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Two High-Capacity Disc Drives, by Kent Wilken Each can store over 400 million bytes
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flexible and forward-looking way of communicating between disc and computer.
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Becker Information-packing coding and increased track densities deliver disc storage at
one third the cost per megabyte.

Disc Drive Error Detection and Correction Using VLSI, by Peter M. Galen Error correc-
tion resides entirely within the disc drive for better system performance.
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Whitaker, and Roger V. Wilcox Objective: move 14 heads up to 2.1 inches in less than 35
milliseconds and keep them within 75 microinches of the correct position.
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ularity, and high-volume parts tooling reduce manufacturing time and cost.

High-Capacity Disc Drive Servomechanism Design, by Stephen A. Edwards Compli-
cated servo performance issues were better resolved by separating them from structural
constraints.
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Speech Output for HP Series 80 Personal Computers, by Loren M. Koehler and Timothy C.
Mackey Now your personal computer can call you when itis finished or needs more input.

Speech Output for HP 1000 and HP 3000 Computer Systems, by Elizabeth R. Hueftle
and Jeffrey R. Murphy Inserted in series with any RS-232-C peripheral, this module supplies
audible information for many applications.

In this Issue:

e W Here in our Hewlett-Packard Journal offices, we recently took delivery on a new photo-
typesetting system. Our old system, acquired more thanten years ago, was a noisy nightmare
of complicated electromechanical design. It had whirling drums, snapping relays, rotating
mirrors, traveling lenses, and assorted shutters and rollers. Usually it worked, and it served
: us very well for many years. Our new system has only four moving assemblies, reflecting
B the universal trend towards doing mare things electronicaliy and fewer things mechanically,
i thereby gaining reliability. Significantly, two of our new typesetter’s four moving mechanisms
ki are disc drives—"floppies”, like the ones you can see in nearly every personal computer
system. From microfloppies to large multimegabyte drives, disc drives are an exception to the trend to
more-electronic systems. Spinning platters coated with magnetic oxide are still the preferred media for storing
massive amounts of data so a computer can have rapid access to any piece of it. Bubble memory, the only
serious contender for the disc drive’s role, has so far made inroads only where severe environments would
knock out a disc drive’s finely tuned mechanisms. A cost-saving feature of some disc drive designs is media
removability, which lets users access more data with each drive by changing discs. It's taken for granted in
a floppy drive, but becomes less cost-effective as drive capacity increases.

Our cover subject this month is the industry’s largest removable disc drive media module. Its seven discs
hold 404 megabytes, or over four hundred million characters, roughly the amount of information in all of the
books in the photograph. It works in the HP 7935 Disc Drive, which is also distinguished by an unusually
comprehensive set of built-in diagnostics. On pages 3 through 26, you can read about the design of this
high-capacity drive and its companion fixed-media drive, the HP 7933.

Two speech output modules for HP computers are described in the articles on pages 29 and 34, one for
HP Series 80 Personal Computers, and one for HP 1000 and HP 3000 Computers. The latter is compatible
with the industrywide RS-232-C/V.24 interconnection protocol, so it can also be used with other manufacturers’
computers if you can get along without the special software that makes the modules easier to use with HP
computers. If you can'’t always be looking at the computer, it does help if the computer can talk.

-R.P. Dolan
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Speech Output for HP Series 80 Personal

Computers

This module allows a computer to provide informative
prompts and alarms, freeing the user from frequent attention

to a display.

by Loren M. Koehler and Timothy C. Mackey

(Fig. 1) for Hewlett-Packard's Series 80 Personal
Computers allows these machines to output audible
information to prompt operators, sound alarms, indicate
error conditions, or request service. The 82967 A is accom-
panied by enough vocabulary and software to provide a
variety of tools for using speech. A similar module, the
HP 27201A, is available for computers with an RS-232-C/V.24
interface. A powerful supporting software package makes
this module easy to use on the HP 1000 and HP 3000
Computer Systems (see article on page 34).
Computer-generated speech output can improve the effi-
ciency of some operations, and in many cases, provide new
capabilities. Some possible applications are:
® Test/measurement. A typical test station might use a volt-
meter controlled by a Series 80 Computer via the HP-IB
(IEEE 488). With speech output, the computer can tell
a technician when to move a test probe to a new circuit

T HE HP 82967A SPEECH SYNTHESIS MODULE

SPEECH SYNTHESIS
SYSTEM DISC

node without the technician’s having to divert attention
away from the circuit board to obtain the next test in-
struction. The computer also can be programmed to
warn the technician verbally when a high voltage is
encountered.

Data entry. An accounting clerk who enters data into
ledgers all day long gets very good at using the 10-key
numeric pad on the computer’s keyboard. This user typ-
ically does not look at the screen during every data entry.
Accuracy can be increased greatly by either having audi-
ble feedback of entered data or verbal warnings of *“out-
of-balance’ account situations to such users, thus getting
theirattention and causing them to check their entries.
Monitoring/process control. With speech output, a com-
puter monitoring peripheral status or controlling a pro-
cess can provide information with an audible alarm,
eliminating the time required for an operator to locate
the appropriate display and read the alarm message. For

Fig. 1. The HP Model 82967A
Speech Synthesis Module pro-
vides plug-in speech output capa-
bility for HP Series 80 Computers
The speech output can be
supplied to headphones, an exter-
nal audio system, or the speaker
contained in the video monitors for
HP-86 Computers. Included with
the 82967 A is a disc containing a
1500-word speech vocabulary
and binary routines to simplify the
application of speech output to
programs.
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Program-Level Speech
Incorporation:
Real-time concatenation
and speech output

Vocabulary Data Base
and User-Generated
Speech Files

WORD UTILITY:
Edits and generates words
for HP-86 and HP-87
Computers from standard
vocabulary

EPROM UTILITY:
Translates vocabulary to
correct file structure
from EPROM storage

EDIT, EDIT85 87, and
Binary Routines for
Speech File Development:
Listening to vocabulary
data, renaming, deleting,
and sentence building

Fig. 2. Outline of software package for implementing speech
output in Series 80 Computers. All portions are included with
the 82967A except the EPROM UTILITY and the WORD UTILITY,
which are available from the HP User’s Library.

example, a computer can announce, “Printer 6 is out of
paper,” or “Furnace temperature is too high,” to indicate
not only the nature of the problem, but also the device
affected.

Speech Output Technology

A computer system can use several techniques to gener-
ate speech output.® Some of the most common methods
are converting text to speech, reconstructing speech using
digitized samples or recordings of actual speech, and syn-
thesizing speech using linear predictive coding (LPC, see
box on page 32). The LPC technique is used by the 82967A
and its companion product, the 27201A Speech Output
Module.
Text-to-Speech Conversion. Translating text in ASCII
characters into verbal output is done by examining the text
in sequence and trying to figure out how to pronounce the
syllables observed. Because most languages, in particular
English, contain words or combinations of letters that look
the same but sound different, or sound the same but look

8 Data

Host
Data
Bus

Translator Microprocessor
Chip

different, the set of translation rules can become quite com-
plicated. For example, consider the italicized words in the
following sentences:

Your assignment is to read the chapter about reed boats.

After you have read the instruction, pick up the red en-
velope.

After the archers picked up their bows, they faced the spec-
tators and bowed.

To handle these problems, a large exception dictionary and
an intricate set of context-dependent rules are required.
The advantage of translating text is its flexibility. How-
ever, the quality of the speech is generally very poor. The
listener must pay close attention, because the speech out-
put is usually flat and unemotional, and sounds mechani-
cal. In some cases, the listener must have some knowledge
of the general context of the spoken message to understand
it correctly. Some of these deficiencies can be corrected,
but then the benefit of flexibility is lost.
Recorded Speech. Actual speech can be digitized and
stored in the computer’s memory for reproduction when
desired. The benefit is natural-sounding speech, but the
memory requirements are large even for brief speech out-
puts, typically 12K bytes for speech lasting one second.
An alternative approach is to use the computer to search
for a desired phrase recorded on a tape recorder and direct
the recorder to play back the phrase. The disadvantage of
this method is the long access time and the large number
of phrases required to verbalize a full range of numbers or
conditions.
Synthesized Speech. Speech synthesis can generate high-
quality speech using a mathematical model of the human
vocal tract and digital data based on the recording of spoken
words and sounds. Synthesized speech output has some
clear advantages over more conventional methods of sound
reproduction such as the tape recorder. Synthesized speech
has solid-state reliability, allows real-time random selec-
tion and concatenation of words, phrases, and sounds, and
has significantly lower data requirements than digitized
speech. The LPC technique used in the 82967A and 27201A
Modules is based on the assumption that the sound a person
makes at one instant is a continuation of the sound made
in the previous instant. LPC removes natural redundancies
in speech and reduces the number of bits required to repro-
duce one second of speech by as much as 98.5% compared
to purely digitized speech. Hence, the benefit of the LPC
technique is that it greatly reduces memory requirements

Speech
Synthesis
Chip

Volume
Control Active High-Pass
M and Low-Pass

Two-Pole
Filters

Gain Programmable
Amplifier

Audio Amplifier
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Audio Phone Jack

Audio RCA Jack

Fig. 3. Block diagram of the
82967A Speech Synthesis Mod-
ule’s hardware system.



while retaining a high-quality speech output.

System Overview

The design objectives for the 82967A were to provide
speech output with as high a degree of quality as possible,
and to provide everything needed to allow its use as a
viable computing tool. The 82967A hardware is closely
knit with software and vocabulary (refer to Fig. 2).

The EDIT program generates speech files. A speech file
is a subset of the vocabulary data base, with words, phrases,
and sounds put into user-defined combinations and re-
named to fit the given application. A speech data file, as
with any data file, requires a certain amount of time to
load from mass storage into the computer and requires a
certain amount of memory space. Speech file construction
allows the user to make tradeoffs between vocabulary resid-
ing in computer memory and the amount of load time from
mass storage.

The EPROM UTILITY program converts additional vocab-
ulary words, usually residing on an EPROM (electrically
programmable read-only memory), to the correct data file
structure. EPROMs programmed with additional vocabu-
laries selected by the user are available from the vendor
for the speech synthesis integrated circuit used in the
82967A Speech Module. The EPROM UTILITY program is
available from the HP User’s Library service. It works in
conjunction with the HP 82929A Programmable ROM Mod-
ule for Series 80 Computers. The 82929A holds up to two
64K-bit EPROMs and fits directly into the Series 80 /'O
backplane.

The WORD UTILITY program can be used to develop new
words from the existing vocabulary. New words are con-
structed by deriving the required syllables and phonetic
sounds from existing words in the vocabulary data base
and patching them together. The WORD UTILITY program
also allows a word, phrase, or sound to be altered by varying
the digital parameters that define it (refer to the box on
page 32).

Hardware Design

The 82967 A hardware system (Fig. 3) is centered around
an 8049 microprocessor and a TMS5220 speech synthesis
chip. In addition, the module contains a programmable
amplifier for attenuation of the volume under software con-
trol, active low-pass and high-pass filters, and a final audio
amplifier.

The 8049 microprocessor services the speech chip, con-
trols the gain programmable amplifier, and handles the /O
protocol between the 82967A and the host computer via a
translator chip.

The IMBS translator chip provides the interface between
the module and the bus to the host computer. To service
the speech chip, the microprocessor provides an internal
90-byte first-in, first-out (FIFO) buffer between the host
computer and the speech synthesis chip. The computer
invokes verbal execution of an utterance (a sound, a word,
or a group of sounds and/or words) by passing to the host
computer a command and a 16-bit value representing the
total number of bytes in the speech file containing the data
for the utterance. The computer then transmits the speech
data for the utterance to the microprocessor’s FIFO buffer.

After it fills its FIFO buffer or receives all of the bytes in
the utterance (if less then 90 bytes), the microprocessor
sends a speak command and 16 bytes of speech data to the
TMS5220 speech chip. The microprocessor then passes
additional eight-byte blocks of speech data on a request
basis to the speech chip until the utterance is finished. As
data is moved from the microprocessor’s FIFO buffer to
the speech chip, more data is sent from the host computer
until all of the requested speech data has been transferred
from the computer to the speech module.

The data transfer used between the Series 80 Computer
and the 82967A card is known as an OUTPUT data transfer.
The OUTPUT data transfer was selected as the only means
of transferring speech data from the computer to the speech
module because this type of data transfer cannot be sus-
pended by another device. Therefore, it can guarantee that
all speech data in an utterance arrives at the 82967 A with-
out interruption. The OUTPUT data transfer approach re-
duces the memory requirements on the speech module,
which keeps the hardware cost down. After completion of
the OUTPUT speech data transfer, the other I/O operations
of the computer can resume or begin while the speech
module is still speaking, using the speech data remaining
in the FIFO buffer.

The TMS5220 speech chip produces synthesized speech
by taking the encoded LPC parameters, decoding the infor-
mation, and placing it in an internal digital lattice filter.
The ten most-significant bits of the filter output are
supplied to an on-chip digital-to-analog converter (DAC)
every 125 microseconds, yielding an analog signal repre-
senting the appropriate utterance at the output of the
speech chip.

Programmable volume control is accomplished by using
a gain programmable amplifier (GPA). This amplifier is
actually a digital-to-analog converter. The analog signal
from the speech chip is fed into the GPA’s reference node
and attenuated to one of sixteen possible levels, depending
on the setting of the four binary inputs to the GPA by the
microprocessor. The GPA setting is controlled from the
keyboard or program by using the binary keyword SvOL,
or alternately, the CONTROL command from the Series 80
/0 ROM. For example, the command SVOL 10,12 sets the
output to level 12. The value 10 is the factory setting for
the 82967A’s select code (hardware address). Writing a
value of 15 to the GPA sets the maximum volume level; a
value of 1 yields a minimum volume level. Writing a value
of 0 to the GPA turns off the output. At power-on or after
a system reset, the speech module sets a default value of
15 for the GPA.

Two-pole high-pass and low-pass active filters are used
to modify the analog signal before final amplification on
the card. The —3-dB point of the high-pass filter is 100 Hz,
and the —3-dB point of the low-pass filter is 3 kHz. These
points were picked based on the bandwidth of human
speech and background system noise. An operation called
deemphasis, which attenuates the high frequencies of the
synthesized speech, is performed directly by the TMS5220
speech synthesis chip. After the analog speech signal is
filtered, it passes through a manual volume control and
into an audio amplifier. The output of the audio amplifier
is 0.22 watt into an eight-ohm load, which is more than
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Linear Predictive Coding

Linear predictive coding (LPC) is a speech analysis/synthesis
technique which reduces the amount of stored information re-
quired to reconstruct an utterance. If actual speech is digitized
for storage, 96,000 bits of memory are required to reproduce
one second of speech. By storing only the data required by LPC
to synthesize the same one second of speech with high quality,
the memory required is reduced to less than 1200 bits.

LPC analysis begins with a recording of the actual sound,
word, or combination of words and/or sounds. This recording is
then converted into digital data by first sampling the recorded
waveform at a fixed rate. This data is then compressed to extract
amplitude, source, and filter information to reconstruct the utter-
ance based on a mathematical model of the human vocal tract.
The amplitude, or energy, is simply the loudness of the utterance.
The source information specifies whether or not the vocal cords
are vibrating, and if so, at what frequency (pitch). The fiiter param-
eters describe the relative positioning of the tongue, lips, and
teeth in the vocal tract model.

Speech Analysis

The filter parameters are derived based on the assumption
that whatever is spoken now is to a large degree a linear continu-
ation of what was spoken an instant earlier. That is, the filter
parameters K; are determined by minimizing the mean square
error between the actual value v, of a sample of the utterance
and the value v,, estimated from a weighted sum of a number
of previous actual values. The relation between v, the K; coef-
ficients, and the previous sample values is given by

= Kivn-i (1

Vne

M-

where the analysis period, i = 1to|, is a function of the sampling
rate and the value chosen for j. For the LPC technique used in
the 82967A and 27201A Modules, the sample rate is 8 kHz and
j = 10.

Matrix algebra is used to solve for the K; coefficients for each
analysis period. The amplitude value is derived from the rms
value of the speech waveform. The pitch value is derived from
the periodic variation of the sample vaiues.

Phonetics
Before discussing how the LPC parameters are combined to
form a frame of speech data and how that frame is used to
Repeat
Energy l Pitch
—T——A———N—,

Number Flag for
of Speech
Bytes Data for Utterance Chip

r N——r '8 ~
Stop Code
E swch Deta Frames ’ ..

Fig. 2. An utterance is coded as a sequence of speech
frames with a header that indicates the total number of bytes
in the sequence and a final stop speech frame.

synthesize speech, the following information about basic phone-
tics will be useful.

Speech sounds can be divided roughly into two categories:
unvoiced and voiced. Unvoiced sounds are random noise gen-
erated by a constriction somewhere in the vocal tract. Examples
of unvoiced sounds are the letters f and s. Voiced sounds involve
the vocal cords vibrating at a certain pitch. All vowels are voiced
sounds as well as the letters |, m, n, r, w, and y. Some letters
such as v and z are combinations of unvoiced and voiced sounds.

Some letters have other characteristics that must be consid-
ered for speech synthesis. All of the consonant letters except h
involve a constriction in the vocal tract that is retaxed rather
quickly. For the stop letters b, d, g, k, p, and t, the constriction
completely blocks the flow of air through the vocal tract. Hence,
stop letters are characterized by a short silence lasting 10 to
100 milliseconds.

All letters characterized by either a partial or a complete vocal
tract constriction are also characterized by rapid spectral (fre-
guency) changes before and after the occurrence of the constric-
tion. This is caused by the rapid changes in the structure of the
vocal tract as the constriction is formed and then relaxed.

Speech Frames

The LPC parameters for each analysis period are stored with
a repeat bit in speech frames of different lengths as shown in
Fig. 1. Each word or sound is stored in the vocabulary as a
sequence of these speech frames headed by a digital vaiue that
indicates the number of bytes in the sequence (Fig. 2).

The speech frames can be classified into five basic types:
voiced, unvoiced, repeat, zero energy, and a stop code frame.
The 50-bit voiced (V) frames specify energy, pitch, and all ten
filter coefficients. The 29-bit unvoiced (U) frames specify energy,
zero pitch, and only the first four filter coefficients. The 11-bit
repeat (R) frames specify only energy and pitch, and have their

LPC Filter Coefficients

Bits

G oo o] oo | k| K] | K

| e | s | s|s]e]a]ale]e]s]os]s]
- EIERRIR DRI

Fig. 1. LPC speech synthesis pa-
rameters are stored into one of five
speech frame formats: (a) voiced,
(b) unvoiced, (c) repeat, (d) zero
energy, and (e) stop frames (see
text).
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z &
( O & & K, K, Ky Ky Ks Kg Ky Ky Ko Kio
v 12 0 43 2 11 6 3 10 11 10 6 3 3
Y 13 0 39 25 13 9 2 4 11 B8 6 4 4
v 13 0 38 25 13 9 2 3 11 9 6 4 4
v 13 0 3 24 16 8 1 4 11 9 6 3 3
v 13 0 4 25 17 8 0 3 11 9 6 3 4
v 11 0 45 24 14 6 0 5 13 10 6 3 2
v 7 0 49 21 12 2 3 12 13 12 6 2 3
v 1 0 1 25 8 10 5 5 4 2 5 3 0
z o - . - - . -
Z - o - - -
z 0 .
z o - - - - -
u 1 0 0 21 6 6 4
U 1 0 0 24 0 6 8 -
U 7 0 0 31 15 1 2
U 7 0 0 27 1 3 9
U - 7 0 0 31 10 4 5
UR 6 1 0 - - . -
UR 4 1 0 -
) 15 - - .

Fig. 3. Listing of the twenty speech frames and LPC param-
eter values in the sequence for the word “eights.” The utter-
ance begins at the top of the list and concludes with the stop
frame at the bottomn.

repeat bit set to one to indicate to the speech synthesis IC that
the filter coefficients for the previous frame are to be retained.
The 4-bit zero energy (Z) frames specify zero energy and have
no other values. The 4-bit stop (S) frame specifies an energy
value of 15 and has no other values. The shorter length of the
unvoiced, repeat, and zero energy frames allow the data rate
and storage requirements for speech synthesis to be reduced
considerably.

In each frame, the energy value can range from O to 15, and

Voiced or Unvoiced

Pitch

Recursive Fiiter T(z)

the pitch value can range from O to 63. The repeat bit is either
zero or one. Note in Fig. 1 that the number of bits allocated for
each filter coefficient varies depending on the influence of that
parameter on speech quality.

Fig. 3 shows a listing of the values in each of the 20 frames
in the 74-byte sequence of values required to synthesize the
word “eights.” The Z frames describe the momentary silence
before the “t” and the U and UR frames describe the “ts” sound.

Speech Synthesis

Fig. 4 shows a block diagram of the basic speech synthesis
process. The excitation sources are a variable-frequency pulse
generator for voiced frames and a random noise generator for
unvoiced frames. The amplitude of the selected source is mod-
ulated by the desired amplitude or energy level and then is
applied to the recursive filter, which is programmed by the filter
coefficients for the speech frame. The transmission function of
the filter is

T(z) = 1/(1 -H(2)) (2)
where

10

H(z) = g‘ Kz (3)

Therefore, if e, is the nth sample of the selected excitation, the
synthesized output sample v, is

10
Vn, =en + |:21 KIVI':—i (4)

This synthesized output is then sent to additional circuitry to be
shaped by high-pass and low-pass filters and amplified for output
as audible speech.

Pulse :
Generator VO!

Random Noise
Generator

Energy

~

i

Fig. 4. Block diagram of LPC
Kyo speech synthesis process.

adequate for most needs.

The 82967A comes with a phono jack and an RCA-type
speaker jack connected in parallel. These two jacks enable
the user to connect the speech module to an HP-86 Comput-
er’s video monitor (whose audio input also uses an RCA
connector), to stereo headphones, or to whatever else meets
the user’s needs, without the need for an adapter. The
manual volume control is designed so that by turning it
all the way down, the correct volume setting is obtained
for use with headphones.

High-Level Speech Incorporation

Incorporation of speech output in an HP BASIC program
is a simple task. Special keywords provided by the “speak”
binary program included with the 82967 A’s software allow

quick implementation of speech cutput in programs. The
software also contains easy-to-use routines for generating
speech files that contain the desired utterances.

Retrieving Speech Data. To retrieve a speech file from mass
storage, the procedure is the same as that required to read
any data file into memory from mass storage with one ex-
ception—the keyword is different. For example,

10 ASSIGN #1 TO“HP” !Open the file
20 DLOAD;AS$,P$ 'A$ = name and file information, P$ = speech data
30 ASSIGN #1 * !Close the file

The above three HP BASIC statements load a speech file

into computer memory. The actual speech data resides in
the variable P$. Information related to the speech data such
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The efficiency of some users of a large computer system can
be notably improved by the addition of local speech output,
which can be used to request service for peripherals such as
plotters and printers, prompt operators for inputs, announce the
occurrence of input or output error conditions, and sound alarms.
The HP 27201A Speech Output Module in conjunction with the
appropriate HP 27203A or HP 27205A Speech Library provides
this capability for HP 1000 and HP 3000 Computer System users.
The 27201A can also be used with other RS-232-C/V.24 computer
systems, but the user will have to develop the speech files directly
without the assistance of the Speech Library software.

The 27201A is a microprocessor-based peripheral whose ap-
pearance and internal speech synthesis circuitry are very similar
to the 82967A Speech Synthesis Module for HP Series 80 Com-
puters discussed in the accompanying article. The differences
are the interfacing method and the addition of limited internal
speech data storage.

Interface

The 27201A and its interconnecting cable implement a stan-
dard three-wire (for transmit data, receive data, and ground sig-
nals) RS-232-C/V.24 data communications interface. Because
no other signais are provided, the module does not support
connection to long-haul modems. However, short-haul modems
using three-wire data communications can be used.

This interface scheme allows the 27201A to be connected
directly to the host computer or to be inserted in series with any
RS-232-C/V.24 peripheral such as a terminal, printer, or plotter.
The serial configuration (Fig. 1) eliminates the need for another
port when adding speech capability and allows the 27201A to
be connected easily to a workstation for interactive speech output

Host
Computer

Microprocessor

Speech
Output

Speech
Synthesis
Circuitry

Speech Output Module

Fig. 1. Serial configuration for HP 27201A Speech Output
Module. The module is inserted in the RS-232-C/V.24 line
connecting the peripheral to the host computer. During
nonspeech operation, the module passes all signals between
the peripheral and the host computer, but monitors the signals
to detect the special escape command sequence that ad-
dresses the module.

Speech Output for HP 1000 and HP 3000 Computer Systems

by Elizabeth R. Hueftle and Jeffrey R. Murphy

program development.

To coexist with an in-line peripheral on the same data communi-
cations line, the 27201A operates in an eavesdrop mode, monitor-
ing all data on the line while passing it through to the in-line
peripheral. The 27201A’s speech output functions are invoked
by a special escape sequence (Esc&yS<command>Esc8yU), which
triggers command recognition by the speech synthesis circuitry.
Table | lists the available commands. When the module must
communicate with the host computer, it intercepts the periph-
eral's CTS (clear-to-send) line to suspend data flow from the
peripheral during this time. The 27201A implements the XON/
XOFF handshake, which means that data flow control resides with
the 27201A, even when the peripheral initiates the handshake.

Table |

HP 27201A Speech Output Module Commands

Command Action

CLEar Deletes a group* of word datainthe 27201A

DOwnioad Transfers word data from host computer to
agroupinthe 27201A

PITCh Varies pitch of speech

RESet Clears 27201A and runs self-test

SPEak Causes 27201Ato speak using word datain
agroup

STAtus Identifies buffer, register, and memory status
of 27201A and conveys error messages

TRAnsparent Passes all data through 27201 A without
recognizing commands

UPLoad Transfers word data froma group inthe

27201Atothe host computer

*A group in the 27201A represents one RAM or EPROM compo-
nent.

Internal Memory

The Speech Output Module can store the data for synthesizing
up to 100 words (50 seconds of speech) by downloading the
data from the speech library in the host computer to the module’s
internal RAM, or can store the data for up to 200 words (100
seconds of speech) using EPROMs installed by the user. In the
latter case, users can store the vocabulary most appropriate for
their application and eliminate the time required to obtain speech
data from the host system.

Speech Library Software

Fig. 2 illustrates the speech software package used by HP
1000 and HP 3000 Computers to generate speech output with
the 27201A Speech Output Module. This package provides sev-
eral useful features. First, it provides a vocabulary of over 1700
commonly used words and sounds in a form ready to be down-
loaded to a module and spoken. Second, the package provides
easy access to these words and sounds. Third, the speech soft-
ware provides a data base structure for the speech data and a
program for managing that data base. Fourth, the software makes
it easy for a user to include speech output in the user’s applica-
tion programs.

The vx (voice exerciser) program lets the user control the
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IMAGE Vocabulary
Data Base
(Word and sound
library)

Fig. 2. Outline of the Speech Library software package for
HP 1000 and HP 3000 Computers.

27201A without having to code module commands and speech
data in a program. The interactive access provided by VX lets
the user clear the module, download selected speech data to it,
and cause it to speak by using only a few keystrokes. Thus, a
user can listen to different outputs quickly to choose the best
sounding one for the user's appiication.

The IMAGE schema file VSCHMA contains instructions used
during the installation of the speech software to construct the
data base, which is based on HP's IMAGE data base manage-
ment system.

The VMNGR program manages the speech data base. It allows
the user to:

® |nstall speech data into the data base

® Make other data bases out of subsets or supersets of the
standard speech data set. For example, if an application re-
quires a data base that takes up only a small amount of storage,
VMNGR can be used to create a small data base containing
only the words needed.

m Make up new words by combining parts of éxisting words.
Instructions and hints about how to do this are included in the
user manual.

= Add custom words to the data base. If a user needs words
that are not in the standard vocabulary and cannot make them
by modifying existing words, the user can purchase additional
words from the vendor of the speech synthesis circuit used
in the 27201A. These custom words are provided on an
EPROM that the user can install in the speech module. VMNGR
can then be used to access those words for installation in the
central data base.

m Create a burn file for an EPROM. VMNGR can be used to format
selected speech data into the proper file for programming an
EPROM. The user can then program EPROMSs for insertion in
the memory sockets of the 27201A, which provides nonvolatile
storage of speech data for fast speech output.
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as the names of the words in the speech file and their
location are contained in the variable A$. The binary
keyword DLOAD provided by the binary speech software is
used instead of the normal LOAD command because the
vocabulary data base and user speech files have unique
data structures.

Real-Time Concatenation. Combining words, phrases, and
sounds residing in the host computer memory is an easy
task for the applications program. One useful example is
the generation of a number to be verbalized by a speech
module in an HP-86 or HP-87 Computer. The statements

60 LET X$="20"
70 NUMBERS =PAR$(“100”,A$,P$)&PARS(X$,A$,P$)

put the speech parameters for the word 120 in the string
variable NUMBER$. This procedure enables any number
between zero and 999 million to be constructed and ver-
balized in real time using the existing English vocabulary.
To generate the given range of numbers, the speech file
must contain speech data for the numbers zero through 20,
the multiples of ten (30, 40, 50, etc.) through 100, and the
numbers “thousand” and “million.” The keyword PARS( )
is part of the “speak” binary routine.

Speech Generation. To have a program speak an utterance
is the most straightforward task of all. For example, to
speak the number 120 generated above, requires only the
program statement:

80 SPEAK 10; NUMBERS !Where 10 is the 82967A’s select code

A phrase of speech stored in a user’s speech file can be
as brief as one sound or word, or as long as thirty minutes
of continuous speech. The phrases in a speech file can be
named using a total of up to 195 characters on the HP-86/87
Computers and up to 95 characters on the HP-83/85 Comput-
ers by using the EDIT program. For example, in the statement

100 SPEAK 10; PAR$(“DEMO”,A$,P$)

DEMO is the label for the phrase “GOOD DAY PAUSE10 THIS
IS THE HEWLETT PACKARD 8 2 9 6 7 A SPEECH SYNTHESIS
MODULE.” This phrase could have been constructed using
the EDIT or the WORD UTILITY programs, or all the separate
words could have been placed in separate phrases in a
speech file and concatenated in real time to produce the
same result.

Finding Words. The first step is to look up the desired
words on the vocabulary disc that comes with the 82967A.
This is done by running the EDIT program and pressing the
VIEW softkey. The Series 80 host computer then asks the
user which dictionary to look in. If the word wanted is
“hello,” the user enters H, the first letter in hello, because
the standard vocabulary is arranged into 26 alphabetic dic-
tionaries (one for each letter in the alphabet). A complete
listing of the standard vocabulary on a removable placard
is also included in the manual for the 82967A. User dic-
tionaries are also allowed, and any name of up to eight
characters can be assigned to a user-created dictionary.
Listening to Words or Phases. Once the user looks through
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the displayed words to confirm the existence of the desired
words in the vocabulary, the user can listen to different
sentence comhinations by pressing the LISTEN softkey. The
host computer then prompts the user by asking Word/Phrase
to Speak? The user then enters each desired word separated
by underscore marks. For example,

Word/Phrase to Speak?
HELLO_I_AM_ THE HEWLETT PACKARD_EIGHTY_SIX_
PERSONAIL_COMPUTER

The words are read from the vocabulary disc and the
82967A promptly “speaks” them. Next, a set of three
softkeys (AGAIN, INCLUDE, CONTINUE) is displayed by the
compuler. The AGAIN softkey causes the phrase to be spo-
ken again. The INCLUDE softkey causes the entire phrase
to be hrought into the dictionary residing in the host com-
puter’s memory. Pressing the CONTINUE softkey causes the
original set of softkeys (VIEW, LISTEN, FET, SAVE, INCLUDE,
DELET, RENAME) to be redisplayed.

Saving Results. Once the desired results are in the host
computer’s memory, the user can save this resident dictio-
nary on disc by simply pressing the SAVE softkey. The
computer then prompts the user for a name for the dictio-
nary file this information will be stored in. Once the phrases
are created and stored on disc, the user can write a BASIC
application program to use them under program control
with the help of the SPEAK command pravided by the
“speak” binary program that comes with the 82967A.

Packaging

The packaging scheme for the 82967A is designed so
that the user does not have to assemble or disassemble
anything to install the unit. The package is a plug-in module
(Fig. 1), which in external appearance looks similar to the
Series 80 HP 82950A Modem. A volume control and two
audio jacks are the only clues that this is not an 82950A.
Plugging the module into any of the four IO slots in the
Series 80 Computer backplane is the only installation
needed (Fig. 4). Power is drawn from the mainframe, thus
eliminating the need for any external power supplies and/
or cords.

HEWLETT':PACKARD JOURNAL

Fig. 4. Installing the 82967A in a Series 80 Computer is a
simple process. The module is plugged into one of the four
/O slots in the backplane of the computer as shown and
derives s power from the mainframe.
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