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Though AT&T has broadened its scope toembrace
information signals asvaried as image, audio, data, fac­
simile, and medical diagnostics, voice communications
remain central to theAT&T network. But even the appli­
cations ofvoice are shifting dramatically from the origi­
nal "plain old telephone service" (POTS) into new ser­
vices and capabilities for communication, computation,
and information management. Inparticular, evolving
techniques for human-machine communication byvoice
are opening new market opportunities, and arestimulat­
ing mass deployment ofsophisticated systems thatare
easy touseand thatwill serve society's complex needs.
This paper draws a perspective onthe science ofvoice
processing, and onsome ofAT&T's contributions to the
fundamental understanding. It thendiscusses new appli­
cations thatare now supported bythisunderstanding,
and bythe remarkable advances thatarebeing made in
microelectronics. Finally, it speculates onscientific
advances and the resulting technology expected inthe
coming decade.

Introduction
Voice is a preferred meansfor person-to-person communica­

tion. The acoustic signal conveys a sequence ofaudible sounds­
speech-whose meanings (within cultural groups) have been agreed
upon a priori. This acoustic "code" constitutes language.

Butauditory signals propagate poorly overdistances. And
communications technology wasspawned by the human desireto com­
municate between distant points. Its development was fueled byearly
understanding ofelectrical and acoustical phenomena, andbyefforts to
harness this physics to societal benefit. Significant inventions along the
pathofthis evolution include the telegraph, telephone, electronic
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catedand capable ofserving a greatvariety ofneeds,
ease-of-use for the humanhas become centralto their
massdeployment and acceptance. Because speechis
natural to humancommunication, great interestnow
attachesto giving complex machines the ability to inter­
act conversationally with humanusers, and to represent­
ingspoken information efficiently foreconomical com­
puter storage. This trend has been recognized for
several years.1

Astwentieth centurytechnology has matured,
there has been a tendency for the sciences ofcommuni­
cation, computation and information management to
merge. Today's sophisticated information systems typi­
cally contain elements ofeach.Consequently, there is a
strongdrive toward integrating information modalities
forvoice, image, data, computation andconferencing into
modemsystems (seeBerkley and Flanagan in this issue.)

Technology. The technologies embraced byspeech
processing include speechcoding (orcompression), syn­
thesis, recognition, talkerverification, and audio confer­
encing. The sciences that supportthese technologies are
acoustics, digital signal processing, linguistics, and engi­
neering. Practical implementations dependalmost exclu-

amplification, radio, and-much later-the transistor,
the stored-program digital computer, and fiber-optic
transmission.

Notsurprisingly, then, the earlyfocus in com­
munications wastoward transporting voice signals faith­
fully overdistances. The technologies forcapturing,
representing, conveying, making logical decisions upon,
and reconstituting spokeninformation are traditionally
termed speech processing.

The technical focus in speechprocessing has
shifted andbroadenedovertime. Originally the concept
offacsimile reproduction ofthe acoustic waveform led
to the telephone, where the scientific challenge wasto
extendthe distance oftransmission. Early transatlantic
telegraph cablesspannedgreat distances, but couldnot
supportthe bandwidth requiredfor speech waveform
transmission. Thus, the need for transatlantic voice com­
munication spurred the studyofspeechcompression,
which steered research efforts away from waveform con­
ceptsand toward the fundamental information properties
ofthe speech signal. Workon "vocoders" (voice coders)
wasborn ofthis interest, wherethe objective wasvoice
communication overthe least possible bandwidth. With
the adventoftransatlantic radio, with its relatively
greater bandwidth, the emphasis changedagain, and
becamedirected less toward transmission economy and
more toward encryption for privacy.

Thoughunderseaelectronic amplifiers made
transatlantic telephone cablespossible, the expenseof
such circuits returned the focus in speech processing to
efficient use ofbandwidth. The technology ofTASI (time
assignment speech interpolation) utilized the silentinter­
vals in two-way conversation for a threefold increasein
cable capacity. This technique exploits the statistics of
speechenergybursts across a groupofcommunication
channels (originally 36in the transatlantic cable).

Bandwidth efficiency forcableand radio remained
a driving interest in speech processing until the advent of
computers and digital information systems. Ascomput­
ers and information systemshavebecome more sophisti-
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Figure 1. Qualitative
representation of pro­
gress in speech sig­
nal compression (or
low bit-rate coding)
over recent years.
Current challenges
center on algorithms
that provide high­
quality speech coding
at low transmission
rates.
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sively on the enormous advances in microelectronics.
Speech Coding. In the strict digital sense, speech

coding originated with pulsecode modulation (PCM).
This digital representation-through Nyquist sampling
andbinaryquantization-clings to the original telephone
concept ofpreserving the acoustic waveform. There is lit­
tle in the technique that is signalspecific exceptband­
width and dynamic range. Its great advantage overana­
log transmission is noise-free signal regeneration and the
opportunity for digital encryption. The technique has
servedin telephone tolltransmission for many years at
the well-known 64kilobits per second (kb/s) rate.

To gaingreater efficiency, adaptive differential
PCM (orADPCM) uses characteristic correlation between
timesamples ofthe speech waveform (hence its short­
timepredictability) to code speechwith high quality at
32kb/s. This technique has been serving in the commer­
cial telephone plantfor overfive years.Because it is
slightly speechspecific, voice-band datais automatically
detectedand treated specially by a fixed quantization.2
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Coding methodsfor lower transmission bit-rates
departfurther from the conceptofwaveform preserva­
tion, and apply the perceptually adequate criterion of
preserving the short-time amplitude spectrum. Unneces­
saryphase information is discarded in the processto
achieve increased efficiency. Coding speechin contigu­
ous subbandsofthe spectrum, and dynamic bit assign­
mentaccording to the perceptibility ofquantizing noise
in the different frequency ranges,led to the concept of
subbandcoding (SBC) for 16kb/s. ' This technique was
key in providing at an earlytimethe storageeconomy
necessary for the successful deployment ofAT&Ts
AUDIX voice mail system.' New algorithms now under
development aimto increasestillfurther the quality of
this service.

Linear prediction (LP) technologies invarious
forms [suchas LPcoefficient vocoders (LPC) , multipulse
LPC (MP-LPC), and code-excited LP (CELP)] address
good-quality coding in the transmission range 16to 2
kb/s. Examples ofcurrent applications include digital



cellular radio and encryption for government communi­
cations. The technical challenge remainsgaining the
highest possible quality for the lowestpossible bit-rate
and hardwarecost. Figure 1 illustrates the status of
speechcodingand the quality improvements realized
overrecent time.! Iayant, Lawrence, and Prezasin this
issue offer a comprehensive discussion ofcurrent issues
in speech and audio coding.

Speech Synthesis. In its most rudimentary form,
speech synthesis-providing voice answerback for
machines-is achieved byconcatenation ofhuman spo­
ken, digitally-stored wordsand phrases. Extensive appli­
cation ofthis technology - usually employing digital
coding for efficient storage-has been made in the form
ofannouncement machines. Atypical example is the
AT&T 14AAnnouncement System, which uses 9.6kb/s
MP-LPC codingto producetelephone interceptmessages,
coin-box announcements and voice prompts." These sys­
tems givegoodspeech quality at low hardwarecost,but
messageversatility is limited in that onlythose human­
spokenwordsand phrases that havebeen compressed
and digitally stored can be used to assemblemessages.
Costofstorage limitsvocabulary size,and lack ofpro­
sodicand contextual control limits contextual natural­
ness. Nevertheless, manythousandsofannouncement
systemsare in use todayfor tasks that do not require
largevocabularies. Arelatedand remarkable application
ofsynthesisfromlow bit-rate stored parameters is the
customVlSI implementation ofan LPC synthesizerof­
feredearlierbyTexas Instrumentsin its "Speak and
Spell"TM toy.

Synthesis directly from unrestrictedtext aims
for the ultimate versatility. The challenge is to achieve
naturalquality, while maintaining economies in the rela­
tively complex hardwarethat is required. The ingredi­
ents typically include:
- Agrapheme-to-phoneme (orphonetic) transforma­

tion, typically accomplished withthe aid ofa
stored pronouncing dictionary and programmed
letter-to-sound rules

- Asyntactic (andeventually semantic) analysis to com­
pute prosodic features ofsoundpitch, intensity, and
duration

- Amethodforgeneratingand interpolating (i.e.,
smoothing) the soundsequence. In an AT&T imple­
mentation, this is achieved from a stored library com­
posedoffractions ofsyllables that are digitally coded
as linear-prediction parameters.

The AT&T systemruns on an 80386 computerwith a sin­
gle digital signalprocessor (DSP) chipas the synthesizer. 7

Synthesis quality is high in intelligibility, but machine­
like in naturalness. Asimilar systemis Dec'Ialk'", trade­
markedand marketedby Digital Equipment Corporation
and based uponresearch fromthe Massachusetts Insti­
tute ofTechnology.

AsHirschberget al. in this issue show, the
research frontier in text synthesis is in achieving human­
likequality, varied voices, dialects and languages, and ulti­
mately, in understanding the exquisite detail neededto
duplicate the voice characteristics ofan individual.

Speech and Speaker Recognition. The technology
ofautomatic speech recognition has advanced explo­
sively in the last several years becauseofnewunder­
standingin modeling speech soundsequences, charac­
terization oflarge talker populations, and computation
techniques for dealing withnaturally connected words."
The progress has thereforebeen from earlysystemsfor
speaker-trained template recognition ofa few tens ofiso­
latedwords (suchas that used in the AT&T Liberty voice
repertorydialerfor cellular telephones) to emergingsys­
tems that are speaker independent andcapable ofdeal­
ing with connected speech in interactive conversation
(including the use of"word-spotting" to dealwith the
inadvertent utteranceshumanstypically makewhentalk­
ing with a machine). For high reliability, these systems
are still limited to relatively small vocabularies (hundreds
ofwords), but can readily serve large user populations.
They alsotypically use finite state grammarsthat are
designed for specific tasks. Speechinputis thereforeres­
tricted to sentenceconstructions permitted in this
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Figure 2. Through
standardizing digital
formats, AT&T's AUDIX

system for voice mes­
saging Interfaces with
a wide variety of
telecommunications
servers. Included are
private branch
exchanges (PBXs)
such as AT&T's
Deflnlty® System 85
and System 75. Net­
work connectivity is
supported by central
switches such as the
1A, ESS™ and 5ESS®
switches.
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AUDIX-
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delimited sub-setofnaturallanguage.
Research is nowaddressingvocabularies greater

than 1,000 words, based on recognition unitsofsubword
length. Statistically-based subword modelsuse hidden
Markov techniquesto estimatespokenwordsequences.
Improved modelsoflanguage will aid the task by quanti­
fying syntax, semantics and possibly evenpragmatics;
and by admitting inputspeech more representative of
naturallanguage. Substantial advances in economic high­
speed computation will be needed to supportlarge­
vocabulary systemsand naturallanguage input. These
advances can realistically be expected overthe next
decade. Wilpon et al. in this issue review current capabili­
ties and the outlook for continued progress.

Talker recognition is closely relatedto speech
recognition. Butwhereas speaker-independent speech
recognition tries to ignoreindividual distinguishing char­
acteristics, talker recognition systemsmeasure these
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attributes to determinespeaker identity. An important
modeoftalker recognition is talker verification, where
a user wanting access to privileged data or restricted
premisesis required to makean identity claim. The
machine must then authenticate the claim by measure­
ments on the voice signaland comparison to previously
obtained patterns.Current techniquesuse cepstralpat­
terns to characterize talkers. They achieve accuracies in
the high gO-percent range,nominally independent of
user population size." Experimental AT&T systemsare
now supported on a singleDSP32C chip.

Teleconferencing. New understanding in acous­
tics, inexpensive electret transducersand sophisticated
microelectronics combine to supportautodirective
speech-seeking beam-forming microphone arraysfor
hands-free audio conferencing. The benefitis high­
quality soundpickup for large-group conferencing. Using
multiple beam-forming and track-while-scan algorithms,
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the systemscan dynamically locateand lockontoactive
talkers to obtaina high quality signalin the presence of
reverberation and noise." Speechprocessingalgorithms
fordistinguishing continuous speech frominterfering
noisepermit the systems to pointto and follow talkers as
they move about the conference room.

Business
Until recently, commercial applications ofspeech

processinghave been largelyinvoice response,voice
mail and transmission. Voice response and voice messag­
ing (mail) systems use speech compression, or lowbit­
rate coding, for economic storage and high-quality read­
out.For example, AT&TsAUDIX. systemforvoice mail
uses 16kb/s for its storage.This system has great versa­
tility and interfaces witha great variety ofcommunication
servers! see Figure 2).

The domestic market forvoice processingequip­
ment (exclusive oftransmission) is presentlyestimated

to exceed$1billion per year, and is growing at about30
percent per year.This growth is due to the increasing
ability oftoday'ssystemsto successfully meet customers'
business needs. Basedon 1989 revenue, AT&T is a lead­
ing provider ofvoice processingequipment. The AUDIX.
and AUDIX. Voice Powerproductshaveattained a 13per­
cent market share in the voice messagingsegment (Fig­
ure 3a) and the Conversant" Voice Information System
producthas attained a 13percent market share and the
leadershipposition in the voice response segment (Fig­
ure 3b).The Conversant voice information systemis
based on an AT&T 6386 computerwithmultiple DSP32
signalprocessors that permitextensionsto about 1.5
gigaflops oftotalprocessingpower. The productincludes
telephoneinterface, Touch-Tone decoding, voice
response and mailfeatures.

Figure 4 depictsthe Conversant" voice informa­
tion systemhardwarearchitecture. The signalprocessor
(sp) board containsa Motorola 68020 controller and two
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8 Figure 4. Architecture diagram for the conversant" voice
information system hardware.

DSP32C's for a totalof60megaflops ofcomputing
power. The signalprocessorcompanion (src) board con­
tains 12DSP32C's and 4 mbytesofmemory for a totalof
300 megaflops ofcomputing power. Upto 4 companion
boards can be attachedto a singleSP board.One SP and 4
SPCs can be combined to perform 24channelsofspeaker
independent, connected digitspeech recognition at
economical per-channel cost.

The technologies ofspeech recognition and
speakerverification are now emergingfromthe research
laboratory in robust, practical forms. Their reliability and
capability havebeen established through newresearch
on speaker independence and techniquesfor recognizing
keywordsin a surround ofextraneousspeech.These
technologies, though computationally demanding, are
economically supported by recent advances in micropro­
cessors, such as those used in the Conversant voice
information systemequipment. Consequently, a number
ofsignificant newbusiness applications for speech recog­
nition and speakerverification are rapidly developing.
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In addition to its applications in voice response
and voice messaging, lowbit-rate coding alsohas impor­
tant applications in transmission. These applications have
largely been focused on private line, experimental digital
cellular telephone, specialized secure communications,
and experimental wideband audio storageand transmis­
sion. Withthe adventof ISDN (Integrated Services Digital
Network) and end-to-end public-switched digital connec­
tivity, low bit-rate coding will provide a variety ofnewser­
vicesforvoice and audio information, including mobile
wireless personal communication. Standards organiza­
tions-especially international groups-are currently
active in allthese areas.Aswithfacsimile, standardiza­
tion-along withease ofuse and utility-will stimulate
mass deployment ofspeech processing forboth messag­
ing and transmission. In this issue,Fischell et al., Verma
et al., and Berkley and Flanagan discussa numberof
these emergingapplications.

The Future
Our projections for the future are based on

several beliefs:
- Speechis a preferredmeansforhuman-machine
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communication.
- Pervasive switched digital connectivity (first in the

form ofbasic-rate ISDN, and later as broader-band ser­
vices) will permitimmediate, ubiquitous accessto
communications, computation, and information.

- Personal (and personalized) information systemswill
become common, usingintegrated modalities for
voice, image, data, and hands-free conferencing.

- Ease ofuse, low cost,and utility are crucial to mass
deployment and acceptance ofnewsystemsand ser­
vices.

- Digital signalprocessorswill continue to expand in
capability and will supportspeech-processing algo­
rithmsofenormous complexity. 11

Ourpresent office and home communications
environments comprise telephones, speakerphones, per­
sonal computers (PCs) , terminals, modems, TVs with
cable, videocasette recorders (VCRs) and compact disc
(CD) stereos. In the future these functions will be sub­
sumed inworkstations with optical stores, digital switched
networking, and integrated capabilities forvoice, image,

Figure 5. Generic use of speech recognition and text syn­
thesis for task-specific applications. Speech recognizers typ­
Ically operate with connected-word, speaker Independent
input using a vocabulary size of several hundred words, and
a finite-state grammar and stored semantic rules that ade­
quately span the specific task application. The expert sys­
tem may be a database of great variety (ranging from airline
flight information through the work-space model for a robot).
Text synthesis permits great versatility for the machine to
report Its actions and conduct conversational exchanges
with the human user.

audio, video, fax, data, graphics, and natural language
communication. Spatial realism in sightand soundwill
be supported, as will terminal sensors that aid the human
user in information captureand display, andprovide
hands-free operation.

In the coming era, as in the past, investing in
superiorknowledge will be goodbusiness. Butthe in­
vestmentwill be goodbusinessonly if the knowledge is
used expeditiously.
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Fundamental understanding in coding ofinforma­
tionsignals, along witheconomic microelectronics, will
provide high-quality speech,wideband audio, andimage
overcommonplace digital capacities such as ISDN (see
Berkley and Flanagan's paperon HuMaNet in this issue).

Conversational interaction with machines and
computers-with naturalconnected speech,speaker
independence, and high reliability-willfor the foresee­
abletimeremain restrictedto task-specific applications
(Figure 5).This implies wordvocabularies in the order
ofseveral hundred,with models ofgrammarthat are res­
trictedfinite-state subsets ofnatural language. Neverthe­
less, the astute user whounderstandsand accepts the
machine's non-human limitations will find the informa­
tionsystemremarkably useful. Voice responsethrough
synthesis from unrestricted text completes the conversa­
tional capability. The challenge in the latterarena is to
achieve natural quality as well as high intelligibility.
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Vocabulary sizesforspeechrecognition will
increase through research on sub-word units. Systems
with vocabularies in excessof1,000 words are already
runningin the laboratory, and the long-range goalof
vocabularies exceeding 10,000 words seemsrealistic.
Language models that spangreater subsets ofEnglish
are crucial to continued advances, and this work will

Figure 7. Concept of a computer-based speech mimic. (a)
The mimic attempts to duplicate the natural speech signal
through moment-by-moment adjustment of its control param­
eters. The parametric domain, in the most ambitious form,
may be discrete text or phonetic Characters, and in a con­
tinuous form, articulatory vocal-tract shape controls or spec­
tral coefficients. (b) The sound spectrogram shows the com­
puter mimic duplication of the input phrase Why were you
away a year, Roy? Computation time Is about 1,000 times
real time on a parallel processor.
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benefit from statisticalanalyses ofgrammaticalcon­
straints, and from automated parsers. Context-free gram­
mars that permit unrestricted natural speech input are
being advancedin the laboratory. But clearly, the most
successfulnear-term applications of speech-interactive
systems are expected to be in task-specific applications
where users are willing to accept the limitations of the
machine to obtain its assistance.

Practical implementation of speech technologies
depends on digitalsignal processing.The future contin­
ues to look encouraging, and the economiesand capabil­
ities of single-chip signalprocessors will continue to
expand (Figure 6). Feature reductions to OA/l (micron)
are expected to providedensities exceeding 10million
components,and single-chip processors capableof a bil­
lion instructions per second appear possiblewithina
decade. Practicaland economicimplementation of large­
vocabulary recognitionsystems, with natural models of
language,will depend directlyon this computational
progress.

An intriguingpossibility for the future-as funda­
mental understanding in speech processing advances-is
that the individual problems of recognition, synthesis
and coding maycoalesce,and be solvedtogether. Such
is the goal of one ambitiousAT&T study on a computer­
implementedvoice"mimic"12,13 (Figure 7).The parame­
ters of a synthesizer are adjusted moment by moment to
duplicate a natural input signal. The synthesizer models
the physics of sound generation by the vocalcords,
sound propagation and radiationby the vocaltract, and
the dynamicsof articulatorymotion. 14• Gradient-elimbing
algorithms,with perceptualweightingfactors, attempt to
minimize the difference between the speech generated
by the synthetic mimic and the input natural speech sig­
nal.The adaptive parameter adjustmentfor the mimic
can be attempted in several domains: text symbols,
phonetic symbols, articulatory parameters, or short-time
spectrum coefficients. The first twoare discrete, the
latter twoare continuous. The first domain-using con­
ventionaltext to make the adjustment-represents the
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ultimatesolution, literally providing a "voice typewriter."
Simultaneously implied is the solutionof speech coding
with the greatest possibleefficiency (i.e., representing
the signalby the discrete printed equivalent of the infor­
mation), as wellas achieving speech synthesis from
printed text withcompletely natural quality.

In fundamental laboratoryexperiments at pre­
sent, the mimicalgorithmcan in factfollow arbitrary
natural speech input. Adapting continuousarticulatory
parameters providesthe most favorable result, but exper­
iments are extending to the discrete text domain. A
sobering aspect, that may serve to dampenpremature
expectations, is that the mimic algorithmrequires about
1,000 times real time to run on an Alliant FX-80 parallel
processor.

Though this huge amount of computation is
presently impractical for real-time implementation, the
fundamental understanding that is being accumulated
may one day lead to a coalescedsolutionfor speech
recognition, synthesis, and coding: a solutionin which
single-chip gigaflop processors are needed and used
in profusion.

Conclusion
The science of speech processing developed ini­

tially from incentives in transmissioneconomy. These
incentives remain strong, as witnessed by the current
activity in speech codingfor cellularradioand secure
communication. But digital technologyopened newpos­
sibilities for information systems and computers to serve
humans in a varietyof complextasks. Ease-of-use of such
systems is a majorfactor in their utility and acceptance.
Because speech is the human's preferred means for com­
munication, the purview of speech processing has broad­
ened to these applications. Efficient storage and access
ofvoiceinformation (forvoiceresponse and voice mail)
continues to depend upon understanding in lowbit-rate
coding. But the new dimensionsembrace human­
machinecommunication by conversational interaction,
and the technologiesofautomaticspeech recognition



andsynthesis supportthese capabilities.
Asa business, speechprocessing has madeits

first impacts in transmission and storage. Numerous pro­
ducts existforvoice announcement, voice mail.corn­
pressed and securetransmission. Butpractical and reli­
able technology for speechrecognition and synthesis,
built upon research ofthe pastdecade, is now emerging
for broaddeployment. Throughoutthis development, the
catalyst has been microelectronics and the availability of
low-cost computation. The nextdecade will therefore see
the rapid growth, use, and acceptance ofsophisticated
voice-interactive systems. Applications will range
through complex businesssystems, telecommunication,
consumer andhomeproducts. The nextdecade won't
quite bringus to the world of2001, and HAL, its fluent
conversational computer.P but wewill move noticeably
towards this capability.
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