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Thevoice processing equipment market hasexpanded
to include both large and small businesses, and the
influence ofvoice processing-evidenced invoice mail
messages and voice response systems-has become
widespread. AT&T systems such as the Conversant"
Voice Information System and the AUDIX voice messag­
ingsystem have beendesigned to enhance both busi­
nessand personal telecommunications. This paper
explores the architectures ofAT&T's Conversant and
AUDIX systems interms ofhardware, software, and
application design.
Introduction

The marketforvoice processing equipment was almost $1 bil­
lion in 1989, and is growing rapidly. Large and small businesses have
discovered the benefits ofapplying voice processing technology to
enhance communication among people, andbetween people and
machines. Almost everyone has lefta voice mail message at onetime
or another. Increasingly, somebusinessoperations canbe handled by
usingthe dualtone multifrequency (OTMF) padon the telephone to
accessor changeinformation in a computer. The spectrum ofapplica­
tionsthat enhance interpersonal communications are generally classi­
fied as voice messaging. The applications that allow people to communi­
cateeasily with computers are classified as voice response. AT&T plays
a major roleinboth the voice messaging andvoice response markets. 1

The AT&T Conversant voice information system is a voice
response systemdesigned fortelephone attendant automation.! As
a programmable systemthat prompts calling customers to enter num­
bers (using OTMF or speech) to requestor enter data, it canbe used in
many customerapplications, such as account inquiry.'The AT&T
employee savings plans, administered byAmerican Transtech, are
accessed viaConversant voice response systems.

AT&Ts AUOIX (Audio Information Exchange) andAUOIX Voice
Power voice messaging systems enhance business and personal tele­
communications by helping users create, edit, store,send,or receive
spoken messages viatheir telephones. These capabilities allow effective



Panel 1. Terms and Acronyms in This Paper

information management usingthe voice format with
which people are mostaccustomed. The AUDIX system
provides high quality, highly functional voice messaging
services to headquartersor regional locations ranging
from 100 to thousands ofusers. AUDIX Voice Power pro­
vides similar cost-effective services to branchoffices and
small businesseswith between 10and 300 users.

Voice Response Applications
The range ofvoice response applications is large,

and requires the Conversant systemto be flexible in
termsoflinesizes, telephone interfaces, voice features,
transaction and speechstoragecapacity, and database
interfaces. Thoughthe systemis programmable, devel­
oping a customer'sapplication program mustbe easy
and straightforward to minimize total application costs.
ScriptBuilder, the Conversant system's residentapplica­
tions generator, permits customers to program their
applications in a short timewith little instruction. Most
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AUDIX
CPU
DBP
DNIS
DSP
DTMF
FP
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automatic gaincontrol
Audio Information Exchange
centralprocessing unit
database processor
dialed numberidentification
digital signal processor
dual-tone multi-frequency pad
feature processor
Integrated Voice Power-4 port board
local area network
primary rate interface
private branchexchange
subbandcoding
signal processing
signal processing companion
timedivision bus
timedivision multiplex
voice sessionprocessor

attendant systems automated bythe Conversant system
consistofattendants accessing a mainframe database or
host.Customers usually have incurred great expense to
develop the mainframe software to support the atten­
dants. Consequently, a major customerobjective is pro­
tecting their investment inhost software. Theyrequire
that the voice response systemcommunicate with the
host as thoughit werea groupofattendants. The Con­
versantsystem, byemulating an IBM 3270 clustercon­
troller, can interface to a host and appear as multiple
attendants.

Conversant System Hardware Architecture. Though
Conversant system software uses the UNIX® operating
systemand therefore could run on many different com­
puters, the Conversant systemhardware-the speech
periphery-operates specifically with anATbus,a main
bus commonly employed in personal computers (PCs)
andworkstations. (UNIX is a registered trademark of
UNIX Systems Laboratories, Inc.) The Conversant sys­
tem Intel80386-based systemcontroller uses the AT bus
to transfer dataamong the memory, disks, host interface
cards,a IAN (local area network) card,and the speech
periphery cards illustrated in Figure 1. Communication
with the customer's external host machine normally is
handedbya variety ofcommunications protocol cards
supporting the 3270 SNA™ network, X.25, synchronous
datalinkcontrol (SDLC) , and the asynchronous RS-232
interface. (SNA is a trademark ofIBM.) A IAN connec­
tion to the host is alsopossible.

In installations with morethan oneConversant
system, centralized administration ofmultiple systems
simplifies administration andmaintenance, andcollects
performance reports. The Conversant Voice Manage­
mentSystem (VMS) provides centralized administration
for several Conversant voice information systems. A IAN
interconnects multiple Conversant voice information sys­
tems, the VMS, and sometimes a host.

The systemhardware uses two internal buses:
anATbus anda timedivision multiplex bus (TDM) (Fig­
ure 1).To reducespeechstorageand datatransfer
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54 Figure 1. Hardware architecture of the Conversant voice
information system. The Intel 80386-based system con­
troller uses the AT bus to transfer data among the memory,
disks, host Interface cards, a LAN card, and the speech peri­
phery cards.

requirements, the Conversant systemencodes speechby
usingone ofseveral user-selectable speechcompression
algorithms. Encoded voice prompts and captured speech
are storedon the disk. They are retrieved by the system
controller, and are passedto the speech periphery for
decoding and playback overthe telephone network. The
speechperiphery cards connect with each other and
transportspeechoverthe TDM bus.The TDM bus gives
anycard in the Conversant systembidirectional access
to anyconversation. With the TDM, functionality canbe
spreadamong different cards.Dynamic allocation and
deallocation ofresources-such as speechcoding and
speech recognition-ean occurduringa call.

The speechperiphery cards fora voice response
systemmustperform two tasks:
- They musthandle network signaling protocols to
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interface to the public switched network.
- They mustprocessthe audio signals received over

the telephone channels.
Aset ofcardsforthe Conversant system spansthe net­
work signaling and signal processing tasks.

Analog linesare the simplest way to connect
the Conversant systemto a customer's private-branch
exchange (PBX). Forfull voice response capability ina
small linesizeandat lowcost,a Conversant system
&-channel analog card incorporates boththe functions of
network interface, to a local telephone loop, andsignal
processing functions intoone card. Besides interfacing
to the telephone line, it perform DTMF generation and
detection, speechencoding and decoding; andsimple
call progresstoneclassification (todistinguish a busy
signal from a ring) for intelligent calltransfer.

Adigital interface cardhandles bothT1.5 and
PRJ (primary rate interface) from the network. These
digital interfaces are the mostcommon methods used to
accessAT&T's Megacom" andMultiuuest" telecom­
munications services. InT1.5 mode, this cardsupports
24digital channels, allusingthe dialed numberidentifi-



cation (DNIS). DNIS allows multiple called numbersto ter­
minate within a 24channel trunkgroup. The single data
channel on the PRJ canpass signals-such as network
protocol signals and the caller's telephone number
(automatic numberidentification)-for 23to 47bearer or
conversation channels.

The signal processing (sp) card,which contains
ageneral purpose processorand multiple digital signal
processors (DSPs), performs signal processing tasks, such
asspeechencoding and decoding for largelinesizesys­
tems, public switched network callprogresstone analysis,
and advanced speechtechnology tasks,OneSP provides
48 channels ofspeechcoding and decoding, Additional
SPs canbe installed in a systemfor other features.

To supplement the SP on computationally inten­
sive tasks such as speechrecognition, a nest ofSP com­
panion (src) cards canbe connected to an SP. Designed
for the demanding computing requirements ofmulti­
channel connected word-speech recognition, the SPC pro­
vides 12DSPs per board. A5-board nest ofone SP and
four SPCs can perform 1.5 billion floating point operations
persecond.

Conversant System Software Architecture. Boththe
Conversant voice information andvoice management
systems are based on the UNIX operating system. But
the normal customer or programmer systeminterface
is the powerful ScriptBuilder applications generator.
ScriptBuilder is a simple menu-based toolthat permits
rapid development ofan application script, i.e., the pro­
gramflow that prompts the callerfor input, queriesa
database basedon the input, and handles error condi­
tions, Figure 2 shows a sample ScriptBuilder program
thatanswers a phone, prompts the callerfor input, and
then routesthe call, It displays ScriptBuilder's simplicity,
compactness, and ease ofprogramming,

Within ScriptBuilder, the speechprompts associ­
ated with an application canbe recorded. Also, during
the ScriptBuilder session, the customeror programmer
retrieves 3270 host screens for that application, and by
pointing the cursor and naming the screenfields, defines

Standard Display
start:

1. Answer phone
2. Announce
3. Prompt & Collect
4. Quit

start:
Expanded Display
1. Answer phone
2. Announce

Speak with interrupt
Phrase: "Thanks for calling our company"

3. Prompt & Collect
Prompt

Speak with interrupt
Phrase: "Press 1 for sales"
Phrase: "Press 2 for service"
Phrase: "Press 3 for accounting"
Phrase: "Press 4 to speak with

the operator "
Input

Max number of digits: 01
Checklist

Case: "1"
Speak without interrupt

Phrase: "Please hold for"
Phrase: "sales"

Transfer to 1022
Case: "2"

Speak without interrupt
Phrase: "Please hold for"
Phrase: "service"

Transfer to 1050
Case: "3"

Speak without interrupt
Phrase: "Please hold for"
Phrase: "accounting"

Transfer to 1010
Case: "0"

Speak without interrupt
Phrase: "Please hold for"
Phrase: "the operator"

Transfer to 1000
Case: "Not on list"

Reprompt
Case: "Initial timeout"

Reprompt
Case: "Too few digits"

Reprompt
Case: "No more tries"

Quit
End Prompt & Collect

4. Quit

Figure 2. A ScrlptBuilder script for cail prompting and rout­
ing. The sample program shows answering a phone, prompt­
Ing the cailer for input, and routing the cail.
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Figure 3. AUDIX Voice
Power architecture,
based on the Conver­
sant system platform.
The platform enables
cost-effective imple­
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with the addition of
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boards into the AT&T
6386WGS computer.
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those variables forScriptBuilder. If local database infor­
mation is needed,ScriptBuilder interfaces easily to a
commercially available local database.

Oncethe transaction script is written, it maybe
scheduled foractivation on a particular channel. More
often, the scriptsare assigned to particular incoming
DNIS. Thus, the number the customercalled starts the
transaction.

Anefficient software state machine simultane­
ously operates48distinct scripts. Atanytime, 48incom­
ing callerscanworkwith48separatetransactions. In
addition, anyof500 active scriptscouldbe available for
startupwith the next incoming call.

The Conversant system, whencodedat high
quality 32kilobit (kbit) ADPCM, 4 can be configured with
enoughdisk storage in the voice database foralmost
70hours ofstored speech. All phrases are stored on
discuntil first needed,but mainmemory caching ofthe
most recently spokenphrases minimizes diskI/O
(input!output). Playing promptsand coding on 48simul­
taneouschannels (corresponding to 200 kilobytes per
second [Kb/s] speech I/O) requiresa streamlined and
efficient voice database. The Conversant system

AT&T TECHNICAL JOURNAL • SEPTEMBER/OCTOBER 1990

concatenates speech phrases intoone prompt at run
time. Slight delays within a promptare egregiously obvi­
ous to the listener. Therefore the voice database is care­
fully designed for no delays. Similarly, forvoice capture,
the systemmustaccommodate the coding and disk
storageofincoming speechas it enters the system
becausedelays in resourceavailability or buffer exhaus­
tion result in lost speech.

Voice Mail Applications
The AUDIXand AUDIXVoice Power systems are

rich infeatures that allow voice messagesto be easily
created, sent, or accessed. Auser cancreatea voice mes­
sage and send it to an individual or listofpeople-even
an entireworkgroup or department-by pressingonly a
few buttons. The message can be sent immediately, or
can be scheduled fordelivery up to a year in advance.
Message recipients canbe designated eitherby tele­
phonenumbersor by usingthe letters on the telephone
pad to spell their names. AUDIXwill verify to the sender
that the correctaddress wasinputby responding with
the nameofthe recipient.

The AUDIXsystemsare designed to be



cooperative partnerswith the user's PBX or central office
switching system. Adatalinkbetween AUDIX and the
switching systemprovides a richsignaling mechanism
between them. For example, AUDIX will automatically
answer incoming calls and,basedon information passed
over the datalink, will playa personal greetingappropri­
ateto the circumstance (e.g., busy, on vacation), then
record a message. Whenever messages are deposited in
a subscriber's mailbox, AUDIX will instructthe switching
system to tum on the message-waiting indicator for that
subscriber. AUDIX can tell the switching systemto trans­
fercalls to different destinations. This allows various call
control functions to be implemented. For example, the
automated attendantapplication-a popular feature­
gives a callera verbal menuofoptions for routing a call
(e.g., Press 1 forEngineering, press 2for Accounting). It
thendirectsthe callto the requesteddestination.

Many businessesrequireclosecommunication
among employees, with customers, or with vendors who
are not servedby the samevoice mail system. AUDIX's
digital networking offers voice messaging features that
allow users to communicate with individuals on other
AUDIX systems. These systemscanbe located in the
samebuilding or elsewhere. The samehigh-quality voice
recording and playback, togetherwith a richset of
addressing and message control features, are available to
subscribers, whetherthey are communicating with peo­
plein their office or across the world.

AUDIX Voice Power Architecture. AUDIX Voice Power
architecture is based on the Conversant systemhard­
ware and software platform. This platform provides a
cost-effective implementation forvoice messaging func­
tions with the addition ofone or more IVP-4 (Integrated
Voice Power-4 port) boards into the AT&T 6386WGS
computer shown in Figure3.Each IVP-4 provides tele­
phone interfaces, digital signal processing, andlow-level
control processing forfourvoice mail accessports. An
AUDIX Voice Power systemcanbe configured with up to
3 IVP-4 boardsto allow 12service ports.

AUDIX Voice Power's basisin the UNIX operating
systemandScriptBuilder allows the voice mail applica­
tion to run concurrently with call accounting andother
workstation tasks.This concurrency and multiple appli­
cation feature enablessmaller locations to easily justify
the costofthe processor.

AUDIX Architecture. AUDIX's architecture (Fig-
ure 4) is basedonAT&Ts Definity" System 75 PBX. It
supports 2 to 32portsforvoice access, andup to 470
hours ofvoice storage. Afully configured 32-port system
will serveup to 4,000 users. Larger user populations can
be served by networking two or moremachines with
high speeddigital links.

Three high level CPUS (central processing units)
provide the feature and database control forthe system.
The feature processor (FP) controls AUDIX feature opera­
tion, and supports datacommunications to the switching
systemand to dataterminals usedforadministration and
maintenance. The voice session processor (vsp) controls
the devices (e.g., ports, voice processing, andvoice buff­
ers) that operate onvoice or DTMF signals exchanged with
AUDIX users.The FP andvSP functions are combined in
small systemconfigurations (i.e., less than 16ports). The
database processor (DBP) controls voice anddatastorage
and retrieval in diskmemory anddigital networking
interfaces.

Two primary busses in the system provide com­
munication pathsamong the functional elements ofthe
machine. The timedivision (TD) bus allows flexible inter­
connection ofthe voice portswith the speechprocessing
cardsandvoice buffers. The systembus provides a mul­
tiprocessor control anddatatransfercapability.

Whena call is directed to AUDIX, it terminates at
a voice port, wherethe analog voice signal is digitized. A
path is set up from the voice port to a speechprocessing
port,andfrom there-via the TD bus-to a voice buffer.
The SP portperforms the many complex signal process­
ingfunctions described later. The SP portthen sends the
voice information to the voice buffer, where it is tem-
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porarily stored beforebeingtransferred intothe DBP for
storagein disk memory.

AUDIX Speech Processing Technologie.. Atthe heart
ofthe AUDIX andAUDIX Voice Powersystemsis a speech
processing subsystemthat provides richfunctions to
supportthe voice mail application. The important speech
processing technologies are:
- Digital speechencoding, decoding and compression
- Silence compression
- Speed andvolume control
- Automatic gaincontrol
- Robust DTMF detection.

Encoding, Decoding and Compression. The AUDIX
voice messaging systemis based on voice store-and­
forward processing. That is,voice is digitized, encoded,
stored,and later decoded and played out.To ensure
maximum density ofvoice information recordedon disk
drives, the digitized encodedsignal is compressed to the

lowest rate consistentwithgoodoutputsignal quality
duringplayback decoding. It is essential foreffective
communication that the important nuances ofspeech
(e.g., inflection, tone,and speakeridentification) are
maintained duringthis operation.

The encoding algorithm used byAUDIX and
AUDIX Voice Power is subbandcoding (SBC) operating at
a predetermined digital rate of16Kb/s. SBC is a wave­
form coding technique that takes advantage ofspeech
properties as perceived by the humanear.The inputsig­
nal is digitized, then compressed intothe SBC signal.

Certain regionsofthe signal spectrum havebeen
found to be more important than others whenevaluating
the perceived quality ofencoded and decoded speech.
For example, the lower frequency components ofvowel
soundsare more important than the higher frequency
fricatives. SBC takes advantage ofthis property by more
robustly encoding the spectral components that are
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mostimportant.
In the AUDIX implementation, the speechband is

partitioned intosubbandsby bandpass filters in the
speechprocessing subsystem. Eachsubband is sampled
at its Nyquist rate, then digitally encoded usingadaptive
PCM encoding. The encoding rate foreach subband is
determined by the perceptual criteriaforthat band.
When the signal is reconstructed at playback, eachsub­
bandis decoded and reconstituted. The signals are then
combined to closely replicate the original speechsignal.

Silence Compression. Another AUDIX speechpro­
cessing technique that improves voice information
storage density is silence compression. This technique
takes advantage ofthe silence that existsbetween words
and sentencesin normal speech. During recording,
AUDIX determines whethervoice is presentbyexamining
the short term energyofthe inputsignal. If the energyof
the inputsignal falls below a threshold, the inputis con­
sideredsilence. The periods ofsilence are compressed
into a compact codethat includes the length-of-silence
interval. Forgoodperformance, the threshold is dynami­
cally adjusted as a function ofthe background noise on
the line. Hysteresis is applied to the thresholddecision
to prevent toggling ofthe silence detectorwhenthe
energyofthe speechsignal is closeto the threshold.

During playback, the silence codeis converted
into silence played out for the duration ofthe input
silence interval. This technique provides up to 20percent
better storedvoice density. That is, the speechencoding
rate canbe as low as 13Kb/s.

Speed and Volume Control. Userscancontrol the
speedandvolume ofthe playback signals viaappropriate
DTMF commands to AUDIX. Speed is controlled during
playback simply by increasing or decreasing the silence
intervals between wordsand sentences. This technique
takesadvantage ofthe silence compression algorithm
previously described.

Volume control is alsoimplemented duringplay­
backbychanging the amplitude ofthe decoded signal
before converting it backto analog.

Automatic Gain Control. The subband code, like
mostspeechcoders, works best whenthe inputspeech
amplitude iswithin a certain range. Butbecause calls can
originate from different places andfrom people with dif­
ferentspeechcharacteristics, the amplitude ofincoming
speechcanvarydramatically. To improve performance,
an automatic gaincontrol (AGC) function is used to nor­
malize the amplitude ofthe incoming signals to a stan­
dard level. This function also provides a standard output
level forthe listener. This meansthe volume control
feature needs to be usedless often, therebysimplifying
the user interface to AUDIX.

DTMF Detection. The principal method to send
commands to AUDIX isviathe telephone DTMF tonepad.
This critical control function should operate reliably
under different conditions. DTMF signals that originate
from overseas, or from acoustically coupled DTMF gen­
erators (commonly usedwith dial-pulse telephones to
accessvoice mail systems), often have low amplitudes,
high noise levels, or distorted frequency components of
the dualtone signals.

To operate reliably under these conditions, a
DTMF detectormustbe extremely sensitive and selective
indetecting the control signals. If the detector either is
too sensitive or not selective enough, then normal
speechcanemulate DTMF signals. If this occurs during
recording, the recording function might be terminated.
During playback, analog signals canbe reflected back
intothe DTMF detector, andcauseplayback to cease.

Conclusions
AT&T's historical leadership in providing voice

systems is continuing today. The Conversant voice infor­
mation system, AUDIX, andAUDIX Voice Power Systems
provide flexible, high performance voice processing
applications basedon currentdevelopments in speech
processing technologies.
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