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SPEECH
PROCESSING
FOR AT&T
WORKSTATIONS
Introduction

Speech processing canexploit the
growing overlap ofinformation processing and
information transportation typical inmany of
today's advanced workstations that combine
computing andtelephony. With speechinput
andoutput capabilities added, the ubiquitous
telephone becomes a remote terminal for the
personal workstation, allowing access to its
features from anywhere in the world. For
example, features suchas voice mail, remote
access to text mail using text-to-speech synthe­
sis, andaccess control using speech
recognition canreduce time lost to the unpro­
ductive game of telephone tag.

This paperdescribes the Voice Power
speechprocessor, a speechprocessing option
for the AT&T UNIX® PC. It is a peripheral
card (with software) that slides into an expan­
sion sloton the workstation and adds the
capability for speech store andplayback,
speechrecognition, andtext-to-speech synthe­
sis to the UNIX PC.

The initial offering ofapplication soft­
ware is also described. This software uses a
subsetof the hardware's capabilities: speech
storage and playback, andtext-to-speech
synthesis.

The cost ofspeechprocessing has
beenfalling with the arrival ofefficient algo­
rithms, very large scale integrated circuits,
and digital signal processors (DSPs).

The design described here adds a
generic speechprocessing capability ina way
that is tightly integrated with the workstation.
Besides decreasing the incremental costof the
speech processing, it increases the synergy of
speech processing with computing, andallows
expansion of the speech processing capability
byupgrading software rather than replacing
hardware.

Applications
The initial Voice Power product offer­

ing on the UNIX PCincludes a voice editor,
voice mail, telephone answering machine, and
remote access. Speech recognition is notused
in these initial applications.

Voice Editor. The Voice Power voice edi­
tor provides the primary means forcreating or
hearing voice files on the workstation. It inte­
grates the simplicity ofa tape recorder and
features that are possible only withdigital
speech processing.

Because its simple, tape recorder
functions-like play, rewind, and record-are
already familiar to anyone who hasuseda
recorder or dictating machine, first-time or
casual users canuse the editor (and entire
Voice Power product line) effectively. At the
sametime, sophisticated users cantakeadvan­
tage offunctions like insert, delete, and cursor
positioning with the mouse that depend on the
digital nature ofvoice data.

As with screen-based text editors, the
voice editordisplays the file on the screenand
a cursoridentifies the currentposition. The
voice appears as a bar along a time axis
(Figure 1); at a glance, the user cansee the
length ofthe file inminutes and seconds.

The bar consists ofboth thick and thin
sections that identify, respectively, segments of



speech and segments of silence. This helps the 
user to perceive the relationship between what 
appears on the screen and what is heard. It 
also simplifies many tasks such as repeating or 
deleting a phrase, inserting a sentence, and 
positioning the cursor within the voice file. 

Voice Mail. Voice mail is designed to 
provide a sophisticated voice-communication 
capability between UNIX PCs that are 
equipped with Voice Power. Voice files are 
transmitted between machines just like text 
electronic mail. This package also provides all 
the functionality of the UNIX PC’s standard 
text-mail package, but with fully integrated text 
and voice mail. As such, it is compatible with a 
wide range of UNIX system text-mail packages 
available on computers from AT&T and other 
vendors. 

If a user is already familiar with elec- 
tronic mail, then voice mail is an easy 
transition. Complete symmetry is maintained 
between text and voice mail, and the voice edi- 
tor provides access to the voice data. Users of 
text mail will often find the process of sending 
voice mail is much easier. And because the 
speech is of high quality, the sender’s voice is 
recognizable, adding a personal touch to the 

Figure 1. Voice Power voice editor. The thick and 
thin sections of the bar represent the segments 
of speech and segments of silence, respectively, 
in the voice message file. The vertical cursor on 
the bar identifies the current position in the file. 
This display also shows a list of the users inbox 
that contains both voice and text messages. 

message. 
Sending mail. To send a message, the 

user first fills in a mailing envelope with the 
recipient’s electronic-mail address, subject of 
the message, and type of message desired. If 
the type Text is selected, the user’s text editor 
is invoked for creating the text message. If 
bice is selected, the voice editor is invoked, 
and the user can record a voice message. 

After creating a message of either 
type, the user is given options: add attach- 
ments, such as text, voice, spreadsheets, or 
graphics; re-edit the message; or change the 
mailing envelope. Finally, the user sends the 
message. 

Once the user sends a message, voice 
mail operates unattended in the background. It 
makes sure the message gets delivered, retries 
if needed, and, on request, gives the user the 
status of any message. If the message was sent 
to several people, voice mail ensures that all 
the deliveries are made. 

Receiving mail. When a voice mail user 
receives a message, a mail icon appears at the 
top of the workstation’s screen. 

Messages are delivered to the work- 
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station’s electronic inbox. For each message, 
the inbox shows (Figure 1): who sent the mes- 
sage; subject; date and time sent; message 
type (text or voice); length (bytes for text, and 
minutes and seconds for voice); and how many 
attachments, if any, are included. 

The user can select messages in any 
order, and the correct editor (voice or text) is 
invoked automatically. Any message may be 
forwarded, with or without editing, to another 
UNIX PC user either directly or as an attach- 
ment to a new mail message. 

Telephone Answering Machine. The Voice 
Power option comes with a telephone answer- 
ing machine that can run unattended in the 
background, leaving the UNIX PC free to do 
other work. This also means a user doesn’t 
have to remember to activate the answering 
machine every time he or she leaves the office. 

To an outside caller, the Voice Power 
answering machine sounds like a conventional 
answering machine. But to the workstation 
user, it provides a much larger set of features. 
Of course, it supports high-end, conventional 
answering machine features such as voice acti- 
vated recording, message indicator, variable 
ring count, call screening (with an optional 
speaker), remote message retrieval, and 
remote recording of the greeting message. 
Enhancements include variable ring count; date 
and time stamped messages; and a user-set, 
message length limit (up to four minutes). 

Digital speech processing enables the 
Voice Power answering machine to provide fea- 
tures that are not possible on conventional 
answering machines. They include both interac- 
tive and automatic message forwarding, 
multiple greeting message storage, and remote 
access. 

Message forwarding. With interactive 

message fomarding, when a user receives a 
phone message that someone else could handle 
better, the user dcesn’t have to take notes to 
pass the message along. Instead, the user can 
insert an introduction to the message in his or 
her own voice and then forward the annotated 
message to another Voice Power user. 

automatic message forwarding. If the user is 
away and someone else should handle all phone 
messages, they can be forwarded automatically 
to another Voice Power user. This feature also 
helps users who work out of two offices, 
because all phone messages can be directed to 
a user’s current office. 

The forward feature can be enabled or 
disabled remotely from a terminal or another 
UNIX PC. 

Stored greeting. With multiple greeting 
message storage, the user can keep several 
greeting messages on file and activate only the 
appropriate one. 

For example, most of the time, a stan- 
dard greeting message can be used when the 
user is unavailab!e. But when the user is on 
vacation, a vacation greeting message could 
replace it, and another greeting can be used 
when the user is away for an extended period. 

The user does not need to re-record 
these messages at each change. On returning 
to the office, the user just reactivates the stan- 
dard greeting, and no recording is required. 

Remote Access. The Voice Power 
answering machine supports remote access 
from any touch-tone phone. 

For a remote access session, the user 
calls the answering machine and depresses any 
key on the touch-tone dial to interrupt the 
greeting message. Then, the answering mach- 
ine prompts the user to enter a password. If 

Another useful business feature is 
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the password is accepted, the session begins, 
and the user is told how many phone messages 
and voice mail messages have been received. 

At this point, the user is at the service 
selection level of a two-level user interface. Four 
services are available: review phone messages, 
review voice mail messages, record a new 
greeting, and record a phone message. 

After selecting either the phone or 
voice-mail message review service, the user 
enters a message review level. At this level, the 
user can listen to or delete messages, and each 
message is date and time stamped with text-to- 
speech synthesis. 

The touch-tone user interface sup- 
ports the AT&T Product Family Touch Tone 
Core Commands. During the remote access 
session, a help feature is available that can 
summarize these commands or provide a more 
detailed explanation of a specific one. Thus, 
the user can ask how to use the answering 
machine and ask specific questions rather than 
general ones. 

Hardware 

advanced speech processing card. It can be 
considered in four functional blocks (Figure 2): 
telephone interface, signal processor, 
microcontroller-shared memory, and worksta- 
tiodcard interface. 

The Voice Power hardware is an 

Telephone Interface. The telephone inter- 

face circuit provides a Model 2500 telephone 
set, tipking interface with ring and touch-tone 
detection, telephone-set hook status, auxiliary 
audio in and audio out, relay control of card on/ 
off hook, and battery feed. This circuit allows 
the speech processor card to answer calls and 
permits using the telephone as an input and 
output device. The telephone interface also 
provides the audio connection to the digital sig- 
nal processor. 

digital signal processor does the digital speech 
processing and supports record and playback, 
using 16-kb/s subband coding or, optionally, 
64-kb/s pulse code modulation coding for toll 
quality requirements. It also supports speech 
recognition and text-to-speech synthesis. (We 
will discuss the speech processing technology 
and subband coding later.) 

speech processor card uses a microcontroller 
to control and respond to the DSP20 and tele- 
phone interface, and interface with the 
workstation processor. The microcontroller 
handles the exchange of data between the 
DSP20 and shared memory, and arbitrates with 
the workstation for use and control of the 
shared memory. 

tional block, which interfaces with the 
workstation’s expansion card bus, is the only 
workstation-specific portion of the speech pro- 

63 Signal Processor. AT&T’s WE@ DSP20 

Microcontroller and Shared Memory. The 

WorkstatioWCard Interface. This func- 
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cessor card. It provides the timing and control 
signals that the workstation needs to access 
shared memory and control registers, and gen- 
erates interrupts. (An interrupt signals the 
current process that an urgent task is to be 
handled.) 

Access to the speech processor card 
occurs through a 16-kbyte, memory-mapped 
input/output space and five status-and-control 
register bits. 

Current Speech Processing Capabilities 
The Voice Power speech processor 

currently provides speech store and playback. 
It uses the technique of subband coding2 to 
store speech in compressed form thus reducing 
the storage requirements by a factor of four, to 
16 kb of storage per second of speech. For 
playback, the compressed representation is 
decoded to reconstruct the speech signal. 

Power speech processor will comply with the 
AT&T Cross Product Standard. Therefore, 
this speech processor can handle compressed 
voice files from other AT&T speech store and 
playback products, such as the Audix voice mail 
system. 

In subband coding, a filter bank ana- 
lyzer divides the input speech signal into a set 
of five subband signals. After an adaptive pulse 
code modulation (APCM) encoder encodes 
each band, the bits are multiplexed into a single 
data stream. 

detector scheme to further improve storage 
efficiency. When the transmitter (encoder) 
adaptively detects a lull in the speech, it 
embeds a signal flag, silence duration, and 
silence noise-level measurement in its output 
bit stream. When the receiver (decoder) 

The subband coding used in the Voice 

The subband coder employs a silence 

detects the silence flag, it reads the noise level 
estimate and generates noise at the encoded 
level and duration. 

In this way, the silence intervals-nor- 
ma1 pauses in spontaneous speech-are 
encoded at a negligible bit rate rather than the 
16-kb/s speech storage rate. 

The DSP20 on the Voice Power speech 
processor card executes the subband coder and 
silence encoding algorithm. Then, the com- 
pressed speech is transferred to disk storage in 
the workstation for later retrieval or transmis- 
sion via UNIX system mail. The encoder and 
decoder each require 1 kbyte of DSP program 
memory. 

Future Speech Processing Capabilities 
The Voice Power speech processor can 

support speech recognition and text-to-speech 
synthesis. These capabilities are under 
development. 

Speech Recognltlon. The Voice Power 
speech processor’s speech recogrution capabil- 
ity permits the automatic identification of an 
unknown word or phrase from a vocabulary of 
50 words or phrases. First, the user or an 
automatic application compiler must select the 
words; then, the user trains the recognizer. 

The speech processor uses linear pre- 
dictive coding (LPC) to compute a spectral 
pattern that represents the unknown word. 
Then, through the time-alignment process of 
dynamic time warping,3 it compares this pat- 
tern to LPC-based patterns of words in the 
vocabulary. 

At the start of the recognition proc- 
ess, the DSP20 on the speech processor card 
computes the LPC spectral repre~entation.~ 
During recognition, the card continuously out- 
puts LPC feature vectors that are then 



transferred to the workstation and blocked into 
words. A high-speed, pattern matching process 
in the workstation compares these unknown 
word patterns to vocabulary word patterns. To 
match the test pattern, the pattern matching 
process stretches or compresses the time axis 
of each reference pattern to compensate for 
nonlinear differences in speaking rates. 

Although the Voice Power speech pro- 
cessor currently uses speaker-dependent, 
isolated word recognition, it also has basic 
processing capability for either speaker- 
independent or connected-word recognition of 
a smaller vocabulary. 

The isolated word recognizer provides 
buffering for talk-ahead capability to allow the 
rapid input of words with minimal pauses. In 
addition, it can provide syntax-directed recog- 
nition. Here, a subset of the recognition 
vocabulary can represent the only grammati- 
cally correct choices at each point in a speech 
transaction. The words in this subset change 
as the transaction proceeds, providing a sub- 
stantial increase in overall vocabulary size. 

speech synthesizer uses a set of rules and table 
look-ups to convert printed English text into a 
spoken representation. Thus, it provides an 
unlimited synthesis vocabulary. 5,6 

begins with a preprocessor that expands abbre- 
viations into spelled words and assigns parts of 
speech to all words. Next, words and punctua- 
tion marks are examined to determine phrase 
groups so that stress and tone patterns can be 
assigned later. Then, the resulting words are 
looked up in a dictionary to determine their 
pronunciation. 

The dictionary consists of base word 
forms, and derivation procedures are used to 

Text-to-Speech Synthesis. The text-to- 

The conversion of letters into sounds 

add endings such as s or ing. If a word is not in 
this dictionary and cannot be derived, a set of 
letter-to-sound conversion rules is used to 
compute its pronunciation. 

Finally, timing, duration, and pitch 
contours are computed, and the resulting rep- 
resentation of speech sounds is converted into 
a speech waveform using multipulse linear pre- 
dictive coding. 

In the Voice Power speech processor, 
the workstation converts text into the pronun- 
ciation representation, and the DSPZO on the 
speech processor card converts the pronuncia- 
tion into the digital speech waveform. 

Future Applications 

tions for the Voice Power speech processor 
include personal services (like the answering 
machine) and voice servers. 

Several personal services could build 
on the base of applications that were provided 
initially. For example, with text-to-speech syn- 
thesis, remote access to the inbox could be 
extended to include text mail. A voice- 
annotated text editor could further integrate 
voice and data. For voice mail delivery to tele- 
phones, the UNIX PC could automatically call 
and deliver messages to a distribution list of 
telephone numbers. 

Today, touch-tone commands control 
remote access but, in the future, speech recog- 
nition could be used and allow access from 
rotary dial telephones. Talker verification can 
add an additional degree of access security. 

Voice servers are an exciting, new 
applications area for the Voice Power speech 
processor. A workstation with multiple speech 
processing cards (up to seven for the UNIX 
PC) provides a low-cost voice server platform 

Two broad categories of future applica- 
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for applications such as remote access to voice 
databases, telephone message centers, and 
voice-based, order entry systems. 

Although the Voice Power option is ini- 
tially being offered for the UNIX PC, it is a 
generic hardware-software speech processing 
system. As such, its capabilities can be 
extended easily to other AT&T workstations 
(e. g., PC 6300 and PC 6300 PLUS personal 
computers). 

close communications with early customers and 
the marketplace will identify the ones that have 
the greatest merit. What will be provided next 
is a Voice Power development package for value 
added resellers-the tools that they need to 
implement these and other voice applications. 
The initial Voice Power offering only hints at 
the true utility of voice processing. 

Many applications are possible but 
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