Synthesis over any gap until the
slot in pos'n 3. PCB, wire, solder etc. . The speech chip used can computer can load the next

code into the speech board,
but does mean that you must
deliberately turn the sound off
at the end of a word or phrase
by sending one of the silent
(pause) codes to the board.

How intelligible the resulting
speech output is depends
mainly on the choice of
allophones. For example, if
you look at Table 1 you will see
that there are three ‘G’ sounds;
'GI, and '‘GU" Ttisalways
worth experimenting to see
which sounds best in a
particular word.

The allophones marked with a
**"in Table I can be repeated
to lengthen and give emphasis
to those sounds, as the doubled
'E' sound in ‘Ten’: ~

T,EE NN

Short pauses between .
allophones, particularly before
the sounds b’ ,'¢’ ,'ch’ adl g
,'p’ and ‘', can make a
considerable improvement to
the quality of the speech
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output, as can using differing
length pauses between words
to give a more natural ‘rhythm’.

Programming

The ZX81 and Spectrum
Output Routines given with this
article put a machine code
program into the REM line 1.

When called (by a statement
like RAND USR LOC) it looks
for the first variable in the
Variables area; this must be the
character array S$, since that
is the first variable to be used

— Speech Synth =

allophone. When it reaches a
character in S$ which has the
code 84, it turns the synthesiser
off and returns to BASIC.

So, to make it speak the word
‘Hello'’, first put the
appropriate codes into S$ with
a statement like:

LET S$=CHRS$ 53+ CHR$
39+CHR$ 43+ CHR$
58+ CHR$ 64

(Don't forget the ‘end’ code 64)

2 DIM S$(21)

)—476
8NEXT X

the machine code routine;

ZX81 Output Routine

1 REM 1234567890123456789012345

3LETLOC=16514

4 LET A$="0106002A 104009017FF
F7EED79FE40C8ED78CBSF20F A 2318F 1
S5FOR X=LOC TO LOC+24

6 POKE X, 16*CODE A$+ CODE A$(2

7LET A$=A$3TO)

When run this routine loads the REM statement in line 1 with

START LDBC,0006 PointS$

: LD HL,(4010) to start
ADDHL,BC of S$

NUCD LDA,(HL) Send next
OUT (C),A code
CP 64 Quit if it
RET Z was 64

LOOP INA,(C) Wait while
BIT 3A allophone
JRNZ,LOOP is spoken
INC HL Then get
JRNUCD next one

2 DIM S$(21)
EK 23636

6READ a
7POKE x,a
8 NEXT x

Sp.ectrtim Output Routine

1 REM 1234567890123456789012345
3LET loc=5+PEEK 23635+ 256*PE

4DATA 1,6,0,42,75,92,9,1,127

, 255,126,237, 121,254, 64, 200,237
120,203,95,32,250, 35,24, 241
SFOR x=loc TO loc+ 24

in the BASIC program. It then
sends the code of each
character in S$ to the speech
board, in turn, waiting each
time for the synthesiser to
finish speaking the previous

Then RAND USR LOC will call
the machine code routine to
speak the word. S$is
dimensioned in the routines to
hold up to 21 allophone codes
(including the end code 64) 2

T —
T —
Table 1
Mnemonic Code Time (mS) Example
A 21 80+* hAt
AIR 47 250 hAIR
AH 17 60 * cOme
AR 61 200 {ARm
AY 18 200 trAY
B 63 60 Big
BU - 19 40 taBle
C 13 120 Can
CH 28 150 CHurCH
D 50 50 baDly
DU 40 80 Do
E 38 50 * bEt
EAR 27 250 hEAR
EE 52 170 sEE
EL 31 140 tabLE
ER 26 210 hER
F 9 110* Food
G 12 120 doG
GI 10 80 Guest
GU 59 80 Green
H 57 130 Hoe
HH 53 30 He
I 3 50* slt
IE 6 170 skY
IR 60 - 110 fIR
] 5 100 Jet
K 1 80 Comb
KU 41 140 speakK
L 43 80 Lie
M 16 180 Milk
N 25 140 No g
NG 11 200 aNchor
NN 37 17 thiN
o . 54 70* hOt
(e]e} 28357 o 70° OO0t
000 5573 170 mOOn
OR 29 - 240 stORE {
ou 8 250 OUt |
ow 58 170 snOW
(0) ¢ 34 290 tOY
P 33 150 Pit
R 46 80 gReat
RR 7 130 Read
S 62 60* beSt
- SH 42 120 SHip
T 48 80 parT
TH 20 50 THey
THH 51 130* THin
THU 30 180 baTHE
TT 35 -100 ToTal
U 39 50 * bUtter
UH 240 60 sOOty
\% 44 . 130 Very
w 15 140 - Will
WH 24 250) WHen
Y 56 0 ~ You
YU 49 . 130 Yes
Z 45 150 Zoo
ZH 14 130 aZure
P1 0 ‘10 (pause)
P2 ‘32 30 it
P3 4 40 ‘e
P4 36 100 i
P5 2 200 e
* These allophones can be repeated to lengthen them.
Table 1. Allophone codes for the ZX Speech Synthesiser.

B
I
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‘Spectrum Voice Synthesiser

Until recently-a voice synthesiser attachment to a microcomputer would have
~cost at least £200. With the introduction of the General Instrument SPO256
chip a good synthesiser can be built for as little as £15. In this article Robert
Harvey outlines the construction and use of just such a device for the Sinclair

Spec_trum. ;

The system to be described is intended for

. connection to a ZX SPECTRUM but the
circuit can easily be interfaced to any Z80
based micro and as the driver software is
written in BASIC, this too should be trans-

- portable with little modification .

The circuit can be easily constructed on
VERO VQ board using a wiring pen (also’

from VERO) or a PCB can be used. The dual
. 28 way edge ‘connector can: be soldered

directly to the board and thus the finished

unit (with the speaker mounted on the board)
.can plug in and stand up behind the
Spectrum. The circuit includes a five volt
power supply for the logic and it is
recommended that this be used because the
SP0256 chip alone uses around 90mA and it

is well known that. the Spectrum’s own

- internal power supply will not stand much
more loadingd .~ T =

‘The main circuit consists of three parts: |
Computer interface, Voice symhe,si's_elr‘chipy-

and the filter amplifier circuit. -
“Interface . . . ... et
The synthesiser is interfaced to work on one
of the Z80 I/O ports: When writing to this
port, data is transferred to the SP0256 which
then begins pronunciation. When reading the
port the Busy (ie. Currently talking) signal is
presented on bit 7. The actual address of the
port cdn be changed to any of seven different
addresses so that the circuit can be
accommodated with any other devices
connected to the computer. The' three

~ address bits AS, A6 & A7 notused within the
Spectrum are used to select this port address.

The software assumes port 159 is used.

The Synthesiser =~

This section ‘of the circuit consists of the
SP0256. chip and an oscillator made from
two gates of a TTL quad NOR gate IC. GI
recommend that a 3.12 MHz crystal be used
‘and provision has been made within the chip

to connect this directly without the need for -

external circuitry. Although, by using a
Separate oscillator (eliminates the need for

‘and 28 of the SP0256. The chip itself

The Filter/Amplifier =~
| The output of the chip consists of a high'
- frequency  pulse width modulated . signal-
through a low pass |
filter in order to remiove the high modulation

configuration. -« -

‘up speech. The synthesiser rd- will -} ¢
pronounce fifty nine allophones and in theory. | I

 able, will not match those p:

‘an expensive crystal) the pitch of. the
synthesised voice can be changed to give the
most pleasing results. The-crystal, if re-
quired, can be connected between pins 27

contains all the logic to convert the allophone,
codes into digital speech. LlETly o

.which must be passed
frequency and obtain an' analogue signal. -
This circuit uses a second order Butterwort
filter with a cutoff frequency of 5SKHz and

‘made from a CA3140 MOSFET operational

LM380 power amplifier m 3

‘This type of speech synthesiser utilises parts.

| of the spoken word known as all phones. | ., OMPUTER”

“UW,TT2.ER in allophones!) ‘but any se-

These are the actual sounds that go to make
- will:

it should be possible to synthesise any word
in the English language. ,Obvioi!g_f)j: though

the words produced, while being under

ility

human vocal tract, which has the capab
‘nine

of producing many more than
speechsounds! = <

‘Conversion of text to kspye‘“ ch ing
allophones: requires a small amount of |
‘experimentation in order to produce realistic

-sounds. The amount of effort depends on the | oooivec apause code. The next stepup from

‘composition of the word: Words with nasal
and fricative sounds are harder to set right

‘| than words that contain mostly just vowels stnngs tobe sentde
 would go some way to

and consonants, but this is just a general
guide and it is worth remembering that the
sounds of different groups of letters change

: 24

complicated allophone combinations.' The
allophone table (Fig 2) gives -allophone
numbers in decimal and a guide to their use

- Another area of experimentation would be

depending on their position within a word, | (oo
and ‘that some groups of letters have quite

and should help in the formation of allophone
Bpéech; il i 5

Programming Q 'l'he ijﬁthesisér

- The synthesiser takes a six bit code repre-

senting an allophone and -genérates the
corresponding sound, The -actual process of

| sending allophone codes to the synthesiser is.
_simplicity itself and consists of just waiting

for the chip to finish what it was last doing

| andthen sending it the new code, Tis can be
_done with the following extract of BASIC

000 IF IN 159>127 THEN GO TO
10 OUT 159,DATA
s ;

THEN GO TO 20
UT 159N .

15,16,9,49,22,13,51,0
example the word spoken will be
(KK,AX,MM,PP,YY,

ero value. .
) examples of words made from
phones (some. better than others!) a
ram will be given next month which
t says just in case it is not

e of codes cay Lbe put as data atline 100

prints what

| to use the synthesiser to produce sound
| effects for games, something it could do.

without much computer intervention as the
synthesiser will continue a sound until it

ds simplifying the
TOCESS: ’ljhen
ld’ be ‘written to

allophone co

: ""j‘i”So toconclude, this synthesiser gives one

~the opportunity to add speech to almost any
_program very cheaply. Let your computer
answerbackl” 0

PARTS LIST

Resistors

g&

7,8 330R
A= . 100R
6 : 1ko

0 ‘ 18k

ga@aa

10k

10k
5k

_ Capacitors
Cl : &
C2, 5,9 . 220u
c3 . 220p

Ca ~820p

Cs,7,8

Semiconductors

I : /

1C2

. 741842
SPO256-AL2

i . .“ = Ica :
510U

- IC7

100n- .

. Speaker, PCB, IC sockets, connectiﬁg

ext Month: PCB and Software.

e 0 ampp
741532
741500

- CA3140
LM380-

Ics
ICs

X5 H

‘Miscellaneous

wire etc. -
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_PROJECT

Specfrvm s
speech -
synthesiser =

Q

D4

InPart2 of Robert Harvey's .
[» ]

D2

WITCH

i

N

project to build a £15 speech
- synthesiser, the sofiware
and PCB details are given.

To recap, the speech synthesiser is based
- onithe General Instrumenmt SPO256 chip.
While the board is designed with the
Spectrum specifically in mind, it can easily
 be interfaced to any Z80 based micro, and -
as the software is written in BASIC, thistoo -~ -
should be transportable with litle modifi- =
cation. s E2 il e
The circuit is easily constructed on Vero ~ *
. VQ Board using a wiring pen, of by usinga:
PCB. The dual 28-way connector can be:
-Soldered directly tothe board and thusthe
finished unit (with speaker mountedonthe =~ -
board) can plug in and stand up behind the
. Spectrum. The circuit includes a 5V power
supply for the logic and it is recommended = =~
that this be used because the SPO256 .
- alone uses around 90mA, and it is well .
known that the Spectrum’s own internal -
- power supply will not stand much more
.loading. The software is shown below in '
- Listing 1. : R

LISTING 1

10  PRINT "I AM A ZX SPECTRUM COMPUTER”
20 - LET X=300: GO SUB 1000: REM ** NOW SAY IT
30 PAUSES0 -
40 ' PRINT “PLEASE ENTER A NUMBER” :
50 LET X=310: GO SUB 1000 : ;
60 LET A$=INKEYS: IF A$<“0” OR A$>“9” THEN GO TO 60
170 LET A=vaL AS '

180 ° PRINT “THE NUMBER IS A : =
190 LET X=320: GO SUB 1000 i v

100 LET X=A+200: GO SUB 1000 . ;

110 PAUSE25 . i
120 'GOTO 40

-} 199 REM **** NUMBERS ONE TO
NINE IN ALLOPHONES -

200 DATA 43,12,12,39,53,0: REM ZERO

201 DATA 46,23,11,0: REM ONE

-§ 202 DATA 13,31,0: REM TWO

203 DATA 40,14,19,0: REM THREE -

204 DATA 40,58,0: REM FOUR

205 DATA 40,6,40,0: REM FIVE

206 DATA 55,12,2,41,55,0: REM SIX

207 DATA 55,7,35,7,11,0: REM SEVEN

208 DATA 20,2,13,0; REM EIGHT

209 DATA 56,6,11,0: REM NINE

299 REM **** SENTENCES IN ALLOPHONES (See PRINTS)
300 DATA 6,3,26,16,3,20,3,43,7,7,21,4,7,1,41,55,3,55
301 DATA 9,7,41,17,14,15,16,3,42,15,16,9,49.22,13,51,0
310 DATA 9,45,19,43,3,7,11,2,13,51,3,20,3,11,15,16,1
311 DATA 28,51,0

320 DATA 18,52,3,11,15,16,1,28,51,3,12,12,55,4,0

999 REM **** SUBROUTINE TO SPEAK A PHRASE
1000 RESTORE X s i
1010 READ IN- :

1020 IF IN 159>127 THEN GO TO 1020

1030 QUT 159N

1040 IF N THEN GO TO 1020

1050 RETURN

76 - ELECTRONIGS & COMPUTING MONTHLY mae e e e e s '~Fgggagayzygs4
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_ Spectrum Voice Synthesiser

Until recently a voice synthesiser attachmen
cost at least £200. With the introduction of
chip a good synthesiser can be built for as li
Harvey outlines the construction and use of

Spectrum.

The system to be described is intended for
connection to a ZX SPECTRUM but the
circuit can easily be interfaced to any Z80
based micro and as the driver software is
written in BASIC, this too should be trans-
portable with little modification,

The circuit can be easily constructed on
VERO VQ board using a wiring pen (also
from VERO) or a PCB can be used. The dual
28 way edge connector can be soldered
directly to the board and thus the finished
unit (with the speaker mounted on the board)
can plug in and stand up behind the
Spectrum. The circuit includes a five volt
power supply for the logi and it is
recommended that this be used because the
SP0256 chip alone uses around 90mA and it
is well known that the Spectrum’s own
internal power supply will not stand much
more loading!

The main circuit consists of three parts:
Computer interface, Voice synthesiser chip
and the filter amplifier circuit.

Interface

The synthesiser is interfaced to work on one
of the Z80 /0O ports: When writing to this
port, data is transferred to the SP0256 which
then begins pronunciation. When reading the
port the Busy (ie. Currently talking) signal is
presented on bit 7. The actual address of the
port can be changed to any of seven different
addresses so that the circuit can be
accommodated with any other devices
connected to the computer. The three
address bits A5, A6 & A7 notused within the
Spectrum are used to select this port address.
The software assumes port 159 is used.

The Synthesiser

This section of the circuit consists of the
SP0256 chip and an oscillator made from
two gates of a TTL quad NOR gate IC, GI
recommend that a 3.12 MHz crystal be used
and provision has been made within the chip
to connect this directly without the need for
external circuitry. Although, by using a
separate oscillator (eliminates the need for

an expensive crystal) the pitch of.the
synthesised voice can be changed to give the
most pleasing results. The crystal, if re-
quired, can be connected between pins 27
and 28 of the SP0256. The chip itself
contains all the logic to convert the allophone
codes into digital speech.

The Filter/ Amplifier

The output of the chip consists of a high
frequency pulse width modulated signal
which must be passed through a low pass
filter in order to remove the high modulation
frequency and obtain an analogue signal.
This circuit uses a second order Butterworth
filter with a cutoff frequency of 5KHz and is
made from aCA3140 MOSFET operational
amplifier. The signal from this is then
amplified to drive a loudspeaker by an
LM380 power amplifier in a standard
configuration.

Allophones

This type of speech synthesiser utilises parts
of the spoken word known as allophones.
These are the actual sounds that go to make
up speech. The synthesiser board will
pronounce fifty nine allophones and in theory
it should be possible to synthesise any word
in the English language. Obviously though
the words produced, while being understand-
able, will not match those produced by the
human vocal tract, which has the capauility
of producing many more than fifty nine
speech sounds!

Conversion of text to speech using
allophones requires a small amount of
experimentation in order to produce realistic
sounds. The amount of effort depends on the
composition of the word: Words with nasal
and fricative sounds are harder to set right
than words that contain mostly just vowels
and consonants, but this is just a general
guide and it is worth remembering that the

‘sounds of different groups of letters change

depending on their position within a word,
and that some groups of letters have quite
complicated allophone combinations, The
allophone table (Fig 2) gives allophone
numbers in decimal and a guide to their use
and should help in the formation of allophone
speech. :

the General Instrument SP0O256
ttle as £15. In this article Robert
just such a device for the Sinclair

Programming The Synthesiser

The synthesiser takes a six bit code repre-
senting an allophone and generates the
corresponding sound. The actual process of
sending allophone codes to the synthesiser is
simplicity itself and consists of just waiting
for the chip to finish what it was last doing
and then sending it the new code. This can be
done with the following extract of BASIC
code:

1000 IF IN 159>127 THEN GO TO
1000
1010 OUT 159,DATA

Thus the following program can be used to
test a sequence of allophones:

10 RESTORE 100

20 IF IN 159>127 THEN GO TO 20
30 READ N: OUT 159,N

40 IF N THEN GO TO 20

50 STOP
100 DATA 42,15,16,9,49,22,13,51,0

In this example the word spoken will be
“COMPUTER” (KK,AX,MM,PP,YY,
UW,TT2,ER in allophones!) but any se-
quence of codes can be put as data at line 100
terminated by a zero value,

For more examples of words made from
allophones (some better than others!) a
program will be given next month which
prints what it says just in case it is not
understood! ‘

Another area of experimentation would be

to use the synthesiser to produce sound

[ effects for games, something it could do

without much computer intervention as the
synthesiser will continue a sound until it
receives a pause code. The next step up from
the example programs would be one that
converts allophone input as text into numeric
strings to be sent to the synthesiser — this
would go some way towards simplifying the
text to allophone conversion process. Then
perhaps a program could be written to
convert English text directly into allophone
codes.

So to conclude, this synthesiser gives one
the opportunity to add speech to almost any
program very cheaply. Let your computer
answer back!

Next Month: PCB and Software.

PARTS LIST Capacitors . IC3 7805
Resistors C1 10u 14 741832
R1 10k Gz, 5,9 220u ICs 741500
R2,7,8 330R G 220p  1Cs CA3140
R3, 4 100R c4 820p  IC7 LM380
RS, 6 1k0 C6,7,8 100n

R9 10k Semiconductors Miscellaneous

R10 18k Ic1 74L842  Speaker, PCB, IC sockets, connecting
RVi 5k IC2 SPO256-Al2 wire etc.
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PROJECT

Spectrum
speech
synthesiser

In Part 2 of Robert Harvey's
project to build a £15 speech
synthesiser, the software
and PCB details are given,

To recap, the speech synthesiser is based
onthe General Instrumenmt SPO256 chip.
While the board is designed with the
Spectrum specifically in mind, it can easily
be interfaced to any Z80 based micro, and
as the software is written in BASIC, this too
should be transportable with little modifi-
cation.

The circuit is easily constructed on Vero
VQ Board using a wiring pen, or by using a-
PCB. The dual 28-way connector can be
soldered directly to the board and thus the
finished unit (with speaker mounted on the
board) can plug in and stand up behind the
Spectrum. The circuit includes a 5V power
supply for the logic and it is recommended
that this be used because the SPO256
alone uses around 90mA, and it is well
known that the Spectrum’s own internal
power supply will not stand much more
loading. The software is shown below in
Listing 1. :

LISTING 1

10 PRINT“I AM A ZX SPECTRUM COMPUTER”"

20 LET X=300: GO SUB 1000: REM *** NOW SAY IT
30 PAUSE 50

40  PRINT “PLEASE ENTER A NUMBER"

50  LET X=310; GO SUB 1000

60  LET A$=INKEYS: IF A$<"0” OR A$>“9” THEN GO TO 60
70 LET A=VALAS

80  PRINT “THE NUMBER IS ";A

90  LET X~320: GO SUB 1000

100 LET X=A+200: GO SUB 1000

110 PAUSE 25

120 GOTO 40

199 REM **** NUMBERS ONE TO
NINE IN ALLOPHONES

200 DATA 43,12,12,39,53,0:'REM ZEROQ

201 DATA 46,23,11,0: REM ONE

202 DATA 13,31,0: REM TWO

203 DATA 40,14,19,0: REM THREE

204 DATA 40,58,0: REM FOUR

205 DATA 40,6,40,0: REM FIVE

206 DATA 55,12,2,41,55,0: REM SIX

207 DATA 55,7,35,7,11,0: REM SEVEN

208 DATA 20,2,13,0: REM EIGHT

209 DATA 56,6,11,0: REM NINE

299 REM **** SENTENCES IN ALLOPHONES (See PRINTS)
300 DATA 6,3,26,!6,3,20,3,43,7,7,21,4‘7,1,41‘55.3.55

301 DATA 9,7.41,17,14,15,16,3,42,15,16,9,49,22,13.51.0

310 DATA 9,45,19,43,3,7.1 1,2,13,51,3,20,3,11,15,16,1

311 DATA 28,51,0

320 DATA 18,52,3,1 1,15,16,1,28,51,3,12,12,55,4,0

999 REM **** SUBROUTINE TO SPEAK A PHRASE

1000 RESTORE X
1010 READ IN-
1020 IF IN 159>127 THEN GO TO 1020
1030 OUT 159,N

1040 IF N THEN GO TO 1020

1050 RETURN
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Catalog Number 276-1783

TECHNICAL DATA

AN EXCLUSIVE RADIO SHACK SERVICE TO THE EXPERIMENTER

SP0256-AL2 Voice Synthesizer

Features

Natural Speech

Stand Alone Operation with |nexpensive Support Components
Wide Operating Voltage

Word, Phrase, or Sentence Library, ROM Expandable
Expandable to 491K of ROM Directly

Simple Interface to Most Microcomputers or Microprocessors
Supports L.P.C. Synthesis: Formant Synthesis: Allophone
Synthesis

® @ ¢ ¢ © @ o

Description

The SP0256 (Speech Processor) is a single chip N-Channel MOS
LS| device that is able, using its stored program, to synthesize speech
or complex sounds,

The achievable output is equivalent to a flat frequency response
ranging from O to BkHz, a dynamic range of 42dB, and a signal-to-
noise ratio of approximately 35dB.

The SP0256 incorporates four basic functions:

e A software programmable digital filter that can be made to
model a VOCAL TRACT. .

e A 16K ROM which stores both data and instructions (THE
PROGRAM).

¢ A MICROCONTROLLER which controls the data flow from the
ROM to the digital filter, the assembly of the “word strings'’
necessary for linking speech elements together, and the ampli-
tude and pitch information to excite the digital filter.

® A PULSE WIDTH MODULATOR that creates a digital output
which is converted to an analog signal when filtered by an external
low pass filter.

Applications

e Telecommunications e Warning Systems

e Appliances e Security Systems

e Computer Peripherals e Electronic Musical Instruments
e Automotive e Aids to the Blind

e Personal Computers ® Narrow Bandwidth

e Toys/Games e Communication Systems

e Educational Aids

C1 g === ROM DISABLE SOURCE AND
€2 ] 5*2%‘3;;0‘7_0“ INTERPOLATION  [* g gi1g
[ — e ROM CLOCK (5 REGISTERS) L
SER OUT N T | )
SERIAL COEFFICIENT TRANSFER
2
ALY HOLDING REGISTERS
(CQEFFICIENTS:
f siTs ‘
VOCAL TRACT MODEL
SER IN meeciagnd DATA (12 POLE DIGITAL |,
FILTER
? - } 78IS ‘
PULSE WIDTH
s oS WO e e biGiTAL OUT
oscz2
i ADDRESS REGISTER osc
osc 1
STARTY ADDRESS HANDSHAKE
LATCH CONTROL l
\m ALD SE (RO sBY vpi
ADDRESS SRYRESEY

PIN CONFIGURATION
28 LEAD DUAL IN LINE
Top View
Veger ~  a.hosc:
RESET (]2 271 osc1
ROM DISABLE [ 3 26 ROM CLOCK
cide 25 1 SBY RESET
cals 24 [J DIGITAL OUT
cIge 23] vy
Voo 7 223 Tesy
sev e 21 [3 SER IN
rRaOe 2071 ALD
A8 [ 10 181 8E
A7 11 18 ] A1
SER OUT [J12 173 A2
A8 13 160 A3
AS ] 14 150 A4

Absolute Maximum Ratings
g1 T4 5] » T

—0.3V to +12V
—25°C to +125°C

Clock Crystal Frequency. . . . . . L L T RN D 3.12MHz
DC CHARACTERISTICS )
Operating Temperature T = 0°C to +70°C
Characteristics Sym Min Max Units
Primary Supply Voltage Vpp 4.6 7 \
Standby Supply Voltage Vpi 4.6 7 Vv
Primary Supply Current Ipp — 90 mA
Standby Supply Current Ip1 == mA
Inputs
A1-A8, ALD, SER IN, TEST, SE
Logic 0 ViL 0 0.6 \
Logic 1 ViH 24 Vp1 \
Capacitance Cin —_ 10 pf
Leakage ILe - + 10 LA
RESET, SBY RESET
Logic O ViLt 0 0.6 \9
Logic 1 ViH1 3.6 VD1 \
Oscillator Leakage
0OSC 1 (7.0V, no load) = 1.0 10 MA
Outputs
SBY, DIGITAL OUT, C1, C2,
C3, LRQ, ROM DISABLE,
ROM CLOCK, SER OUT
Logic 0 (0.72mA load) VoL 0 06 Voo
Logic 1 (—50UA load) Vo 3.5 Vpi Vv
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AC CHARACTERISTICS
Operating Temperature: Tp = 0°C to +70°C

Characteristics Sym Min Max Units
Clock Freguency, 3.120 MHz - - - MHz
Reset, SBY Reset tow1 100 - s
ALD (<800ns) tow2 200 800 ns
A1-A8 Set Up tg2 160 - ns
A1-A8 Hold th2 160 - ns
ALD (2800ns) towd | 800 | — ns
A1-A8 Set Up ts3 0 = ns
A1-A8 Hold th3 1200 | — ns
LRQ tpd0 - 640 ns
SBY- tpdo — 640 s
TESET. SBY RESET
:
A Bt e
(<800ns)
]
ot
A1-A8 1 |
— bt
M4 .
1
AT **‘»i ow3 —
(2800ns) l
I =
e o0t by e
]
|
1
o e

sBY

Vocabulary List

TIMING DIAGRAM

Address Word Address Word

0 Oh 18 Eighteen

1 One 19 Nineteen

2 Two 20 Twenty

3 Three 21 Thirty

4 Four 22 Forty

5 Five 23 Fifty

6 Six 24 Itls

7 Seven 25 AM,

8 Eight 26 P.M.

9 Nine 27 Hour
10 Ten 28 Minute
11 Eleven 29 Hundred Hour
12 Twelve 30 Good Morning
13 Thirteen 31 Attention Please
14 Fourteen 32 Please Hurry
15 Fifteen 33 Melody A
16 Sixteen 34 Melody B
17 Seventeen 35 Melody C

PIN FUNCTIONS

Pin Number

Name

Function

1
2

4,56

10,11,13,
14,15,16,
17,18

12

19

20

21

22

23

24

25

26
27

28

RESET

ROM DISABLE

C1,C2,C3

Vbp
SBY

r'
o

AB,A7,A6 A5,
A4,A3,A2,A1

SER OUT

SE

|

>
—
O

SER IN

TEST

VD1
DIGITAL OUT

Ground

A logic O resets the SP. Must be
returned to a logic 1 for normal
operation.

For use with an external serial
speech ROM. A logic 1 disables
the external ROM.

Output control lines used by an
external serial speech ROM.,
Primary power supply.

STANDBY. A logic 1 output indi-
cates that the SP is inactive (i.e.
not talking) and Vpp can be
powered down externally to con-
serve power. When the SP is reacti-
vated by an address being loaded.
SBY will go to lngic 0.

LOAD REQUEST. LRQ is a logic
1 output whenever the input buffer
is full. When LR7 goes to a logic 0,
the input port is loaded by placing
the 8 address bits on A1-A8 and
pulsing the ALD input.

8-bit address which defines any one
of 256 speech entry points.

SERIAL ADDRESS OUT. This
output transfers a 16-bit address
serially to an external speech ROM.
STROBE ENABLE. Normally held
in a logic 1 state. When tied to
ground, ALD is disabled and the
SP will automatically latch in the
address on the input bus approxi-
mately 1us after detecting a logic
1 on any address line.

ADDRESS LOAD. A negative pulse
on this input loads the 8 address
bits into the input port. The
leading edge of this pulse causes
LRQ to go high.

SERIAL IN. This is an 8-bit serial
data input from an external speech
ROM.

A logic 1 places the SP in test
mode.” This pin should normally
be grounded.

Standby power supply for the
interface logic and controller.

Pulse width modulated digital
speech output which, when filtered
by a BkHz low pass filter and
amplified, will drive a loudspeaker.

SBY RESET

ROM CLOCK
0sc 1

OSscC 2

STANDBY RESET. A logic 0 resets
the interface logic. Normally should
be a logic 1.
1.56MHz clock for
serial speech ROM.
XTAL IN. input connection for a
3.12MHz crystal.

XTAL OUT. Output connection
for a 3.12MHz crystal,

an external
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Catalog Number 276-1783

TECHNICAL DATA

AN EXCLUSIVE RADIO SHACK SERVICE TO THE EXPERIMENTER

SP0256-AL2 Voice Synthesizer

Features

Natural Speech
Stand Alone Operation with [nex
Wide Operating Voltage

pensive Support Components

Word, Phrase, or Sentence Library, ROM Expandable

Expandable to 491K of ROM Dir

ectly

Simple Interface to Most Microcomputers or Microprocessors
Supports L.P.C. Synthesis: Formant Synthesis: Allophone

Synthesis

Description

The SP0256 (Speech Processor
LS! device that is able, using its

or complex sounds,

The achievable output is
ranging from 0 to 5kHz, a

noise ratio of approximately 35dB.

) is a single chip N-Channel MOS
stored program, to synthesize speech

equivalent to a flat frequency response
dynamic range of 42dB, and a signal-to-

The SP0286 incorporates four basic functions:
A software programmable digital filter that can be made to

model a VOCAL TRACT.

A 16K ROM which stores both data and instructions (THE

PROGRAM).
A MICROCONTROLLER which
ROM to the digital filter, the

controls the data flow from the
assembly of the “‘word strings”’

necessary for linking speech elements together, and the ampii-
tude and pitch information to excite the digital filter,

A PULSE WIDTH MODULATOR that creates a digital output
which is converted to an analog signal when filtered by an external

low pass filter.

Applications

Telecommunications
Appliances
Computer Peripherals
Automotive

Personal Computers
Toys/Games
Educational Aids

Warning Systems

Security Systems

Electronic Musical Instruments
Aids to the Blind

Narrow Bandwidth
Communication Systems
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f ‘ 8BTS
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SER IN e DATA (12 POLE DIGITAL |
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f ; TBITS ;
HxaBIT PULSE WIDTH
L, MODULATOR |t DiGITAL OuT
=i ADDRESS REGISTER osc2
DORESS REGISTE! osc
osc 1
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. s ALD sE (RO sBy v,
48 seIr P o l
ADDRESS SBVAESET

BLOCK DIAGRAM FOR SP0256

PIN CONFIGURATION
28 LEAD DUAL IN LINE
Top View
vgOer ~  asboscz
AESET 2 27 0sc1
ROM DISABLE []3 26 ROM CLOCK
cie 251 SBV RESET
cas 24 [ DIGITAL OUT
cale 239 vp,
Voo O] 7 2217 TesT
ssvy s 213 SER IN
itRo e 201 ALD
A8 ] 10 19 sE
arn 180 A1
SER OUT [J 12 170 A2
A8 ] 13 181 A3
AS ] 14 1501 A4

Absolute Maximum Ratings
VoiVop - ... .. [

—0.3V to +12V
—25°C to +125°C

Clock Crystal Frequeney, . . . . . T I T E T 3.12MHz
DC CHARACTERISTICS }
Operating Temperature T = 0°C to +70°C
Characteristics Sym . Min Max Units
Primary Supply Voltage Vpp 46 7 A\
Standby Supply Voltage VD1 46 7 \2
Primary Supply Current Ipp — 90 mA
Standby Supply Current Ip1 - mA
Inputs
A1-A8, ALD, SER IN, TEST, SE
Logic 0 ViL 0 0.6 \
Logic 1 ViH 2.4 Vp1 \Y
Capacitance Cin - 10 pf
Leakage ILe — + 10 UA
RESET, SBY RESET
Log@c 0 ViL1 0 06 \%
Logic 1 ViH1 36 Vp1 Y
Oscillator Leakage
0SC 1 (7.0V, no load) - 1.0 10 MA
Outputs
SBY, DIGITAL OUT, C1, C2,
C3, LRQ, ROM DISABLE,
ROM CLOCK, SER OUT
Logic 0 (0.72mA load) VoL 0 0.6 Y
Logic 1 (—50uA load) Vou 3.5 VD1 \Y
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AC CHARACTERISTICS

Operating Temperature: T = 0°C to +70°C

PIN FUNCTIONS

|Pin Number

Name

Funection

Characteristics Sym Min Max Units
Clock Frequency, 3.120 MHz — - - MHz
Reset, SBY Reset towl | 100 | — us
ALD (< 800ns) tow2 | 200 | 800 ns
A1-A8 Set Up 1) 160 - ns
A1-A8 Hold th2 160 . ns
ALD (=800ns) towd | 800 | — ns
A1-A8 Set Up ts3 0 — ns
A1-A8 Hold th3 1200 | — ns
(Yol tpd0 - 640 ns
SBY- tpdo - 640 ns
SET. SBYRESET .
(<adons) o
at-as Lo
———uu-—:h b
1
. = wm -
A1-AB

s8Y

Vocabulary List

TIMING DIAGRAM

'LAddress Word Address Word
|
} 0 Oh 18 Eighteen
| 1 One 19 Nineteen
i 2 Two 20 Twenty
.3 Three 21 Thirty
4 Four 22 Forty
5 Five 23 Fifty
6 Six 24 Itls
7 Seven 25 AM.
8 Eight 26 P.M.
9 Nine 27 Hour
10 Ten 28 Minute
11 Eleven 29 Hundred Hour
12 Twelve 30 Good Morning
13 Thirteen 31 Attention Please
14 Fourteen 32 Please Hurry
15 Fifteen 33 Melody A
.16 Sixteen 34 Melody B
l 17 Seventeen 35 Melody C

1
2

456

10,11,13,
14,15,16,
17,18

12

19

20

21

22

23

24

25

26
27
28

RESET

ROM DISABLE

C1,c2,c3

Vpp
SBY

-
@]

A8,A7,A6,A5,
A4,A3,A2,A1

SER OUT

SE

l

>
r
)

SER IN

TEST

Vb1
DIGITAL OUT

Ground

A logic O resets the SP. Must be
returned to a logic 1 for normal
operation,

For use with an external serial
speech ROM. A logic 1 disables
the external ROM.

Output control lines used by an
external serial speech ROM.
Primary power supply.

STANDBY. A logic 1 output indi-
cates that the SP is inactive (i.e.
not talking) and Vpp can be
powered down externally to con-
serve power. When the SP is reacti-
vated by an address being loaded.
SBY will go to logic 0.

LOAD REQUEST. LRO is a logic
1 output whenever the input buffer
is full. When LRG goes to a logic 0,
the input port is loaded by placing
the 8 address bits on A1-A8 and
pulsing the ALD input.

8-bit address which defines any one
of 256 speech entry points.

SERIAL ADDRESS OUT. This
output transfers a 16-bit address
serially to an external speech ROM.,
STROBE ENABLE. Normally held
in a logic 1 state. When tied to
ground, ALD is disabled and the
SP will automatically latch in the
address on the input bus approxi-
mately 1Us after detecting a logic
1 on any address line.

ADDRESS LOAD. A negative pulse
on this input loads the 8 address
bits - into the input port. The
leading edge of this pulse causes
LRQ to go high.

SERIAL IN. This is an 8-bit serial
data input from an external speech
ROM.

A logic 1 places the SP in test
mode.* This pin should normally
be grounded.

Standby power supply for the
interface logic and controller.,

Pulse width modulated digital
speech output which, when filtered
by a BkHz low pass filter and
amplified, will drive a loudspeaker.

SBY RESET

ROM CLOCK
0SC 1
0sc 2

STANDBY RESET. A logic O resets
the interface logic. Normally should
be a logic 1.

1.56MHz clock for an external
serial speech ROM.

XTAL IN. Input connection for a
3.12MHz crystal.

XTAL OUT. Output connection
for a 3.12MHz crystal,




-5y
ey +5v  AUDIO AMP
4
3 3 > & 8
8x100KE € € € & & @ <&
$333ss3¢3 7] 23 20
io “vnn Vo ALD
o 33K 33K Yt
- L1 DIGITAL| 24
out|™
13 V,
0 " A8 0.0220t == 0,022 -
D 20 S0k
As AT P
. 18] s = SPKR
s 6l SP0256
1 SBY =
O A2
B a osc 2
+5v
100K 3
RESET 0sC 1
25 3oV AESET
0 1t Vo, TEST
! 7 zzl B
=
TYPICAL APPLICATION STAND ALONE CONFIGURATION
80 ey AUDIO AMP
\
01113 7| 23| 49
B Ve e, sE
33K 33K 1at
ourzlé; AB-A1 DIGITAL [ 24 AAA AAA |
u our M Y 1
o 0.02 f‘L —L 1004
022y 0.022ut . 00y
I T SPKR
SP0256 s =
28 =
OUTPUT -—~—_.__2£’ ALD v
33 12mmz 100
27
11 7
INPUT S _lsav 22pt e Io.m
ser out |2 g ser v =
SER In 2 19_Jser our
INPUT 2Jiro o 2 | ROW ENABLE
S ROM CLOCK R 2 ol cLock
4 15
1
o W c c1
RESET c2}s Balce
BISVRESE ool 2gfc, SPR-16
0.1ut Vie  TEST Ve, ©S2
I 1 22! 1 8
MICROCOMPUTER E| EXTERNAL SERIAL SPEECH ROM
CH PROCESSOR

TYPICAL APPLICATION MICROCOM

(OPTIONAL)

PUTER INTERFACE




- WIES 7

Je

PORTA SCAEOE
HORTATD SV
AT RAME

PROLvAL 64
COMTA 77y ,
STRifery vETIRIME v & Faces /:

TRAjreERe2pil PRASTS 1Z

c.5

LATS «§ T A7 2 Eéﬂu g /0"9;#?"»3"“” #
RAME —_ |14 CoMPONEAT! -
* i
j¢f =FglScse

e 2 =gy Ll o2
/e 3 s D U’?}%H%
/C’,{f = >>

ice = F L5 365
,_
: 5) (/ee;m"-é

i< .
L
¥ e = 24 45 led
i ;e
I T——— .
2 };—fg\: e f=Fais7EE
¢
¥ \ ' '/7; = ”
PoRTA PRIZLYN G A
SeHENE COM TATTY '3) £6:.,7 24, Tl 22 Frive
1) w4 Ff=5




Laro RAME




4 S I T e— R i
Sl et et b SRR Bl b B I

I w_ ot G
| w w v ‘»2 * *
s | T e
Y e T -
« ! = 3 1 4 -l ew
“ R e * ’ | [T wm SO
| e s s
ﬁ... - - i._, %.u 14 m *L i .N ¥T -
BN smuiimol O +Jﬁ.uz
M _ t‘dl s_ —¥" BE .Jj.iwa.t—.l\ ™ B % s 3 JV
! || ety - . :maw\s
ﬂ | B 7|3 e
i 4 RiR
M _ b g3
i
e 7
. m b . ~ _ . _ ..
m * \ o) “ _
| | \ : . _ I
Rl , ]
~ ) \ s i - -
bl i
" o i
m ! u w S uﬁx’ QJ { % g
2 M7 A 2
M _ . »” N.\m. - . _,g.o\\ws A:U
ﬂ — ! » NHW\ 'M.I A“.s.lk r Mom Mo@'ﬂ.’lﬂ
P —1 ¢ = .
e B coupl’iﬂ,_ I vt 20 )
“ _ p.l!'!\flllxl_»l\. ._,M\cﬂ o H ..-..ﬂl.. _o\ﬂ M(lnnl.ll
. N 0 PO I Ly
_P r....lslll B R N B~ R IV S B
T - ” mw,ﬂi e VL R B
w lwu),; o ﬁa ,&..DE:
£




gy

*h'*n h

LAro Roms

TACER - .
T2 78

) LATO comPowe sy

0900006 ?.n..'
O

e




‘t. ?»*4\2—-9_(1,-.‘.
- i P L o ,
{!1 9, i 1 oo - wiesTA
3 ﬁ#f i e o : J‘-"?"
{ i }( . yay »/,v’ i
gf\ 4 4 1§ ?;":v‘
F
i
P - il % 4N
oidrs g
5 sl 2 & lod.F 91 - ok
Lok 22 0 lalag Loriks
,_g;b.o,wf > Famd T e :
Ak e R Lk BN ) i O
R e e O I
St g Ll B i s ENU *—_‘_
' | ' : LhnF
5
ok ead b=(?) i %
towrira s . SKLIF Q.
LARTO RAME
PROLVA 64 ;
COMNTATTY ‘

STRISLLA veTRIMITE & F’ltt!a/
TRAsee2eRpil PRSsa &

L , .
LAT> 1 AAT? f&ﬂw - [g%«;{?w ¥
= ATt .
RAME — LOMPONE | b / 7o ls 5 378N

2 =gy il oo

/€ 3 = /a/P_b 2#&/}”5”9‘3
P g me

1/; - - G L5 365

5) [Qe;u'ﬁ 420 )
tc 2z Phesied

>,—:§:| e p = Fir < SCTSR

IC 7 = N e 'Y
?’ﬁ?’:f Zf:f;/f_ffj .:,) £ L1 oC £yt 22 Ftie
1//%/4 Ffo5

.-
e?} A LS Erd
C{:‘; %éz 0‘ "/ e¢

ERRPPLP e

onabha. b s

/ 3 e 5
'{} for ) ane A ls
£ % ‘g /, ‘ .
1957 sV Th . & on gaﬂeﬁe/?ﬂ




o oo e e e e

iyl v de KR wa e b BT LT TR T P R T S P T I T i Sed e Walkl 8 htaegt (il Fol . .
Corabdite oo DT ek gl sl b e e W e A M B RS S R A B R it e et e b i

]

k_.
I

>3
+ G

Ay

e L T —

e el

m N _. _
™ a0 {z . TR Az i ~_l
I e i R !
wi., —— ko ¥y e Q— A ’kﬁ# v -

i s marh i
e feed ey Bt kv AL a
| H ety o0 ' i A B A o
i f R fe® R < ; ] | -
IR = iy of iy
. _ LSF LET
T b I 23
ﬂ
1 i 1 Ty
| \ 1 _ f, T
| r} . R O R B v T -
| | il _ ; :
“ e _ [
I
i |

e

~4

)
- =
=~
i 2
5
A
)
S
i }‘l .
DI s
S
2
2
3
g }

~

‘\‘\

ﬂ

4 ~f O
x &

of x ,{‘
N :

B e 3 QT o

o ‘
e i
Il
X
%
. ,ii‘ _
FL'—:}‘%‘-!? '
?z
(L
i
) T




/'Spectrum Voice Synthesiser

Until recently a voice synthesiser attachment to a microcomputer would have

cost at least £200. With the introducti
chip a good synthesiser can be buil
Harvey outlines the construction a

Spectrum,

The system to be described is intended for
connection to a ZX SPECTRUM but the
circuit can easily be interfaced to any Z80
based micro and as the driver software is
written in BASIC, this too should be trans-
portable with little modification.

The circuit can be easily constructed on
VERO VQ board using a wiring pen (also
from VERO) or a PCB can be used. The dual
28 way edge connector can be soldered
directly to the board and thus the finished
unit (with the speaker mounted on the board)
can plug in and stand up behind the
Spectrum. The circuit includes a five volt
power supply for the logic and it is
recommended that this be used because the
SP0256 chip alone uses around 90mA and it
is well known that the Spectrum’s own
internal power supply will not stand much
more loading!

The main circuit consists of three parts:
Computer interface, Voice synthesiser chip
and the filter amplifier circuit,

Interface

The synthesiser is interfaced to work on one
of the Z80 I/O ports: When writing to this
port, data is transferred to the SP0256 which
then begins pronunciation. When reading the
port the Busy (ie. Currently talking) signal is
presented on bit 7. The actual address of the
port can be changed to any of seven different
addresses so that the circuit can be
accommodated with any other devices
connected to the computer. The three
address bits A5, A6 & A7 not used within the
Spectrum are used to select this port address.
The software assumes port 159 is used.

The Synthesiser

This section of the circuit consists of the
SP0256 chip and an oscillator made from
two gates of a TTL quad NOR gate IC. GI
recommend that a 3.12 MHz crystal be used
and provision has been made within the chip
to connect this directly without the need for
external circuitry. Although, by using a
separate oscillator (eliminates the need for

an expensive crystal) the pitch of_ the
synthesised voice can be changed to give the
most pleasing results. The crystal, if re-
quired, can be connected between pins 27
and 28 of the SP0256. The chip itself
contains all the logic to convert the allophone
codes into digital speech.

The Filter/ Amplifier

The output of the chip consists of a high
frequency pulse width modulated signal
which must be passed through a low pass
filter in order to remove the high modulation
frequency and obtain an analogue signal.
This circuit uses a second order Butterworth
filter with a cutoff frequency of 5Kz and is
made from a CA3140 MOSFET operational
amplifier. The signal from this is then
amplified to drive a loudspeaker by an
LM380 power amplifier in a standard
configuration.

Allophones

This type of speech synthesiser utilises parts
of the spoken word known as allophones.
These are the actual sounds that go to make
up speech. The synthesiser board will
pronounce fifty nine allophones and in theory
it should be possible to synthesise any word
in the English language. Obviously though
the words produced, while being understand-
able, will not match those produced by the
human vocal tract, which has the capability
of producing many more than fifty nine
speech sounds!

Conversion of text to speech using
allophones requires a small amount of
experimentation in order to produce realistic
sounds. The amount of effort depends on the
composition of the word: Words with nasal
and fricative sounds are harder to set right
than words that contain mostly just vowels
and consonants, but this is just a general
guide and it is worth remembering that the
sounds of different groups of letters change
depending on their position within a word,
and that some groups of letters have quite
complicated allophone combinations. The
allophone table (Fig 2) gives allophone
numbers in decimal and a guide to their use
and should help in the formation of allophone
speech.

on of the General Instrument SPO256
t for as little as £15. In this article Robert
nd use of just such a device for the Sinclair

Programming The Synthesiser

The synthesiser takes a six bit code repre-
senting an allophone and generates the
corresponding sound. The actual process of
sending allophone codes to the synthesiser is
simplicity itself and consists of just waiting
for the chip to finish what it was last doing
and then sending it the new code, This can be
done with the following extract of BASIC
code:

1000 IF IN 159>127 THEN GO TO
1000
1010 OUT 159,DATA

Thus the following program can be used to
test a sequence of allophones:

10 RESTORE 100

20 IF IN 159>127 THEN GO TO 20
30 READ N: OUT 159,N

40 TIF. N THEN GO TO 20

50 STOP
100 DATA 42,15,16,9,49,22,13,51,0

In this example the word spoken will be
“COMPUTER” (KK,AX,MM,PP,YY,
UW,TT2,ER in allophones!) but any se-
quence of codes can be put as data at line 100
terminated by a zero value.

For more examples of words made from
allophones (some better than others!) a
program will be given next month which
prints what it says just in case it is nut
understood!

. Another area of experimentation would be
to use the synthesiser to produce sound

- effects for games, something it could do

without much computer intervention as the
synthesiser will continue a sound until it
receives a pause code. The next step up from
the example programs would be one that
converts allophone input as text into numeric
strings to be sent to the synthesiser — this
would go some way towards simplifying the
text to allophone conversion process. Then
perhaps a program could be written to
convert English text directly into allophone
codes.

So to conclude, this synthesiser gives one
the opportunity to add speech to almost any
program very cheaply. Let your computer
answer back!

Next Month: PCB and Software.

PARTS LIST Capacitors R 7805
Resistors C1 10u 14 741532
R1 10k C2,5,9 220u IG5 741500
R2, 7, 8 330R G3 220p  ICs CA3140
R3, 4 100R Ca . 820p ICy LM380
R5, 6 1k0 G6,7,8 100n

R9 10k Semiconductors Miscellaneous

R10 18k IC1 741.842 Speaker, PCB, IC sockets, connecting
RV1 5k 1C2 SP0256-AL2 wire etc,
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Spectrum
speech
synthesiser

In Part 2 of Robert Harvey's
project to build a £15 speech
synthesiser, the software
and PCB details are given.

To recap, the speech synthesiser is based
on-the General Instrumenmt SPO256 chip.
While the board is designed with the
Spectrum specifically in mind, it can easily
be interfaced to any Z80 based micro, and
as the software is written in BASIC, this too
should be transportable with little modifi-
cation.

The circuit is easily constructed on Vero
VQ Board using a wiring pen, or by using a
PCB. The dual 28-way connector can be
soldered directly to the board and thus the
finished unit (with speaker mounted onthe
board) can plug in and stand up behind the
Spectrum. The circuit includes a 5V power
supply for the logic and it is recommended
that this be used because the SPO256
alone uses around 90mA, and it is well
known that the Spectrum’s own internal
power supply will not stand much more
loading. The software is shown below in
Listing 1. :

LISTING 1

10 PRINT“I AM A ZX SPECTRUM COMPUTER”

20 LET X=300: GO SUB 1000: REM *** NOW SAY IT
30  PAUSE 50

40  PRINT “PLEASE ENTER A NUMBER”

50 LET X=310: GO SUB 1000

60  LET A$=INKEYS: IF A$<*0” OR A$>“9" THEN GO TO 60
70  LET A=VAL AS$ )

80  PRINT “THE NUMBER IS ;A

90  LET X=320: GO SUB 1000

100 LET X=A+200: GO SUB 1000

110 PAUSE 25

120 GOTO 40

199 REM *** NUMBERS ONE TO
NINE IN ALLOPHONES
200 DATA 43,12,12,39,53,0: REM ZERO
201 DATA 46,23,11,0: REM ONE
202 DATA 13,31,0: REM TWO
203 DATA 40,14.19,0: REM THREE
204 DATA 40,58,0: REM FOUR
205 DATA 40.6,40.0: REM FIVE
206 DATA 55,12,2,41,55,0: REM SIX
7

2
207 DATA 55,7,35,7,11,0: REM SEVEN
208 DATA 20,2,13,0: REM EIGHT
209 DATA 56,6,11,0: REM NINE

299 REM **** SENTENCES IN ALLOPHONES (See PRINTs)
300 DATA 6,3,26,16,3.20,3,43,7,7,21,4,7,1,41,55,3,55

301 DATA 9,7‘41,17‘14,15,16.3,42,15,16,9,49,22,13.51.0

310 DATA 9,45,19.43,3,7.1 1.2,13.51,3. 20,3 11,15.16.1

311 DATA 28,510

320 DATA 18,52,3,1 1,15,16,1,28,51,3,12,12,55,4,0

999 REM **** SUBROUTINE TO SPEAK A PHRASE

1000 RESTORE X
1010 READ IN
1020 IF IN 159>127 THEN GO TO 1020
1030 OUT 159,N

1040 IF N THEN GO TO 1020

1050 RETURN
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Catalog Number 276-
':ARCI!ER® ataiog Number 276-1783

AN EXCLUSIVE RADIO SHACK SERVICE TO THE EXPERIMENTER
SP0256-AL2 Voice Synthesizer
Features
PIN CONFIGURATION
® Natural Speech 28 LEAD DUAL IN LINE
¢ Stand Alone Operation with Inexpensive Support Components
e Wide Operating Voltage S—
e Word, Phrase, or Sentence Library, ROM Expandable veder Y mhosca
e Expandable to 491K of ROM Directly AESET 2 7hose
s Simple Interface to Most Microcomputers or Microprocessors ROM DISABLE []3 26 [J ROM CLOCK
e Supports L.P.C. Synthesis: Formant Synthesis: Allophone g; E; :: ::7 :g:fu.s:r
Synthesis capls 237 Vo,
Voo 07 2217 TEST
it sey je 211 SERIN
Description e do b 55
The SP0256 (Speech Processor) is a single chip N-Channel MOS A8 J10 190 s&
LS! device that is able, using its stored program, to synthesize speech eR OS;E :; :: g:;
or complex sounds, A8 13 18143
AS ] 14 1507 A4
The achievable output is equivalent to a flat frequency response
ranging from O to 5kHz, a dynamic range of 42dB, and a signal-to-
noise ratio of approximately 35dB.
The SP0256 incorporates four basic functions:
® A software programmable digital filter that can be made to . .
model a VOCI?AL TRACT. Absolute Maximum Ratings
® A 16K ROM which stores both data and instructions (THE VDIVDD e e v e e —0.3V to +12V
PROGRAM). Storage Temperature. . . . . ... ... ... .. ... —25°C to +125°C
° A MICROCONTROLLER which controls the data flow from the Clock Crystal Frequeney. . . ... ............... 3.12MH2
ROM to the digital filter, the assembly of the “‘word strings”
necessary for linking speech elements together, and the ampli-
: : . o 4 DC CHARACTERISTICS
tude and pitch information to excite the digital filter. . - : o
* A PULSE WIDTH MODULATOR that creates a digital output Operating Temperature Ta = 0°C to +70°C
which is converted to an analog signal when filtered by an external Characteristics Svm Min Max Units
low pass filter. 4
Applications Primary Supply Voltage Vpp 46 7 \%
® Telecommunications e  Warning Systems Standby Supply Voltage Vp1 4.6 7 A
e Appliances e Security Systems
e Computer Peripherals ® Electronic Musical Instruments Primary Supply Current lpp — S0 mA
o Automotive e Aids to the Blind
e Personal Computers e Narrow Bandwidth Standby Supply Current D1 — mA
e Toys/Games e Communication Systems
o Educational Aids Inputs i
A1-A8, ALD, SER IN, TEST, SE |
Logic O ViL 0 0.6 Vv
C1 e N ISAl URCE AN - ;
gg“— o ConTaa ::::;::E '7:%:;%&:5\“ § Sas Logic 1 ViH 24 Vb1 \4
SER OUT a t [ — 3 Capacitance Cin — 10 pf
1AL COEFFICIENT TRANSFER 5
o Leakage ILc - | £10 | pa
: ‘ i RESET, 5B RESET
SER IN efutnd DATA VOS:;S?;ETG‘I}Z?EL : Logic 0 ViL1 0 0.6 \Y
FILTER:
t y7ers | Logic 1 ViH1 | 36 | Vpg v
WA BBIT PULSE WIDTH \GITAL OUT
fom MODRpTER emee Oscillator Leakage
f OSC 1 (7.0V, no load) — 1.0 10 HA
“— ADDRESS REGISTER - osc2 Outputs
] SBY, DIGITAL OUT, C1, C2, |
C3, LRQ, ROM DISABLE, ‘
STAaaness gty ROM CLOCK, SER QUT |
T ) r ? l Logic 0 (0.72mA load) VoL | © 06 Voo
T | mesmms Vo Logic 1 (—50UA load) Vou | 35 | Vpq Voo
ADDRESS SBY RESET H
BLOCK DIAGRAM FOR SP0256
CUSTOM PACKAGED IN USA BY RADIO SHACK, A DIVISION OF TANDY CORPORATION
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AC CHARACTE RISTICS
Operating Temperature: Ta = 0°C to +70°C

Characteristics Sym Min Max Units
Clock Frequency, 3.120 MHz - - - MHz
Reset, SBY Reset tow1 100 - s
ALD (< 800ns) tow2 200 800 ns
A1-A8 Set Up tg2 160 = ns
A1-A8 Hold th2 160 - ns
ALD (>800ns) tow3 | 800 - ns
A1-A8 Set Up ts3 0 - ns
A1-A8 Hold tha 1200 | — ns
CRQ tpd0 - 640 ns
SBY- thd0 - 640 ns
(F9;
ATD i o,
(<800ns)
[}
A1-A8 ] |
] dh—-:[ bet—
]
ALD § - SR
(=800ns) l
—
| N -
e i IS e
]
1
|
o s = U
: 1
—»}rm:*—

s8y

Vocabulary List

TIMING DIAGRAM

Address Word Address Word

0 Oh 18 Eighteen

1 One 19 Nineteen

2 Two 20 Twenty

3 Three 21 Thirty

4 Four 22 Forty

5 Five 23 Fifty

6 Six 24 Itls

7 Seven 25 AM,

8 Eight 26 P.M.

9 Nine 27 Hour
10 Ten 28 Minute
11 Eleven 29 Hundred Hour
12 Twelve 30 Good Morning
13 Thirteen 31 Attention Please
14 Fourteen 32 Please Hurry
15 Fifteen 33 Melody A
16 Sixteen 34 Melody B
17 Seventeen 35 Melody C

PIN FUNCTIONS

Pin Number

Name

Function

1
2

4,5,6

10,11,13,
14,15,16,
17,18

12

19

20

21
22
23
24
25

26
27

28

RESET

ROM DISABLE

c1,c2,c3

Vbp
SBY

|

-
D
(]

A8,A7,AB,A5,
A4,A3,A2,A1

SER OUT

SE

|

>
-
v}

SER IN

TEST

Vb1
DIGITAL OUT

Ground

A logic O resets the SP. Must be
returned to a logic 1 for normal
operation.

For use with an external serial
speech ROM, A logic 1 disables
the external ROM,

Output control lines used by an
external serial speech ROM.
Primary power supply.

STANDBY. A logic 1 output indi-
cates that the SP is inactive (i.e.
not talking) and Vpp can be
powered down externally to con-
serve power. When the SP is reacti-
vated by an address being loaded.
SBY will go to logic 0.

LOAD REQUEST. LRQ is a logic
1 output whenever the input buffer
is full. When LRQ goes to a logic 0,
the input port is loaded by placing
the 8 address bits on A1-A8 and
pulsing the ALD input.

8-bit address which defines any one
of 256 speech entry points,

SERIAL ADDRESS OUT. This
output transfers a 16-bit address
serially to an external speech ROM.
STROBE ENABLE. Normally held
in a logic 1 state. When tied to
ground, ALD is disabled and the
SP will automatically latch in the
address on the input bus approxi-
mately 1Us after detecting a logic
1 on any address line.

ADDRESS LOAD. A negative pulse
on this input loads the 8 address
bits into the input port. The
leading edge of this pulse causes
LRQ to go high.

SERIAL IN. This is an 8-bit serial
data input from an external speech
ROM.

A logic 1 places the SP in test
mode.* This pin should normally
be grounded.

Standby power supply for the
interface logic and controller,

Pulse width modulated digital
speech output which, when filtered
by a 5kHz low pass filter and
amplified, will drive a loudspeaker.

SBY RESET

ROM CLOCK
0sC 1

0sc2

STANDBY RESET. A logic O resets
the interface logic. Normally should
be a logic 1.
1.56MHz clock for
serial speech ROM.
XTAL IN. Input connection for a
3.12MHz crystal.

XTAL OUT. Output connection
for a 3.12MHz crystal.

an external




SERIAL [N ==ufp]

Top View
Vss [ o1 167 c2
c3 [J2 157 ¢t
NC 3 14 7] SER IN
ROM CLOCK [ 4 13(] NC
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Pin Configuration for SPR016
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